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extpgmrscle - External programme right channel scale factor exists- 1 bit.......ccccccvveevvevivecvcieenene, 131
extpgmrscl - External programme right channel scale factor - 4 bits..........cccceveevecce i, 131
extpgmlsscle - External programme left surround channel scale factor exists- 1 bit ........cccccoeevenies 131
extpgmlsscl - External programme left surround channel scale factor - 4 bits........cccccoecvvcvveeneenen, 131
extpgmrsscle - External programme right surround channel scale factor exists - 1 bit..........ccccc...... 132
extpgmrsscl - External programme right surround channel scale factor - 4 bitS........cccccveceeeeieeiens 132
extpgmifescle - External programme LFE channel scale factor exists- 1 bit........ccoeveeveeieennnnne 132
extpgmifescl - External programme LFE channel scale factor - 4 bitS ... 132
dmixscle - External programme downmix scale factor existS - L hit .....ccoooveeiiieinenencrcese s 132
dmixscl - External programme downmix scale factor - 4 DitS.........cooeoeereieieninereeese e 132
addche - Scale factors for additional external programme channels exist - 1 bit........cc.cccvenerennne, 132
extpgmauxlscle - External programme first auxiliary channel scale factor exists - 1 hit ................... 132
extpgmauxlscl - External programme first auxiliary channel scale factor - 4 bitS..........cccveevvvvenens 133
extpgmaux2scle - External programme second auxiliary channel scale factor exists - 1 bit .............. 133
extpgmaux2scl - External programme second auxiliary channel scale factor - 4 bits..........cccccoeeee.e. 133
mixdata3e - Mixing parameters for speech processing exist - 1 bit.......ccccceevvveevrcinicnvie v 133
spchdat - Speech enhancement processing data - 5 hitS.......cccevveeeievie s 133
addspchdate - Additional speech enhancement processing data exists- 1 bit.........cccovveeviincneene. 133
spchdatl - Additional speech enhancement processing data - 5 DitS........coeeeiriinncinncrien, 133
spchanlatt - Speech enhancement processing attenuation data - 2 bitS........ccoceeeveeeieienenene v 133
addspchdatle - Additional speech enhancement processing data exists- 1 bit.........ccoceeevervienenenens 133
spchdat2 - Additional speech enhancement processing data - 5 DitS........coeeeiriinncinncie, 134
spchan2att - Speech enhancement processing attenuation data - 3 bitS........ccocvveveeeiereninenie i 134
mixdatafill - Mixdatafield fill DitS- 010 7 DIS......cceiiiiieiere e 134
paninfoe - Pan information eXistS - L Dit........ccveiviiice e 134
panmean - Pan mean direCtion indeX - 8 DS ........cccvvieiieiiiie e e 134
PaNiNfO - FESEIVED - B DITS......oicieeeceecee e e 134
paninfo2e - Pan information eXistS- 1 Dit.......ccoccviieiieiice e 134
panmean2 - Pan mean direction index - 8 DItS ........ccccviieiie i 134
PANINFO2 - TESEIVEA - B DITS......eiuiieeicieieete e bbb bbb 134
frmmixcfginfoe - Frame mixing configuration information existS- L Dit.......c.cccecveneineneccncneenn 134
blkmixcfginfoe - Block mixing configuration information exists - 1 bit ........cccoceerinennenenncnieenn 134
blkmixcfginfo[blk] - Block mixing configuration information - 5 bitS.........cccoceveininenneneincee 135
infomdate - Informational metadata EXistS - 1 bit.........cocoiiiieiiieieree e 135
sourcefscod - Source sample rate Code - L Dit.......cvccvveii e 135
convsync - Converter synchronization flag - 1 Dit .......c.cccvvvviieiieneesee e 135
blkid - BIOCK identifiCation = L Dit........cccueiieiiirieise e sttt st 135
AU = AUAIO TTAIMIE ...t et b e bbbt et e e st e e e e e st e sbesaeene e e enbennen 135
expstre - Exponent strategy syntax enabled - L Dit..........ccooveiiiiicciciececes e 135
ahte - Adaptive hybrid transform enabled - L Dit .........ccooeiieii e 135
snroffststr - SNR offset Strategy - 2 DItS.......oviiiiiiice s 135
transproce - Transient pre-noise processing enabled - 1 Dit ..o 136
blkswe - Block switch syntax enabled - 1 Dit........ccoooiiiiiii e 136
dithflage - Dither flag syntax enabled - L Dit..........ccoiiiiiiieiiee e 136
bamode - Bit allocation model syntax enabled - L1 Dit........c.ooviiiiiiieii 136
frmfgaincode - Fast gain codes enabled - L Dit.........oooiiiiiiiinic e 136
dbaflde - Deltabit allocation syntax enabled - L Dit.........ccoccveiiiieciccece e 136
skipflde - Skip field syntax enabled - L Dit........cccooieieicece e 136
spxattene - Spectral extension attenuation enabled - L Dit.........ccoocviceieeie e 136
frmeplexpstr - Frame based coupling exponent strategy - 5 DitS.......ccocevvevie e, 136
frmchexpstr[ch] - Frame based channel exponent strategy - 5 DitS......cccocovvveicervceeve e, 136
convexpstre - Converter exponent strategy existS- L Dit......c.cocvecveeiiiiciesesee e e 137
convexpstr[ch] - Converter channel exponent strategy - 5 DitS.......cooeoeiriiiinenereree s 137
cplahtinu - Coupling channel AHT iNUSE - 1 DIt .....ccoviiiiieiie e 137
chahtinu[ch] - Channel AHT iNUSE - L DIt ....ccoiiiiiiieee e 137
[feahtinu - LFE channel AHT iNUSE - L Dit...ciiiiieeeesee e 137
frmesnroffst - Frame coarse SNR Offsat - 6 DitS........cooiiiiiiiie e 138
frmfsnroffst - Frame fine SNR OffSet - 4 DitS.....coeiiiee s 138
chintransproc|ch] - Channel in transient pre-noise processing - 1 bit........cccccoveovvie v, 138
transprocloc[ch] - Transient location relative to start of frame - 10 bitS.......cccccevevevvevv e, 138
transproclen[ch] - Transient processing length - 8 DitS........ccvvvecieciccie s, 138
chinspxatten[ch] - Channel in spectral extension attenuation processing - 1 bit........cccccveevveervennns 138
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E.1.3.2.25 spxattencod[ch] - Spectral extension attenuation code - 5 hitS........ccccevveiiicevceeveere e 138
E.1.3.2.26 blkstrtinfoe - Block start information existS- L1 Dit ..o 138
E.1.3.2.27 blkstrtinfo - Block start information - NBIKSIIDItS ..o 138
E.1.3.2.28 firstspxcog ch] - First spectral extension coordinates states- 1 bit.......ccocveveeivccvcciesicceee e, 139
E.1.3.2.29 firstcplcos[ch] - First coupling coordinates StatesS - 1 Dit.........cccvecereeiee i 139
E.1.3.2.30 firstcplleak - First coupling l€ak state - L Dit.......ccccveeiiiecieeee e 139
E.1.33 E= T80 011 QAN 8 [ o o o o G PSSR 139
E.1.33.1 spxstre - Spectral extension strategy eXistS- L Dit........oceiiiiiirinee 139
E.1.33.2 SpPXiNU - Spectral extension INUSE - 1 Dit.......cciriiiriiee s 139
E.1.3.3.3 chingpx[ch] - Channel using spectral extension - L Dit..........ccoiieiiiniiiieee 139
E.1.3.34 spxstrtf - Spectral extension start copy frequency code - 2 DitS........cocevireienirnenercereeeeee 139
E.1.3.35 spxbegf - Spectral extension begin frequency code - 3 DItS......cccvevircevie i 139
E.1.3.36 spxendf - Spectral extension end frequency code - 3 DItS.......cccevieiiiice v 140
E.1.3.3.7 spxbndstrce - Spectral extension band structure exist - L hit ......ccveveeeevie e v, 140
E.1.3.3.8 spxbndstrc[bnd] - Spectral extension band structure - 1 bit to 14 bitS.......cccovceevvevv e 140
E.1.3.3.9 spxcoe[ch] - Spectral extension coordinates eXist - L Dit .......cccceveeieeiieiie s 140
E.1.3.3.10 spxblnd[ch] - Spectral extension blend - 5 hItS........ccveieice e 140
E.1.33.11 mstrspxco[ch] - Master spectral extension coordinate - 2 DitS........ocoveierireieneneieserec e 141
E.1.33.12 spxcoexp[ch][bnd] - Spectral extension coordinate exponent - 4 bitS..........cccvererrinineieneneeneeees 141
E.1.3.3.13 spxcomant[ch][bnd] - Spectral extension coordinate mantissa - 2 bitS..........ccoeeveneinineinineenen 141
E.1.33.14 ecplinu - Enhanced coupling in USE - L Dt .......coiiiiiiiiiieeereene e 141
E.1.3.3.15 cplbndstrce - Coupling banding structure eXist - L Dit.........ccceiiiiineieeneeereee e 141
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H.3.1.3.6 loudcorrtyp - Type of loudness correction applied to programme - L Bit........cocooevrenennenennienen 212
H.3.1.3.7 loudrelgate - Relative gated loudness data (ITU) existS- 1 Dit .....ccovveieriieineneeeceee e 212
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Intellectual Property Rights

Essential patents
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pertaining to these essential IPRs, if any, is publicly available for ETSI membersand non-members, and can be found
in ETSI SR 000 314: "Intellectual Property Rights (IPRs); Essential, or potentially Essential, IPRs notified to ETS in
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Pursuant to the ETSI IPR Palicy, no investigation, including IPR searches, has been carried out by ETSI. No guarantee
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server) which are, or may be, or may become, essential to the present document.

Trademarks

The present document may include trademarks and/or tradenames which are asserted and/or registered by their owners.
ETSI claims no ownership of these except for any which are indicated as being the property of ETSI, and conveys no
right to use or reproduce any trademark and/or tradename. Mention of those trademarks in the present document does
not congtitute an endorsement by ETSI of products, services or organizations associated with those trademarks.

Foreword

This Technical Specification (TS) has been produced by Joint Technical Committee (JTC) Broadcast of the European
Broadcasting Union (EBU), Comité Européen de Normalisation EL ECtrotechnique (CENELEC) and the European
Telecommunications Standards Ingtitute (ETSI).

NOTE: The EBU/ETSI JTC Broadcast was established in 1990 to co-ordinate the drafting of standardsin the
specific field of broadcasting and related fields. Since 1995 the JTC Broadcast became atripartite body
by including in the Memorandum of Understanding also CENELEC, which isresponsible for the
standardization of radio and television receivers. The EBU is a professional association of broadcasting
organizations whose work includes the co-ordination of its members' activities in the technical, legd,
programme-making and programme-exchange domains. The EBU has active members in about
60 countries in the European broadcasting area; its headquartersisin Geneva.

European Broadcasting Union

CH-1218 GRAND SACONNEX (Geneva)
Switzerland

Tel: +41227172111

Fax: +4122717 2481

Modal verbs terminology

In the present document "shall", "shall not", "should", "should not", "may", "need not", "will", "will not", "can" and
"cannot" areto beinterpreted as described in clause 3.2 of the ETS| Drafting Rules (Verba forms for the expression of
provisions).

"must” and "must not" are NOT allowed in ETSI deliverables except when used in direct citation.
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Introduction

Motivation

In order to more efficiently broadcast or record audio signals, the amount of information required to represent the audio
signals may be reduced. In the case of digital audio signals, the amount of digital information needed to accurately
reproduce the original Pulse Code Modulation (PCM) samples may be reduced by applying adigital compression
algorithm, resulting in adigitally compressed representation of the original signal (the term compression used in this
context means the compression of the amount of digital information which is stored or recorded, and not the
compression of dynamic range of the audio signal). The goal of the digital compression algorithm isto produce a digital
representation of an audio signal which, when decoded and reproduced, sounds the same as the original signal, while
using a minimum of digital information (bit rate) for the compressed (or encoded) representation. The AC-3 digital
compression algorithm specified in the present document can encode from 1 to 5.1 channels of source audio from a
PCM representation into a serial bit stream at data rates ranging from 32 kbit/s to 640 kbit/s. The".1" channel refersto a
fractional bandwidth channel intended to convey only low frequency effect signals.

A typica application of the algorithm is shown in figure 0.1. In this example, a 5.1-channel audio programmeis
converted from a PCM representation requiring more than 5 Mbit/s (6 channels x 48 kHz x 18 bits = 5,184 Mbit/s) into
a 384 kbit/s seria bit stream by the AC-3 encoder. Satellite transmission equipment converts this bit stream to an RF
transmission which is directed to a satellite transponder. The amount of bandwidth and power required by the
transmission has been reduced by more than a factor of 13 by the AC-3 digital compression. The signal received from
the satellite is demodul ated back into the 384 kbit/s serial bit stream, and decoded by the AC-3 decoder. Theresult is
the original 5.1-channel audio programme.

Transmission

Input Audio
Signals
Left —»f
Encoded
Center —» Bit-Stream Modulated
Right — AC-3 Encod 384 kbls Transmission Signal
Left Surround — -5 Encoder - Equipment o
Right Surround —»|
Low Frequency
Effects Satellite Dish
Reception .
Output Audio
Signals
> Left
Encoded
Modulated Bit-Stream > Center
Signal Reception 384 kb/s » Right
Equip?nent > AC-3 Decoder » Left Surround
» Right Surround
. » Low Frequency
Satellite Dish Effects

Figure 0.1: Example application of AC-3 to satellite audio transmission

Digital compression of audio is useful wherever there is an economic benefit to be obtained by reducing the amount

of digital information required to represent the audio. Typical applications are in satellite or terrestrial audio
broadcasting, delivery of audio over metallic or optical cables, or storage of audio on magnetic, optical, semiconductor,
or other storage media.
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Encoding

The AC-3 encoder accepts PCM audio and produces an encoded bit stream consistent with the present document. The
specifics of the audio encoding process are not normative requirements of the present document. The encoder produces
a hit stream matching the syntax described in clause 4, which, when decoded according to clauses 5 and 6, produces
audio of sufficient quality for the intended application. Clause 7 contains information on the encoding process. The
encoding processis briefly described below.

The AC-3 agorithm achieves high coding gain (the ratio of the input bit rate to the output bit rate) by coarsely
guantizing a frequency domain representation of the audio signal. A block diagram of this processis shown in

figure 0.2. The first step in the encoding process isto transform the representation of audio from a sequence of PCM
time samplesinto a sequence of blocks of frequency coefficients. Thisisdonein the analysis filter bank. Overlapping
blocks of 512 time samples are multiplied by a time window and transformed into the frequency domain. Due to the
overlapping blocks, each PCM input sample is represented in two sequential transformed blocks. The frequency domain
representation may then be decimated by a factor of two so that each block contains 256 frequency coefficients. The
individual frequency coefficients are represented in binary exponential notation as a binary exponent and a mantissa.
The set of exponentsis encoded into a coarse representation of the signal spectrum which isreferred to as the spectral
envelope. This spectral envelope is used by the core bit allocation routine which determines how many bits to use to
encode each individual mantissa. The spectral envelope and the coarsely quantized mantissas for 6 audio blocks

(1 536 audio samples) are formatted into an AC-3 syncframe. The AC-3 bit stream is a sequence of AC-3 syncframes.

Spectral
Envelope
Encoding

Exponents

PCM Time
Samples

Analysis Filter
Bank

Bit Allocation

Mantissas

Mantissa Bit Allocation Information
Quantization

Quantized Encoded
Mantissas Spectral
Envelope

Encoded AC-3

AC-3 Frame Formatting Bit-Stream

Figure 0.2: The AC-3 encoder

The actual AC-3 encoder is more complex than indicated in figure 0.2. The following functions not shown above are
also included:

. a syncframe header is attached which contains information (bit rate, sample rate, number of encoded channels,
etc.) reguired to synchronize to and decode the encoded bit stream;

. error detection codes are inserted in order to allow the decoder to verify that a received syncframe of datais
error free;

e theanaysisfilter bank spectral resolution may be dynamically altered so asto better match the time/frequency
characteristic of each audio block;

e  the spectral envelope may be encoded with variable time/frequency resolution;

. amore complex bit allocation may be performed, and parameters of the core bit allocation routine modified so
as to produce a more optimum bit allocation;

e thechannels may be coupled together at high frequencies in order to achieve higher coding gain for operation
at lower bit rates;
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. in the two-channel mode a rematrixing process may be selectively performed in order to provide additional
coding gain, and to allow improved results to be obtained in the event that the two-channel signal is decoded

with a matrix surround decoder.

Decoding

The decoding processis basically the inverse of the encoding process. The decoder, shown in figure 0.3, synchronizes
to the encoded bit stream, checks for errors, and de-formats the various types of data such as the encoded spectral

envel ope and the quantized mantissas. The bit allocation routine is run and the results used to unpack and de-quantize
the mantissas. The spectral envelope is decoded to produce the exponents. The exponents and mantissas are transformed
back into the time domain to produce the decoded PCM time samples.

Encoded AC-3 AC-3 Frame Syncronization, Error Detection,
Bit-Stream and Frame De-formatting
Quantized
Mantissas

Bit Allocation

Encoded : ;
Information f Mantissa

Bit

Spectral Allocation De-quantization
Envelope
Mantissas
Spectral Exponents Synthesis PCM Time
Envelope > i
_ Filter Bank Samples
Decoding

Figure 0.3: The AC-3 decoder

The actual AC-3 decoder is more complex than indicated in figure 0.3. The following functions not shown above are
included:

. error concealment or muting may be applied in case a data error is detected;
. channels which have had their high-frequency content coupled together need to be de-coupled;
. dematrixing needs to be applied (in the 2-channel mode) whenever the channels have been rematrixed;

. the synthesis filter bank resolution needs to be dynamically altered in the same manner as the encoder analysis
filter bank had been during the encoding process.
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1 Scope

The present document specifies two coded representations of audio information, and specifies the decoding process for
each coded representation. Informative information on the encoding processisincluded. The coded representations
specified herein are suitable for use in digital audio transmission and storage applications. The coded representations
may convey multiple full bandwidth audio signals, along with alow frequency enhancement signal. A wide range of
encoded bit-rates is supported by the present document.

A short form designation of the audio coding a gorithm specified in the body of the present document (whether or not
annex D isincluded) is"AC-3". The short form designation of the audio coding a gorithm specified in annex E is
"E-AC-3".

2 References

2.1 Normative references

References are either specific (identified by date of publication and/or edition number or version number) or
non-specific. For specific references, only the cited version applies. For non-specific references, the latest version of the
referenced document (including any amendments) applies.

Referenced documents which are not found to be publicly available in the expected location might be found at
https://docbox.etsi.org/Referencel.

NOTE: While any hyperlinksincluded in this clause were valid at the time of publication, ETSI cannot guarantee
their long term validity.

The following referenced documents are necessary for the application of the present document.

[1] I SO/IEC 23000-19 (2017): "Information technology -- Multimedia application format (M PEG-A) -
- Part 19: Common media application format (CMAF) for segmented media".

[2] I SO/IEC 23009-1: "Information technology -- Dynamic adaptive streaming over HTTP (DASH) --
Part 1: Media presentation description and segment formats".

[3] IETF RFC 6381: "The 'Codecs and 'Profiles Parameters for "Bucket" Media Types'.

[4] I SO/IEC 23001-8: "Information technology -- MPEG systems technologies -- Part 8: Coding-
independent code points”.

2.2 Informative references

References are either specific (identified by date of publication and/or edition number or version number) or
non-specific. For specific references, only the cited version applies. For non-specific references, the latest version of the
referenced document (including any amendments) applies.

NOTE: While any hyperlinksincluded in this clause were valid at the time of publication, ETSI cannot guarantee
their long term validity.

The following referenced documents are not necessary for the application of the present document but they assist the
user with regard to a particular subject area.

[i.1] SO 639-1 (2002): "Codes for the representation of names of languages -- Part 1. Alpha-2 code'.
[i.2] SO 639-2 (1998): "Codes for the representation of names of languages -- Part 2: Alpha-3 code”.
[i.3] ISO/IEC 8859-1 (1998): "Information technology -- 8-bit single-byte coded graphic character sets

-- Part 1. Latin aphabet No. 1".

[i.4] ISO/IEC 13818-1 (2013): "Information technology -- Generic coding of moving pictures and
associated audio information: Systems".
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[i.5]

[i.6]
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Recommendation ITU-R BT.1300: " Service multiplex, transport, and identification methods for
digital terrestrial television broadcasting”.

ETSI TS 101 154: "Digital Video Broadcasting (DV B); Specification for the use of Video and
Audio Coding in Broadcasting Applications based on the MPEG-2 Transport Stream”.

[i.7] ETSI EN 300 468: "Digital Video Broadcasting (DVB); Specification for Service Information (Sl)
in DVB systems’.

[i.8] SMPTE ST 428-3-2006: " D-Cinema Distribution Master - Audio Channel Mapping and Channel
Labeling”.

[i.9] I SO/IEC 14496-12 (2012): "Information technology -- Coding of audio-visual objects --
Part 12: 1SO base media file format".

[i.10] ATSC Standard: "Digital Audio Compression (AC-3, E-AC-3) Standard, Document A/52:2012".

[i.11] Recommendation ITU-R BS.1771-1: "Requirements for loudness and true-peak indicating
meters”.

[i.12] Recommendation ITU-R BS.1770-4: " Algorithms to measure audio programme loudness and
true-peak audio level".

[1.13] ATSC: "ATSC Recommended Practice: Techniques for Establishing and Maintaining Audio
Loudness for Digital Television'.

[i.14] EBU - Recommendation R 128: "L oudness normalisation and permitted maximum level of audio
signals'.

[i.15] ARIB TR-B32: "Operational Guidelines for Loudness of Digital Television Programs’.

[i.16] FreeTV OP-59: "Measurement and Management of Loudness in Soundtracks for Television
Broadcasting".

[i.17] Dolby® L aboratories Speech Gating Reference Code and Information.

NOTE Awvailable at: http://www.dolby.com/in/en/professi onal/technol ogy/broadcast/dial ogue-intelligence.aspx.

[1.18] Recommendation EBU Tech 3341 "Loudness Metering: 'EBU Mode' metering to supplement
loudness normalisation in accordance with EBU R 128".

[i.19] Recommendation EBU Tech 3342: "Loudness Range: A Measure to supplement loudness
normalization in accordance with EBU R128".

[i.20] IETF BCP-47: "Tags for identifying languages”.

NOTE  Available at: http://tools.ietf.org/html/bcp47.

3 Definitions and abbreviations
3.1 Definitions

For the purposes of the present document, the following terms and definitions apply:

audio block: set of 512 audio samples consisting of 256 samples of the preceding audio block, and 256 new time

samples

NOTE 1: A new audio block occurs every 256 audio samples

NOTE 2: Each audio sampleisrepresented in two audio blocks.

ETSI


http://www.dolby.com/in/en/professional/technology/broadcast/dialogue-intelligence.aspx
http://tools.ietf.org/html/bcp47

23 ETSI TS 102 366 V1.4.1 (2017-09)

audio frame: portion of an Enhanced AC-3 synchronization frame

NOTE: Seesyntax for audfrm() in clause E.1.3.2 for the precise definition.
bin: number of the frequency coefficient, asin frequency bin number n

NOTE: The512 point TDAC transform produces 256 frequency coefficients or frequency bins.
coefficient: time domain samples are converted into frequency domain coefficients by the transform
coupled channel: full bandwidth channel whose high frequency information is combined into the coupling channel
coupling band: band of coupling channel transform coefficients covering one or more coupling channel sub-bands
coupling channel: channel formed by combining the high frequency information from the coupled channels
coupling sub-band: sub-band consisting of a group of 12 coupling channel transform coefficients
downmixing: combining (or mixing down) the content of n origina channelsto produce m channels, where m<n

exponent set: set of exponents for an independent channel, for the coupling channel, or for the low frequency portion of
acoupled channel

frame: generic term used for a portion of a bit stream read in context
NOTE: Seesyntactical definitions for audio frame and synchronization frame.
full bandwidth (fbw) channel: audio channel capable of full audio bandwidth
NOTE: All channels (I€eft, centre, right, left surround, right surround) except the Ife channel are fbw channels.
independent channel: channel whose high frequency information is not combined into the coupling channel
NOTE: Thelfe channel isawaysindependent.
Loudness Unitsrelativeto Full Scale (LUFS): loudness units relative to nominal full scale
NOTE: See Recommendation EBU Tech 3341 [i.18].

low frequency effects (Ife) channel: optional single channel of limited (< 120 Hz) bandwidth, which isintended to be
reproduced at alevel +10 dB with respect to the fbw channels

NOTE: The optional Ife channel allows high sound pressure levels to be provided for low frequency sounds.
spectral envelope: spectral estimate consisting of the set of exponents obtained by decoding the encoded exponents
NOTE: Similar (but not identical) to the original set of exponents

substream: subcomponent of the overall bit stream, specific to Enhanced AC-3, which may be either "dependent” or
"independent” as specified by the associated semantics

synchronization frame: minimum portion of the audio serial bit stream capable of being fully decoded, sometimes
abbreviated "syncframe"

NOTE: Seethe syntax for syncframe() (AC-3 synchronization frame) in clause 4.3 and the syntax for
syncframe() (E-AC-3 synchronization frame) in clause E.1.2 for the precise definitions.

window: time vector which is multiplied by an audio block to provide a windowed audio block

NOTE: Thewindow shape establishes the frequency selectivity of the filterbank, and provides for the proper
overlap/add characteristic to avoid blocking artefacts.
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3.2 Abbreviations

For the purposes of the present document, the following abbreviations apply:

AC
acmod
addbsi
addbsie
addbsil
AHT
ARIB
ATSC

AU
audblk
audprodi2e
audprodie
auxbits
auxdata
auxdatae
auxdatal
baie

bap

BCP

bin

blk

blksw

bnd

BRIR

bsi

bsid
bsmod

ch
chbwcod
chexpstr
chincpl
chmant
CICcP

clev

CM
CMAF
cmixlev
compr
compr2
compr2e
compre
copyrightb
cplabsexp
cplbegf
cplbndstrc
cplco
cplcoe
cplcoexp
cplcomant
cpldeltba
cpldeltbae
cpldeltlen
cpldeltnseg
cpldeltoffst
cplendf
cplexps
cplexpstr

Audio Codec

audio coding mode

additional bit stream information
additional bit stream information exi
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sts

additional bit stream information length

Adaptive Hybrid Transform

Association of Radio Industries and Businesses
Advanced Television Systems Committee

Access Unit

audio block

audio production information exists,
audio production information exists
auxiliary data bits

auxiliary datafield

auxiliary data exists

auxiliary data length

bit allocation information exists

bit allocation pointer

Best Current Practice

ch2

frequency coefficient bin in index [bin]

block in array index [blK]

block switch flag

band in array index [bnd]

Binaural Room I mpulse Response
bit stream information

bit stream identification

bit stream mode

channel in array index [ch]
channel bandwidth code

channel exponent strategy
channel in coupling

channel mantissas
Coding-1ndependent Code-Points
centre mixing level coefficient
Complete Main

Common Media Application Format
centre mix level

compression gain word
compression gain word, ch2
compression gain word exists, ch2
compression gain word exists
copyright bit

coupling absol ute exponent
coupling begin frequency code
coupling band structure

coupling coordinate

coupling coordinates exist
coupling coordinate exponent
coupling coordinate mantissa
coupling dba

coupling dba exists

coupling dba length

coupling dba number of segments
coupling dba offset

coupling end frequency code
coupling exponents

coupling exponent strategy
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cplfgaincod
cplfleak
cplfsnroffst
cplinu
cplleake
cplmant
cplsleak
cplstre
CRC
crcl
crc2
crersv
csnroffst
dis

d25

d45
DAC
DASH
dba
dbpbcod
DC
DCT
deltba
deltbae
deltbaie
deltlen
deltnseg
deltoffst
dialnorm
dialnorm2
dithflag
DRC
dsurmod
DVB
dynrng
dynrng2
dynrng2e
dynrnge
EMDF
exps
fow
fdcycod
FFT
fgaincod
FIR
floorcod
floortab
frmsizecod
fscod
fsnroffst
gainrng
GAQ
arp
HDCD
HI
HTTP
IDCT
IETF
IFFT
IMDCT
SO
langcod

25

coupling fast gain code

coupling fast leak initialization
coupling fine SNR offset

coupling in use

coupling leak initialization exists
coupling mantissas

coupling slow leak initialization
coupling strategy exists

Cyclic Redundancy Check

crc - cyclic redundancy check word 1
crc - cyclic redundancy check word 2
crc reserved bit

coarse SNR offset

d15 exponent coding mode

d25 exponent coding mode

d45 exponent coding mode

Digita to Analogue Converter
Dynamic Adaptive Streaming over HTTP
delta bit allocation

dB per bit code

Direct Current

Discrete Cosine Transform

channel dba

channel dba exists

dbainformation exists

channel dbalength

channel dba number of segments
channel dba offset

dialogue normalization word
dialogue normalization word, ch2
dither flag

Dynamic Range Compression
Dolby® surround mode

Digital Video Broadcasting
dynamic range gain word

dynamic range gain word, ch2
dynamic range gain word exists, ch2
dynamic range gain word exists
Extensible Metadata Delivery Format
channel exponents

full bandwidth

fast decay code

Fast Fourier Transform

channel fast gain code

Finite Impul se Response

masking floor code

masking floor table

frame size code

sampling frequency code

channel fine SNR offset

channel gain range code

Gain Adaptive Quantization

group inindex [grp]

High Definition Compatible Digital
Hearing Impaired

Hyper Text Transfer Protocol
Inverse DCT

Internet Engineering Task Force
Inverse Fast Fourier Transform
Inverse Modified Discrete Transform

International Organization for Standardization

language code
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langcod2
langcod2e
langcode
Ife

Ifeexps
Ifeexpstr
Ifefgaincod
Ifefsnroffst
[femant
Ifeon
LFSR

LSB

LU
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language code, ch2
language code exists, ch2
language code exists

low frequency effects

Ife exponents

Ife exponent strategy

Ife fast gain code

Ife fine SNR offset

Ife mantissas

Ifeon

Linear Feedback Shift Register
Least Significant Bit
Loudness Unit

NOTE: See Recommendation EBU Tech 3341 [i.18].

LUFS
MDCT
ME
MIPS
mixlevel
mixlevel2
MPD
MPEG
MSB
mstrcplco
NA
nauixbits
nchans
nchgrps
nchmant
ncplbnd
ncplgrps
ncpl mant
ncplsubnd
nfchans
nifegrps
nlfemant
origbs
PCM
PES
phsflg
phsflginu
PID

PMT
PSD

PS|

PTS

PU

RAM
rbnd
rematflg
rematstr
RF

RFC
RMS
roomtyp
roomtyp2
SAP
sbnd
sdcycod

Seg

Loudness Unitsrelative to Full Scale
Modified Discrete Cosine Transform
Music and Effects

Million Instructions Per Second
mixing level

mixing level, ch2

Media Presentation Description
Motion Pictures Experts Group
Most Significant Bit

master coupling coordinate

Not Applicable

number of auxiliary bits

number of channels

number of fbw channel exponent groups
number of fbw channel mantissas
number of structured coupled bands
number of coupled exponent groups
number of coupled mantissas
number of coupling sub-bands
number of fow channels

number of Ife channel exponent groups
number of Ife channel mantissas
origina bit stream

Pulse Code Modulation

Packetized Elementary Stream
phase flag

phase flagsin use

Packet Identifier

Programme Map Table

Power Spectral Density

Programme Specific Information
Presentation Time Stamp
Presentation Unit

Random Access Memory

rematrix band in index [rbnd]
rematrix flag

rematrixing strategy

Radio Frequency

Request For Comments

Root Mean Square

room type

room type, ch2

Service Access Point

sub-band in index [sbnd]

slow decay code

segment in index [seg]
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sgaincod slow gain code
Sl Synchronization Information
skipfld skip field
skipl skip length
skiple skip length exists
dev surround mixing level coefficient
SMPTE Society of Motion Picture & Television Engineers
SNR Signal to Noise Ratio
snroffste SNR offset exists
SPL Sound Pressure Level
STD System Target Decoder
surmixlev surround mix level
syncframe synchronization frame
syncinfo synchronization information
syncword synchronization word
TDAC Time Division Aliasing Cancellation
timecodl time code first half
timecodle time code first half exists
timecod?2 time code second half
timecod2e time code second half exists.
VI Visually Impaired
VO Voice Over
VQ Vector Quantization
XML eXtensible Markup Language
4 Bit stream syntax

4.1 Synchronization frame

An AC-3 seria coded audio bit stream is made up of a sequence of synchronization frames. Each synchronization frame
contains 6 coded audio blocks, each of which represents 256 new audio samples. A Synchronization Information (SI)
header at the beginning of each syncframe contains information needed to acquire and maintain synchronization. A bit
stream information (BSI) header follows Sl, and contains parameters describing the coded audio service. The coded
audio blocks may be followed by an auxiliary data (Aux) field. At the end of each syncframe is an error check field that
includes a CRC word for error detection. An additional CRC word islocated in the S| header, the use of whichis
optional.

4.2 Semantics of syntax specification

The following pseudo code describes the order of arrival of information within the bit stream. This pseudo codeis
roughly based on C language syntax, but ssmplified for ease of reading. For bit stream elements which are larger than

1 hit, the order of the bitsin the serial bit stream is either most-significant-bit-first (for numerical values), or left-bit-first
(for bit-field values). Fields or elements contained in the bit stream are indicated with bold type. Syntactic elements are
typographically distinguished by the use of a different font (e.g. dynrng).

Some AC-3 hit stream elements naturally form arrays. This syntax specification treats all bit stream elements
individually, whether or not they would naturally be included in arrays. Arrays are thus described as multiple elements
(asin blksw[ch] as opposed to simply blksw or blksw[]), and control structures such as for loops are employed to
increment the index ([ch] for channel in this example).
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4.3 Syntax specification

4.3.0 AC-3 bit_stream and syncframe

A continuous audio bit stream consists of a sequence of synchronization frames:

Syntax
AC-3_bit_stream()

whi | e(true)

syncfranme() ;

}
} /* end of AC-3 bit stream*/

The syncframe consists of the syncinfo and bsi fields, the 6 coded audblk fields, the auxdata field, and the
errorcheck field.

Syntax
syncfrane()

syncinfo() ;
bsi () ;
for(blk = 0; blk < 6; blk++)

audbl k() ;
auxdata() ;

errorcheck() ;
} /* end of syncframe */

Each of the bit stream elements, and their length, are itemized in the following pseudo code. Note that al bit stream
elements arrive most significant bit first, or left bit first, in time.

4.3.1 syncinfo - Synchronization information

Syntax Word size
synci nfo()
SYNCWOI 0 o o oottt e 16
L o 16
F S OO L 2
FEBI ZECOA . .. 6

} /* end of syncinfo */

4.3.2 bsi - Bit stream information

Syntax Word size
bsi ()
{
DS 5
DS . . . 3
ACIDA . o oo 3
if((acnod & 0x1) && (acnod != 0x1)) /* if 3 front channels */ {cmixlev} .................... 2
if(acnod & 0x4) /* if a surround channel exists */ {surmixlev} ......... ... ... ... ... ... ..... 2
if(acmod == 0x2) /* if in 2/0 mode */ {dsurnmod} ........... ... . .. 2
L f O 1
i Al MO M . 5
[0 110 = 1
P f(conpre) {CoMPr o 8
1 aNgCOde . . .o 1
if(langcode) {langcod} ....... ... 8
AUAPI O € . . o 1
i f (audprodi e)
MXL BVl 5
FOOME YD o ittt e e e e e e e e e e e e e e e e e e e e e e e e 2
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Syntax Word size

if(acnod == 0) /* if 1+1 node (dual nono, so sone itens need a second val ue) */

{

di @l NOT MR L L e 5

[ 1101 22 = 1

T (COMPr2€) {COMPI 2} Lo 8

[ ANGCOO2E . . . o 1

if(langcod2e) {1 angCod2} . ... ... 8

AUAPE O0i 28 . . 1

i f (audpr odi 2e)

M XL BVl 2 o 5
F OO Y P o o e 2

}
COPYI I Gt D Lo 1
OF T DS oo 1
L MBCOOLE . 1
if(timecodle) {timecodl} ... ... ... 14
L MBCOM 20 . . . e 1
if(timecod2e) {timecod2} ... ... ... . 14
addbsi @ . ... 1
i f (addbsi e)

addbsi | ..o 6

AdADST .. (addbsil +1) x 8

}
} /* end of bsi */

4.3.3 audblk - Audio block

Syntax Word size
audbl k()
/* these fields for block switch and dither flags */
for(ch = 0; ch < nfchans; ch++) {blkswch]} ... ... . . 1
for(ch = 0; ch < nfchans; ch++) {dithflag[ch]} ..... ... . . . . . 1
/* these fields for dynamic range control */
QY NI NG .« o o 1
Pf(dynrnge) {dynrng} . ... 8
if(acnod == 0) /* if 1+1 node */
Y NI NG 2 . o e e 1
i fdynrng2e) {dynrng2} .. ... 8

/* these fields for coupling strategy infornation */
(o3 o = A = 1
if(cplstre)
{

Pl MU L 1
i f(cplinu)
{

for(ch = 0; ch < nfchans; ch++) {chincpl[ch]} ... ... . . . 1
if(acnmod == 0x2) {phsflginu} /* if in 2/0 mode */ ... ... ... . . . . . . . . . . 1
[ o =T | P 4
CPl Nl L e 4
/* ncpl subnd = 3 + cplendf - cpl begf */
for(bnd = 1; bnd < ncpl subnd; bnd++) {cplbndstrc[bnd]} ..... ... ... ... . . .. 1
}
}
/* these fields for coupling coordinates, phase flags */
i f(cplinu)
{

for(ch = 0; ch < nfchans; ch++)
i f(chincpl[ch])

CPl COB[ CN] oo 1
i f(cplcoe[ch])
{

MBE I CPl CO[ N .o 2
/* ncpl bnd derived from ncpl subnd, and cpl bndstrc */

for(bnd = 0; bnd < ncpl bnd; bnd++)

{
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Syntax Word size
cplcoexp[chl [ bnd] .. ... 4
cplcomant[ch][bnd] . ... ... 4

}
}
}

}
i f((acnpd == 0x2) && phsflginu & (cplcoe[0] || cplcoe[1l]))

for(bnd = 0; bnd < ncplbnd; bnd++) {phsflg[bnd]} ..... ... . . . . . 1
}

/* these fields for renmatrixing operation in the 2/0 node */
if(acnod == 0x2) /* if in 2/0 nmode */

L= 010 = Y 1
if(rematstr)

if((cplbegf > 2) || (cplinu == 0))
{
for(rbnd = 0; rbnd < 4; rbnd++) {rematflg[rbnd]} ..... ... ... ... . . . . . . . L 1
}
if((2 >= cplbegf > 0) && cplinu)
{
for(rbnd = 0; rbnd < 3; rbnd++) {rematflg[rbnd]} ....... ... .. .. . . . . . . . 1
}
if((cpl begf == 0) && cplinu)
{
for(rbnd = 0; rbnd < 2; rbnd++) {rematflg[rbnd]} ....... ... .. .. . . . . . . . . L 1
}
}
/* these fields for exponent strategy */
P (eplinu) {epl eXpPSt Iy oo 2
for(ch = 0; ch < nfchans; ch++) {chexpstr[ch]} ... ... .. . . 2
(1 feon) {IfeexXpPStr) . e 1

for(ch = 0; ch < nfchans; ch++)
i f(chexpstr[ch] != reuse)

if(!chincpl[ch]l) {chbwcod[ch]} ... ... . . 6
}

}
/* these fields for exponents */
if(cplinu) /* exponents for the coupling channel */
{
i f(cplexpstr != reuse)

CPl ADS X L o o 4
/* ncpl grps derived from ncpl subnd, cpl expstr */
for(grp = 0; grp < ncplgrps; grp++) {cplexps[agrpl} ... . 7

}

for(ch = 0; ch < nfchans; ch++) /* exponents for full bandw dth channels */

i f(chexpstr[ch] != reuse)

eXPSL Ch] [ 0] oottt 4
/* nchgrps derived fromchexpstr[ch], and cpl begf or chbwcod[ch] */

for(grp = 1; grp <= nchgrps[ch]; grp++) {exps[chl[agrpl} ... ... 7
gai Nr NGl Ch] oo e 2

}

if(lfeon) /* exponents for the |ow frequency effects channel */

if(lfeexpstr != reuse)

L eeXPS[ 0] ..o 4
/* nlfegrps = 2 */
for(grp = 1; grp <= nlfegrps; grp++) {Ifeexps[grpl} ... .. 7

/* these fields for bit-allocation parametric information */
0T L= 1
i f(baie)
{

SACY COU . . .ot 2
FACYCOd . .o 2
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Syntax Word size
SOAI NCOU . o o oo 2
AbpbCOd . . 2
L e 1o G o o P 3

SNFOf £ St B . . 1

i f(snroffste)

CSNI Of St L L e 6
i f(cplinu)

CPl SN Of f St Lo 4
Cpl fgai NCOd . . oo 3

for(ch = 0; ch < nfchans; ch++)

FSNrOf f St [ Ch] Lo 4
Fgai NCOAL C] Lo 3

}
if(lfeon)

L ef SNroOf f St o 4
Ifefgai NCOd . ... . 3
}
}
i f(cplinu)
Cpl Ak o 1
i f(cplleake)
Cplfl @Ak . oo 3
CPl Sl @Ak . oo 3
}
/* these fields for delta bit allocation information */
del thai @ . .. 1
i f(deltbaie)
if(eplinu) {cpldeltbae) ... ... 2
for(ch = 0; ch < nfchans; ch++) {deltbae[ch]} ... ... . . . 2

i f(cplinu)

i f (cpl del t bae==new i nfo follows)

(o o 0 1= I 0 =Y = o 3
for(seg = 0; seg <= cpldel tnseg; seg++)
cpldel tof fstsSeq] ... 5
cpldel tl en[ Seg] ..o 4
cpldel thal Seg] . ..o 3

}
for(ch = 0; ch < nfchans; ch++)

i f(del tbae[ch] ==new i nfo follows)

del tNSegl Ch] ... 3
for(seg = 0; seg <= deltnseg[ch]; seg++)
deltoffst[chl[Seq] ... 5
del tl en[ Ch] [ Seg] . oo 4
del thal Ch] [ Seg] - oo 3
}
}
/* these fields for inclusion of unused dummy data */
SKI Pl o 1
i f(skiple)
SKI Pl oo 9
SKI Pf LA . skipl x 8
/* These fields for quantized mantissa values */ ....... ...
Ot _CPl Chan = 0. ...
for (ch = 0; ch < nfchans; ch++) ..

{
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Syntax Word size
for (bin = 0; bin < nchmant[ch]; bin++) {chmant[ch][bin]} ... ... ... ... ... ... ... .. .. (0-16)
if (cplinu & chincpl[ch] &% !'got_cplchan) ........ ...

for (bin = 0; bin < ncplmant; bin++) {cplmant[binl} ... ... ... ... ... . . . . ... .. ... (0-16)
0Ot _Cpl Chan = L. e

}
if(lfeon) /* mantissas of low frequency effects channel */ ...... ... ... ... ... ... ... ... ...

{
for (bin =0; bin < nlfemant; bin++) {Ifemant[bin]} ........ . ... .. . .. . .. . ... ... . ..., (0-16)

}
}/* end of audbl K X/

4.3.4 auxdata - Auxiliary data

Syntax Word size
auxdat a()
AUXDT S L nauxbi ts

i f (auxdat ae)
AUXAAt @l ... 14

AUXAAL B8 . . . .o 1
} /* end of auxdata */

4.3.5 errorcheck - Error detection code

Syntax Word size
errorcheck()
[ o =] 1
[ 16

} /* end of errorcheck */

4.4 Description of bit stream elements

4.4.0 Introduction

A number of bit stream elements have values which may be transmitted, but whose meaning has been reserved. If a
decoder receives a bit stream which contains reserved values, the decoder may or may not be able to decode and
produce audio. In the description of bit stream elements which have reserved codes, there is an indication of what the
decoder can do if the reserved code is received. In some cases, the decoder can not decode audio. In other cases, the
decoder can still decode audio by using a default value for a parameter which was indicated by areserved code.

4.4.1 syncinfo - Synchronization information

4411 syncword - Synchronization word - 16 bits

The syncword is always 0x0B77, or 0000 1011 0111 0111. Transmission of the syncword, like other bit field
elements, isleft bit first.

4.4.1.2 crcl - Cyclic redundancy check 1 bit to 16 bits

This 16 hit-CRC applies to the first 5/8 of the syncframe. Transmission of the CRC, like other numerical values, is most
significant bit first.
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4413 fscod - Sample rate code - 2 bits

Thisisa2-bit code indicating sample rate according to Table 4.1. If the reserved code is indicated, the decoder should
not attempt to decode audio and should mute.

Table 4.1: Sample rate codes

fscod Sample rate (kHz)
00 48
01 441
10 32
11 Reserved
4.4.1.4 frmsizecod - Frame size code - 6 bits

The frame size code is used along with the sample rate code to determine the number of (2-byte) words before the next
syncword (see Table 4.13).

4.4.2 bsi - Bit stream information

4421 bsid - Bit stream identification - 5 bits

This bit field has a value of 01000 (= 8) in this version of the present document. Future modifications of the present
document may define other values. Values of bsid smaller than 8 will be used for versions of AC-3 which are backward
compatible with version 8 decoders. Decoders which can decode version 8 will thus be able to decode bsid version
numbers less than 8. If the present document is extended by the addition of additional elements or features that are not
compatible with decoders that follow this bsid version 8 specification, avalue of bsid greater than 8 will be used.
Decoders built to this version of the standard will not be able to decode versions with bsid greater than 8. Thus,
decoders built to the present document shall mute if the value of bsid is greater than 8, and should decode and
reproduce audio if the value of bsid isless than or equal to 8.

44272 bsmod - Bit stream mode - 3 bits

This 3-bit code indicates the type of service that the bit stream conveys as defined in Table 4.2.

Table 4.2: Bit stream mode

bsmod acmod Type of service

000 Any Main audio service: complete main (CM)

001 Any Main audio service: music and effects (ME)

010 Any Associated service: visually impaired (VI)

011 Any Associated service: hearing impaired (HI)

100 Any Associated service: dialogue (D)

101 Any Associated service: commentary (C)

110 Any Associated service: emergency (E)

111 001 Associated service: voice over (VO)

111 010to 111 Main audio service: karaoke
4.4.2.3 acmod - Audio coding mode - 3 bits

This 3-bit code, shown in Table 4.3, indicates which of the main service channels arein use, ranging from 3/2 to /0. If
the MSB of acmod isa 1, surround channels are in use and surmixlev followsin the bit stream. If the MSB of acmod
isa0, the surround channels are not in use and surmixlev does not follow in the bit stream. If the LSB of acmod isaO0,
the centre channel isnot in use. If the LSB of acmod is a1, the centre channel isin use.
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NOTE: The state of acmod sets the number of full-bandwidth channels parameter, nfchans, (e.g. for 3/2 mode,
nfchans = 5; for 2/1 mode, nfchans = 3; etc.). The total number of channels, nchans, is equal to nfchans
if the Ife channel is off, and is equal to 1 + nfchansif the Ife channel ison. If acmod is 0, then two
completely independent programme channels (dual mono) are encoded into the bit stream, and are
referenced as Chl, Ch2. In this case, anumber of additional items are present in BSI or audblk to fully
describe Ch2. Table 4.3 aso indicates the channel ordering (the order in which the channels are
processed) for each of the modes.

Table 4.3: Audio coding mode

acmod Audio coding mode Nfchans Channel array ordering

000 1+1 2 Chl, Ch2

001 1/0 1 C

010 2/0 2 L, R

011 3/0 3 L,C,R

100 2/1 3 L,R, S

101 3/1 4 L,C,R, S

110 2/2 4 L, R, Ls, Rs

111 3/2 5 L,C R, Ls,Rs
4.4.2.4 cmixlev - Centre mix level - 2 bits

When three front channels are in use, this 2-bit code, shown in Table 4.4, indicates the nominal down mix level of the
centre channel with respect to the left and right channels. If cmixlev is set to the reserved code, decoders should still
reproduce audio. The intermediate value of cmixlev (-4,5 dB) may be used in this case.

Table 4.4: Centre mix level

cmixlev clev
00 0,707 (-3,0 dB)
01 0,595 (-4,5 dB)
10 0,500 (-6,0 dB)
11 Reserved
4425 surmixlev - Surround mix level - 2 bits

If surround channels are in use, this 2-bit code, shown in Table 4.5, indicates the nominal down mix level of the
surround channels. If surmixlev is set to the reserved code, the decoder should still reproduce audio. The intermediate
value of surmixlev (-6 dB) may be used in this case.

Table 4.5: Surround mix level

surmixlev slev
00 0,707 (-3 dB)
01 0,500 (-6 dB)
10 0
11 Reserved
4.4.2.6 dsurmod - Dolby® Surround mode - 2 bits

When operating in the two channel mode, this 2-bit code, as shown in Table 4.6, indicates whether or not the
programme has been encoded in Dolby® Surround. Thisinformation is not used by the AC-3 decoder, but may be used
by other portions of the audio reproduction equipment. If dsurmod is set to the reserved code, the decoder should still
reproduce audio. The reserved code may be interpreted as "not indicated”.
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NOTE: "Dolby®", "Pro Logic®", "Surround EX™" and the double -D symbol are trademarks of Dolby®
Laboratories. Thisinformation is given for the convenience of users of the present document and does not
constitute an endorsement by ETSI of the product named. Equivalent products may be used if they can be
shown to lead to the same results.”

Table 4.6: Dolby® Surround mode

dsurmod Indication
00 Not indicated
01 NOT Dolby® Surround encoded
10 Dolby® Surround encoded
11 Reserved
4.42.7 Ifeon - Low frequency effects channel on - 1 bit

Thisbit hasavaue of 1 if the Ife (sub woofer) channel ison, and avalue of 0 if the Ife channel is off.

4.4.2.8 dialnorm - Dialogue normalization - 5 bits

This 5-bit code indicates how far the average dialogue level is below digital 100 percent. Valid valuesare 1 to 31. The
value of O isreserved. The values of 1 to 31 areinterpreted as-1 dB to -31 dB with respect to digital 100 %. If the
reserved value of O isreceived, the decoder shall use -31 dB. The value of dialnorm shall affect the sound reproduction
level. If the value is not used by the AC-3 decoder itself, the value shall be used by other parts of the audio reproduction
equipment. Dialogue normalization is further explained in clause 6.6.

4.4.2.9 compre - Compression gain word exists - 1 bit

If thishitisa 1, the following 8 bits represent a compression control word.

4.4.2.10 compr - Compression gain word - 8 bits

This encoder generated gain word may be present in the bit stream. If so, it may be used to scale the reproduced audio
level in order to reproduce a very narrow dynamic range, with an assured upper limit of instantaneous peak reproduced
signal level in the monophonic downmix. The meaning and use of compr is described further in clause 6.7.3.

44.2.11 langcode - Language code exists - 1 bit

If thisbit isal, the following 8 bits (i.e. the element langcod) shall be reserved. If thisbit isa 0, the element langcod
does not exist in the bit stream.

4.4.2.12 langcod - Language code - 8 bits

Thisisan 8 hit reserved value. (This element was originally intended to carry an 8-bit value that would, viaatable
lookup, indicate the language of the audio programme. Because modern delivery systems provide the 1SO 639-2 [i.2]
language code in the multiplexing layer, indication of language within the AC-3 bit stream was unnecessary, and so was
removed from the AC-3 syntax.)

4.4.2.13 audprodie - Audio production information exists - 1 bit

If thisbit isa 1, the mixlevel and roomtyp fields exist, indicating information about the audio production environment
(mixing room).
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4.4.2.14 mixlevel - Mixing level - 5 bits

This 5-bit code indicates the absolute acoustic sound pressure level of anindividual channel during the final audio
mixing session. The 5-bit code represents a value in the range 0 to 31. The peak mixing level is 80 plus the val ue of
mixlevel dB SPL, or 80 dB to 111 dB SPL. The peak mixing level isthe acoustic level of asine wavein asingle
channel whose peaks reach 100 percent in the PCM representation. The absolute SPL value is typically measured by
means of pink noise with an RM S value of -20 dB or -30 dB with respect to the peak RM S sine wave level. The value
of mixlevel is not typically used within the AC-3 decoder, but may be used by other parts of the audio reproduction
equipment.

4.4.2.15 roomtyp - Room type - 2 bits

This 2-bit code, shown in Table 4.7, indicates the type and calibration of the mixing room used for the final audio
mixing session. The value of roomtyp is not typically used by the AC-3 decoder, but may be used by other parts of the
audio reproduction equipment. If roomtyp is set to the reserved code, the decoder should still reproduce audio. The
reserved code may be interpreted as "not indicated".

Table 4.7: Room type

roomtyp Type of mixing room
00 Not indicated
01 Large room, X curve monitor
10 Small room, flat monitor
11 Reserved

4.4.2.16 dialnorm2 - Dialogue normalization, Ch2 - 5 bits

This 5-bit code has the same meaning as dialnorm, except that it applies to the second audio channel when acmod
indicates two independent channels (dual mono 1 + 1 mode).

4.4.2.17 compr2e - Compression gain word exists, Ch2 - 1 bit

If thishitisa 1, the following 8 bits represent a compression gain word for Ch2.

4.4.2.18 compr2 - Compression gain word, Ch2 - 8 bits

This 8-bit word has the same meaning as compr, except that it appliesto the second audio channel when acmod
indicates two independent channels (dual mono 1 + 1 mode).

4.4.2.19 langcod2e - Language code exists, Ch2 - 1 bit

If thishitisal, the following 8 bits (i.e. the element langcod2) shall be reserved. If thisbit isa0, the element langcod2
does not exist in the bit stream.

4.4.2.20 langcod?2 - Language code, Ch2 - 8 bits

Thisisan 8 bit reserved value. See langcod, clause 4.4.2.12.

44221 audprodi2e - Audio production information exists, Ch2 - 1 bit

If thishitisal, the following two data fields exist indicating information about the audio production for Ch2.

4.4.2.22 mixlevel2 - Mixing level, Ch2 - 5 bits

This 5-bit code has the same meaning as mixlevel, except that it applies to the second audio channel when acmod
indicates two independent channels (dual mono 1 + 1 mode).
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4.4.2.23 roomtyp2 - Room type, Ch2 - 2 bits

This 2-bit code has the same meaning as roomtyp, except that it applies to the second audio channel when acmod
indicates two independent channels (dual mono 1 + 1 mode).

4.4.2.24 copyrightb - Copyright bit - 1 bit

If this bit has avalue of 1, the information in the bit stream isindicated as protected by copyright. It has avalue of O if
the information is not indicated as protected.

4.4.2.25 origbs - Original bit stream - 1 bit

Thishit hasavalue of 1 if thisisan original bit stream. This bit has avalue of 0 if thisis a copy of another bit stream.

4.4.2.26 timecodle, timecod2e - Time code (first and second) halves exists - 2 bits

These values indicate, as shown in Table 4.8, whether time codes follow in the bit stream. The time code can have a
resolution of 1/64™ of a frame (one frame = 1/30™ of a second). Since only the high resolution portion of the time code
is needed for fine synchronization, the 28 bit time code is broken into two 14 bit halves. The low resolution first half
represents the code in 8 second increments up to 24 hours. The high resolution second half represents the codein
1/64" frame increments up to 8 seconds.

4.4.2.27 timecodl - Time code first half - 14 bits

Thefirst 5 bits of this 14 bit field represent the time in hours, with valid values of 0 to 23. The next 6 bits represent the
time in minutes, with valid values of 0 to 59. The final 3 bits represents the time in 8 second increments, with valid
valuesof 0 - 7 (representing 0, 8, 16, ..., 56 seconds).

Table 4.8: Time code exists

timecod?2e, timecodle Time code present
0,0 Not present
0,1 First half (14 bits) present
1,0 Second half (14 bits) present
1,1 Both halves (28 bits) present

4.4.2.28 timecod?2 - Time code second half - 14 bits

Thefirst 3 bits of this 14-bit field represent the time in seconds, with valid values from 0 to 7 (representing O to
7 seconds). The next 5 bits represents the time in frames, with valid values from 0 to 29. The final 6 bits represents
fractions of 1/64th of a frame, with valid values from 0 to 63.

4.42.29 addbsie - Additional bit stream information exists - 1 bit

If thisbit has avalue of 1 thereis additional bit stream information, the length of which isindicated by the next field. If
this bit has avalue of 0, there is no additional bit stream information.

4.4.2.30 addbsil - Additional bit stream information length - 6 bits

This 6-bit code, which exists only if addbsie isa 1, indicates the length in bytes of additional bit stream information.
The valid range of addbsil is 0 to 63, indicating 1 to 64 additional bytes, respectively. The decoder is not required to
interpret this information, and thus shall skip over this number of bytes following in the data stream.

4.4.2.31 addbsi - Additional bit stream information - ((addbsil + 1) x 8) bits

Thisfield contains 1 to 64 bytes of any additional information included with the bit stream information structure.
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4.4.3 audblk - Audio block

4.4.3.1 blksw[ch] - Block switch flag - 1 bit

Thisflag, for channel [ch], indicates whether the current audio block was split into 2 sub-blocks during the
transformation from the time domain into the frequency domain. A value of 0 indicates that the block was not split, and
that asingle 512 point TDAC transform was performed. A value of 1 indicates that the block was split into 2 sub-blocks
of length 256, that the TDAC transform length was switched from a length of 512 pointsto alength of 256 points, and
that 2 transforms were performed on the audio block (one on each sub-block). Transform length switching is described
in more detail in clause 6.9.

4.4.3.2 dithflag[ch] - Dither flag - 1 bit

Thisflag, for channel [ch], indicates that the decoder should activate dither during the current block. Dither is described
in detail in clause 6.3.4.

4.4.3.3 dynrnge - Dynamic range gain word exists - 1 bit
If thisbit isa 1, the dynamic range gain word follows in the bit stream. If it is 0, the gain word is not present, and the

previous value is reused, except for block 0 of a syncframe where if the control word is not present the current val ue of
dynrngissettoO.

4434 dynrng - Dynamic range gain word - 8 bits

This encoder-generated gain word is applied to scale the reproduced audio as described in clause 6.7.

4.4.35 dynrng2e - Dynamic range gain word exists, Ch2 - 1 bit

If thisbit isa 1, the dynamic range gain word for channel 2 follows in the bit stream. If it is O, the gain word is not
present, and the previous value is reused, except for block 0 of a syncframe where if the control word is not present the
current value of dynrng2 isset to O.

4.4.3.6 dynrng2 - dynamic range gain word, Ch2 - 8 bits

This encoder-generated gain word is applied to scale the reproduced audio of Ch2, in the same manner asdynrng is
applied to Chl, as described in clause 6.7.

4.4.3.7 cplstre - Coupling strategy exists - 1 bit

If thishitisa 1, coupling information followsin the bit stream. If it is 0, new coupling information is not present, and
coupling parameters previously sent are reused. This parameter shall not be set to 0 in block 0.

4.4.3.8 cplinu - Coupling in use - 1 bit

If thishitisal, coupling is currently being utilized, and coupling parameters follow. If it is 0, coupling is not being
utilized (all channels are independent) and no coupling parameters follow in the bit stream.

4.4.3.9 chincpl[ch] - Channel in coupling - 1 bit
If thisbit isa 1, then the channel indicated by the index [ch] is a coupled channel. If the bit isa 0, then this channel is

not coupled. Since coupling is not used in the 1/0 mode, if any chincpl[] values exist there will be 2 to 5 values. Of the
values present, at least two values will be 1, since coupling requires more than one coupled channel to be coupled.

4.4.3.10 phsflginu - Phase flags in use - 1 bit

If this bit (defined for 2/0 mode only) isa 1, phase flags are included with coupling coordinate information. Phase flags
are described in clause 6.4.
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4.4.3.11 cplbegf - Coupling begin frequency code - 4 bits

This 4-bit code isinterpreted as the sub-band number (0 to 15) which indicates the lower frequency band edge of the
coupling channel (or the first active sub-band) as shown in Table 6.24.

4.4.3.12 cplendf - Coupling end frequency code - 4 bits

This 4-bit code indicates the upper band edge of the coupling channel. The upper band edge (or last active sub-band) is
cplendf + 2, or avalue between 2 and 17 (see Table 6.24).

The number of active coupling sub-bandsis equal to ncplsubnd, which is calculated as:

ncplsubnd = 3 + cplendf - cplbegf.

4.4.3.13 cplbndstrc[sbnd] - Coupling band structure - 1 bit

There are 18 coupling sub-bands defined in Table 6.24, each containing 12 frequency coefficients. The fixed 12-bin
wide coupling sub-bands are converted into coupling bands, each of which may be wider than (a multiple of)

12 frequency bins. Each coupling band may contain one or more coupling sub-bands. Coupling coordinates are
transmitted for each coupling band. Each band's coupling coordinate shall be applied to al the coefficientsin the
coupling band.

The coupling band structure indicates which coupling sub-bands are combined into wider coupling bands. When
cplbndstrc[sbnd] isa 0, the sub-band number [shnd] is nhot combined into the previous band to form awider band, but
starts a new 12 wide coupling band. When cplbndstrc[sbnd] isa 1, then the sub-band [sbnd] is combined with the
previous band, making the previous band 12 bins wider. Each successive value of cplbndstrc whichisa 1 will continue
to combine sub-bands into the current band. When another cplbndstrc value of 0 isreceived, then anew band will be
formed, beginning with the 12 bins of the current sub-band. The set of cplbndstrc[sbnd] valuesistypically considered
an array.

Each bit in the array correspondsto a specific coupling sub-band in ascending frequency order. The first element of the
array corresponds to the sub-band cplbegf, isaways 0, and is not transmitted. (There is no reason to send a cplbndstrc
bit for the first sub-band at cplbegf, since this bit would always be 0.) Thus, there are ncplsubnd-1 values of
cplbndstrc transmitted. If there is only one coupling sub-band, then no cplbndstrc bits are sent.

The number of coupling bands, ncplbnd, may be computed from ncplsubnd and cplbndstrc:

ncplbnd = (ncplsubnd - (cplbndstrc[1] + ... + cplbndstrc[ncplsubnd - 1])).

4.4.3.14 cplcoe[ch] - Coupling coordinates exist - 1 bit

Coupling coordinates indicate, for a given channel and within a given coupling band, the fraction of the coupling channel
frequency coefficients to use to re-create the individual channel frequency coefficients. Coupling coordinates are
conditionally transmitted in the bit stream. If new values are not delivered, the previousdly sent values remain in effect.
See clause 6.4 for further information on coupling.

If cplcoe[ch] is 1, the coupling coordinates for the corresponding channel [ch] exist and follow in the bit stream. If the
bit is 0, the previously transmitted coupling coordinates for this channel are reused. This parameter shall not be set to O
in block 0, or in any block for which the corresponding channel is participating in coupling but was not participating in
coupling in the previous block.
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4.4.3.15 mstrcplco[ch] - Master coupling coordinate - 2 bits

This per channel parameter establishes a per channel gain factor (increasing the dynamic range) for the coupling
coordinates as shown in Table 4.9.

Table 4.9: Master coupling coordinate

mstrcplco[ch] cplco[ch][bnd] gain multiplier
00 1
01 23
10 26
11 29

4.4.3.16 cplcoexp[ch][bnd] - Coupling coordinate exponent - 4 bits

Each coupling coordinate is composed of a 4-bit exponent and a 4-bit mantissa. This element is the value of the
coupling coordinate exponent for channel [ch] and band [bnd]. The index [ch] only will exist for those channels which
are coupled. Theindex [bnd] will range from 0 to ncplbnds. See clause 6.4.3 for further information on how to
interpret coupling coordinates.

4.4.3.17 cplcomant[ch][bnd] - Coupling coordinate mantissa - 4 bits

This element is the 4-bit coupling coordinate mantissa for channel [ch] and band [bnd].

4.4.3.18 phsflg[bnd] - Phase flag - 1 bit

This element (only used in the 2/0 mode) indicates whether the decoder should phase invert the coupling channel
manti ssas when reconstructing the right output channel. The index [bnd] can range from 0 to ncplbnd. Phase flags are
described in clause 6.4.

4.4.3.19 rematstr - Rematrixing strategy - 1 bit

If thishitisa 1, then new rematrix flags are present in the bit stream. If it is 0, rematrix flags are not present, and the
previous values should be reused. The rematstr parameter is present only in the 2/0 audio coding mode. This parameter
shall not be set to 0 in block 0.

4.4.3.20 rematflg[rbnd] - Rematrix flag - 1 bit

This bit indicates whether the transform coefficients in rematrixing band [rbnd] have been rematrixed. If thisbitisal,
then the transform coefficients in [rbnd] were rematrixed into sum and difference channels. If thishit isa0, then
rematrixing has not been performed in band [rbnd]. The number of rematrixing bands (and the number of values of
[rbnd]) depend on coupling parameters as shown in Table 4.10. Rematrixing is described in clause 6.5.

Table 4.10: Number of rematrixing bands

Condition No. of rematrixing bands
cplinu==0 4
(cplinu == 1) && (cplbegf > 2) 4
(cplinu == 1) && (2 = cplbegf > 0) 3
(cplinu == 1) && (cplbegf == 0) 2

4.4.3.21 cplexpstr - Coupling exponent strategy - 2 bits

This element indicates the method of exponent coding that is used for the coupling channel as shown in Table 6.4.
See clause 6.1 for explanation of each exponent strategy. This parameter shall not be set to 0 in block 0, or in any block
for which coupling is enabled but was disabled in the previous block.
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4.4.3.22 chexpstr[ch] - Channel exponent strategy - 2 bits

This element indicates the method of exponent coding that is used for channel [ch], as shown in Table 6.4. This element
exists for each full bandwidth channel. This parameter shall not be set to 0in block 0.

4.4.3.23 Ifeexpstr - Low frequency effects channel exponent strategy - 1 bit

This element indicates the method of exponent coding that is used for the Ife channel, as shown in Table 6.5. This
parameter shall not be set to 0 in block 0.

4.4.3.24 chbwcod[ch] - Channel bandwidth code - 6 bits

The chbwcod[ch] element is an unsigned integer which defines the upper band edge for full-bandwidth channel [ch].
This parameter is only included for fbw channels which are not coupled. (See clause 6.1.3 on exponents for the
definition of this parameter.) Valid values are in the range of O - 60. If avalue greater than 60 is received, the bit stream
isinvalid and the decoder shall cease decoding audio and mute.

4.4.3.25 cplabsexp - Coupling absolute exponent - 4 bits

Thisis an absolute exponent, which is used as a reference when decoding the differential exponents for the coupling
channel.

4.4.3.26 cplexps[grp] - Coupling exponents - 7 bits

Each value of cplexps indicates the value of 3, 6, or 12 differentially-coded coupling channel exponents for the
coupling exponent group [grp] for the case of d15, d25, or d45 coding, respectively. The number of cplexps values
transmitted equals ncplgrps, which may be determined from cplbegf, cplendf, and cplexpstr. Refer to clause 6.1.3 for
further information.

4.4.3.27 exps[ch][grp] - Channel exponents - 4 bits or 7 bits

These elements represent the encoded exponents for channel [ch]. Thefirst element ([grp] = 0) is a 4-bit absolute
exponent for the first (DC term) transform coefficient. The subsequent elements ([grp] > 0) are 7-bit representations of
agroup of 3, 6, or 12 differentially coded exponents (corresponding to d15, d25, d45 exponent strategies respectively).
The number of groups for each channel, nchgrps[ch], is determined from cplbegf if the channel is coupled, or
chbwcod[ch] if the channel is not coupled. Refer to clause 6.1.3 for further information.

4.4.3.28 gainrng[ch] - Channel gain range code - 2 bits

This per channel 2-bit element may be used to determine a block floating-point shift value for the inverse TDAC
transform filter bank. Use of this code allows increased dynamic range to be obtained from alimited word length
transform computation. For further information see clause 6.9.5.

4.4.3.29 Ifeexps[grp] - Low frequency effects channel exponents - 4 bits or 7 bits

These elements represent the encoded exponents for the Ife channel. The first element ([grp] = 0) is a4-bit absolute
exponent for the first (DC term) transform coefficient. There are two additional elements (nlfegrps = 2) which are 7-bit
representations of a group of 3 differentially coded exponents. The total number of Ife channel exponents (nlfemant)
is7.

4.4.3.30 baie - Bit allocation information exists - 1 bit

If thisbit isa 1, then five separate fields (totalling 11 bits) follow in the bit stream. Each field indicates parameter
values for the bit allocation process. If thisbit isa 0, these fields do not exist. Further details on these fields may be
found in clause 6.2. This parameter shall not be set to 0 in block 0.

4.4.3.31 sdcycod - Slow decay code - 2 bits

This 2-bit code specifies the slow decay parameter in the bit alocation process.
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4.4.3.32 fdcycod - Fast decay code - 2 bits

This 2-bit code specifies the fast decay parameter in the decode bit allocation process.

4.4.3.33 sgaincod - Slow gain code - 2 bits

This 2-bit code specifies the dow gain parameter in the decode bit allocation process.

4.4.3.34 dbpbcod - dB per bit code - 2 bits

This 2-bit code specifies the dB per bit parameter in the bit allocation process.

4.4.3.35 floorcod - Masking floor code - 3 bits

This 3-bit code specifies the floor code parameter in the bit allocation process.

4.4.3.36 snroffste - SNR offset exists - 1 bit

If this bit has a value of 1, a number of bit allocation parameters follow in the bit stream. If this bit has a value of O,
SNR offset information does not follow, and the previoudly transmitted values should be used for this block. The bit
allocation process and these parameters are described in clause 6.2. This parameter shall not be set to 0 in block 0.

4.4.3.37 csnroffst - Coarse SNR offset - 6 bits

This 6-bit code specifies the coarse SNR offset parameter in the bit allocation process.

4.4.3.38 cplfsnroffst - Coupling fine SNR offset - 4 bits

This 4-bit code specifies the coupling channel fine SNR offset in the bit allocation process.

4.4.3.39 cplfgaincod - Coupling fast gain code - 3 bits

This 3-bit code specifies the coupling channel fast gain code used in the bit alocation process.

4.4.3.40 fsnroffst[ch] - Channel fine SNR offset - 4 bits

This 4-bit code specifies the fine SNR offset used in the bit allocation process for channel [ch].

4.4.3.41 fgaincod[ch] - Channel fast gain code - 3 bits

This 3-bit code specifies the fast gain parameter used in the bit alocation process for channel [ch].

4.4.3.42 Ifefsnroffst - Low frequency effects channel fine SNR offset - 4 bits

This 4-bit code specifies the fine SNR offset parameter used in the bit alocation process for the Ife channel.

4.4.3.43 Ifefgaincod - Low frequency effects channel fast gain code - 3 bits

This 3-bit code specifies the fast gain parameter used in the bit allocation process for the Ife channel.

4.4.3.44 cplleake - Coupling leak initialization exists - 1 bit

If thishitisal, leak initialization parameters follow in the bit stream. If thisbit isa 0, the previously transmitted values
still apply. This parameter shall not be set to 0 in block 0, or in any block for which coupling is enabled but was
disabled in the previous block.
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4.4.3.45 cplfleak - Coupling fast leak initialization - 3 bits

This 3-bit code specifies the fast leak initialization value for the coupling channel's excitation function calculation in the
bit allocation process.

4.4.3.46 cplsleak - Coupling slow leak initialization - 3 bits

This 3-bit code specifies the slow leak initialization value for the coupling channel's excitation function calculation in
the bit allocation process.

4.4.3.47 deltbaie - Delta bit allocation information exists - 1 bit

If thishitisa 1, some deltabit allocation information follows in the bit stream. If thisbit isa 0, the previously
transmitted delta bit allocation information still applies, except for block 0. If deltbaieis 0 in block 0, then cpldeltbae
and deltbag[ch] are set to the binary value "10", and no delta bit allocation is applied. Delta bit alocation is described in
clause 6.2.2.

4.4.3.48 cpldeltbae - Coupling delta bit allocation exists - 2 bits

This 2-bit code indicates the delta bit allocation strategy for the coupling channel, as shownin Table 4.11. If the
reserved state is received, the decoder should not decode audio, and should mute. This parameter shall not be set to 00"
in block 0, or in any block for which coupling is enabled but was disabled in the previous block.

Table 4.11: Delta bit allocation exist states

cpldeltbae, deltbae Code
00 Reuse previous state
01 New info follows
10 Perform no delta alloc
11 Reserved

4.4.3.49 deltbae[ch] - Delta bit allocation exists - 2 bits

This per full bandwidth channel 2-bit code indicates the delta bit alocation strategy for the corresponding channel, as
shown in Table 4.11. This parameter shall not be set to "00" in block 0.

4.4.3.50 cpldeltnseg - Coupling delta bit allocation number of segments - 3 bits

This 3-bit code indicates the number of delta bit allocation segments that exist for the coupling channel. The value of
this parameter ranges from 1 to 8, and is calculated by adding 1 to the 3-bit binary humber represented by the code.

4.4.351 cpldeltoffst[seg] - Coupling delta bit allocation offset - 5 bits

The first 5-hit code ([seg] = 0) indicates the number of the first bit allocation band (as specified in

clause 6.4.2) of the coupling channel for which delta bit allocation values are provided. Subsequent codes indicate the
offset from the previous delta segment end point to the next bit allocation band for which delta bit allocation values are
provided.

4.4.3.52 cpldeltlen[seg] - Coupling delta bit allocation length - 4 bits

Each 4-bit code indicates the number of bit allocation bands that the corresponding segment spans.

4.4.3.53 cpldeltba[seg] - Coupling delta bit allocation - 3 bits
This 3-bit value is used in the bit allocation process for the coupling channel.

Each 3-bit code indicates an adjustment to the default masking curve computed in the decoder. The deltas are coded as
shown in Table 4.12.

ETSI



44 ETSI TS 102 366 V1.4.1 (2017-09)

Table 4.12: Bit allocation deltas

cpldeltba, deltba Adjustment

(dB)

000 24

001 -18

010 -12

011 -6

100 +6

101 +12

110 +18

111 +24

4.4.3.54 deltnseg[ch] - Channel delta bit allocation number of segments - 3 bits

These per full bandwidth channel elements are 3-bit codes indicating the number of delta bit allocation segments that
exist for the corresponding channel. The value of this parameter ranges from 1 to 8, and is calculated by adding 1 to the
3-bit binary code.

4.4.3.55 deltoffst[ch][seg] - Channel delta bit allocation offset - 5 bits

The first 5-hit code ([seg] = 0) indicates the number of the first bit allocation band (see clause 6.2.2) of the
corresponding channel for which delta bit allocation values are provided. Subsequent codes indicate the offset from the
previous delta segment end point to the next bit alocation band for which delta bit allocation values are provided.

4.4.3.56 deltlen[ch][seg] - Channel delta bit allocation length - 4 bits

Each 4-bit code indicates the number of bit allocation bands that the corresponding segment spans.

4.4.3.57 deltba[ch][seg] - Channel delta bit allocation - 3 bits

This 3-bit value is used in the bit allocation process for the indicated channel. Each 3-bit code indicates an adjustment to
the default masking curve computed in the decoder. The deltas are coded as shown in Table 4.13.

4.4.3.58 skiple - Skip length exists - 1 bit

If thisbit isa 1, then the skipl parameter follows in the bit stream. If this bit is a0, skipl does not exist.

4.4.3.59 skipl - Skip length - 9 bits

This 9-bit code indicates the number of dummy bytes to skip (ignore) before unpacking the mantissas of the current
audio block.

4.43.60  skipfld - Skip field - (skipl x 8) bits

Thisfield contains the bytes of datato be skipped, as indicated by the skipl parameter.

4.4.3.61 chmant[ch][bin] - Channel mantissas - 0 bits to 16 bits

The actual quantized mantissa values for the indicated channel. Each value may contain from 0 to as many as 16 bits.
The number of mantissas for the indicated channel is equal to nchmant[ch], which may be determined from
chbwcod|ch] (see clause 6.1.3) if the channel is not coupled, or from cplbegf (see clause 6.4.2) if the channel is
coupled. Detailed information on packed mantissa dataisin clause 6.3.
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4.4.3.62 cplmant[bin] - Coupling mantissas - 0 bits to 16 bits

The actual quantized mantissa values for the coupling channel. Each value may contain from O to as many as 16 bits.
The number of mantissas for the coupling channel is equal to ncplmant, which may be determined from:

ncplmant = 12 x ncplsubnd.

4.4.3.63 [femant[bin] - Low frequency effects channel mantissas - O bits to 16 bits
The actual quantized mantissa values for the Ife channel. Each value may contain from 0 to as many as 16 bits. The
value of nifemant is 7, so there are 7 mantissa val ues for the Ife channel.

4.4.4  auxdata - Auxiliary data field

4440 Introduction

Unused data at the end of a syncframe will exist whenever the encoder does not utilize al available datafor encoding
the audio signal. This may occur if the final bit allocation falls short of using al available bits, or if the input audio
signal simply does not require all available bits to be coded transparently. Or, the encoder may be instructed to
intentionally leave some bits unused by audio so that they are available for use by auxiliary data. Since the number of
bits required for auxiliary data may be smaller than the number of bits available (which will be time varying) in any
particular syncframe, a method is provided to signal the number of actual auxiliary data bits in each syncframe.

4441 auxbits - Auxiliary data bits - nauxbits bits
Thisfield contains auxiliary data. The total number of bitsin thisfield is:
nauxbits = (bitsin syncframe) - (bits used by all bit stream elements except for auxbits).

The number of bitsin the syncframe can be determined from the frame size code (frmsizcod) and Table 4.13. The
number of bits used includes all bits used by bit stream elements with the exception of auxbits. Any dummy data which
has been included with skip fields (skipfld) isincluded in the used bit count. The length of the auxbits field is adjusted
by the encoder such that the crc2 element falls on the last 16-bit word of the syncframe.

Table 4.13: Frame size code table (1 word = 16 bits)

frmsizecod I\ll)ti)trr;;r;g Words/syncframe Words/syncframe Words/syncframe
(kbit/s) fs =32 kHz fs = 44,1 kHz fs = 48 kHz
000000 (0) 32 96 69 64
000001 (0) 32 96 70 64
000010 (1) 40 120 87 80
000011 (1) 40 120 88 80
000100 (2) 48 144 104 96
000101 (2) 48 144 105 96
000110 (3) 56 168 121 112
000111 (3) 56 168 122 112
001000 (4) 64 192 139 128
001001 (4) 64 192 140 128
001010 (5) 80 240 174 160
001011 (5) 80 240 175 160
001100 (6) 96 288 208 192
001101 (6) 96 288 209 192
001110 (7) 112 336 243 224
001111 (7) 112 336 244 224
010000 (8) 128 384 278 256
010001 (8) 128 384 279 256
010010 (9) 160 480 348 320
010011 (9) 160 480 349 320
010100 (10) 192 576 417 384
010101 (10) 192 576 418 384
010110 (11) 224 672 487 448
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Nominal
. - Words/syncframe Words/syncframe Words/syncframe
frmsizecod bit rate fs = 32 kHz fs = 44,1 kiiz fs = 48 kHz
(kbit/s)
010111 (11) 224 672 488 448
011000 (12) 256 768 557 512
011001 (12) 256 768 558 512
011010 (13) 320 960 696 640
011011 (13) 320 960 697 640
011100 (14) 384 1152 835 768
011101 (14) 384 1152 836 768
011110 (15) 448 1344 975 896
011111 (15) 448 1344 976 896
100000 (16) 512 1536 1114 1024
100001 (16) 512 1536 1115 1024
100010 (17) 576 1728 1253 1152
100011 (17) 576 1728 1254 1152
100100 (18) 640 1920 1393 1280
100101 (18) 640 1920 1394 1280
NOTE: f: sampling frequency.

If the number of user bitsindicated by auxdatal is smaller than the number of available aux bits nauxbits, the user
dataislocated at the end of the auxbits field. This allows a decoder to find and unpack the auxdatal user bits without
knowing the value of nauxbits (which can only be determined by decoding the audio in the entire syncframe). The
order of the user datain the auxbits field is forward. Thus the aux data decoder (which may not decode any audio) may
simply look to the end of the AC-3 syncframe to find auxdatal, backup auxdatal bits (from the beginning of auxdatal)
in the data stream, and then unpack auxdatal bits moving forward in the data stream.

4.4.4.2 auxdatal - Auxiliary data length - 14 bits

This 14-bit integer value indicates the length, in bits, of the user data in the auxbits auxiliary field.

4443 auxdatae - Auxiliary data exists - 1 bit
If thisbit isa 1, then the auxdatal parameter precedesin the bit stream. If this bit isa0, auxdatal does not exist, and
thereis no user data.

445 errorcheck - Frame error detection field

4451 crcrsv - CRC reserved bit - 1 bit

Reserved for use in specific applications to ensure crc2 will not be equal to the sync word. Use of this bit is optional by
encoders. If the crc2 calculation resultsin a value equal to the syncword, the crcrsv bit may be inverted. Thiswill
result in acrc2 value which is not equal to the syncword.

4.4.5.2 crc2 - Cyclic redundancy check 2 - 16 bits

The 16-bit CRC applies to the entire syncframe. The details of the CRC checking are described in clause 6.10.1.

4.5 Bit stream constraints

The following constraints shall be imposed upon the encoded bit stream by the AC-3 encoder. These constraints allow
AC-3 decoders to be manufactured with smaller input memory buffers:

1) The combined size of the syncinfo fields, the bsi fields, block 0 and block 1 combined, shall not exceed 5/8 of
the syncframe.

2)  The combined size of the block 5 mantissa data, the auxiliary data fields, and the errorcheck fields shall not
exceed the final 3/8 of the syncframe.
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3) Block 0 shall contain all necessary information to begin correctly decoding the bit stream.

4)  Whenever the state of cplinu changes from off to on, al coupling information shall be included in the block in
which coupling is turned on. No coupling related information shall be reused from any previous blocks where
coupling may have been on.

5)  Coupling shall not be used in dual mono (1 + 1) or mono (1/0) modes. For blocks in which coupling is used,
there shall be at least two channelsin coupling.

6) Bit stream elements shall not be reused from a previous block if other bit stream parameters change the
dimensions of the elements to be reused. For example, exponents shall not be reused if the start or end
mantissa bin changes from the previous block.

5 Decoding the AC-3 bit stream

5.1 Introduction

Clause 4 specifies the detail s of the AC-3 bit stream syntax. The following clauses provide an overview of the AC-3
decoding process as diagrammed in Figure 5.1, where the decoding process flow is shown as a sequence of blocks down
the centre of the page, and some of the information flow isindicated by arrowed lines at the sides of the page. More
detailed information on some of the processing blocks will be found in clause 6. The decoder described in the following
clauses should be considered one example of a decoder. Other methods may exist to implement decoders, and these
other methods may have advantages in certain areas (such as instruction count, memory requirement, number of
transforms required, etc.).

5.2 Summary of the decoding process

5.2.1 Input bit stream

5.2.1.0 Introduction

The input bit stream will typically come from atransmission or storage system. The interface between the source of
AC-3 data and the AC-3 decoder is not specified in the present document. The details of the interface affect a number of
decoder implementation details.

5.21.1 Continuous or burst input

The encoded AC-3 data may be input to the decoder as a continuous data stream at the nominal bit rate, or chunks of
data may be burst into the decoder at a high rate with alow duty cycle. For burst mode operation, either the data source
or the decoder may be the master controlling the burst timing. The AC-3 decoder input buffer may be smaller in size if
the decoder can request bursts of data on an as-needed basis. However, the external buffer memory may be larger in this
case.

5.2.1.2 Byte or word alignment

Most applications of the present document will convey the bit AC-3 bit stream with byte or (16-bit) word alignment.
The syncframe is always an integral number of wordsin length. The decoder may receive data as a continuous seria
stream of bits without any alignment. Or, the data may be input to the decoder with either byte or word (16-bit)
alignment. Byte or word alignment of the input data may allow some simplification of the decoder. Alignment does
reduce the probability of false detection of the sync word.
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5.2.2 Synchronization and error detection

The AC-3 bit-stream format allows rapid synchronization. The 16-bit sync word has alow probability of false detection.
With no input stream alignment the probability of false detection of the sync word is 0,0015 % per input stream bit
position. For a bit rate of 384 kbit/s, the probability of false sync word detection is 19 % per syncframe. Byte alignment
of the input stream drops this probability to 2,5 %, and word alignment dropsit to 1,2 %.

When a sync pattern is detected the decoder may be estimated to be in sync and one of the CRC words (crcl or crc2)
may be checked. Since crcl comes first and coversthe first 5/8 of the syncframe, the result of acrcl check may be
available after only 5/8 of the syncframe has been received. Or, the entire syncframe size can be received and crc2
checked. If either CRC checks, the decoder may safely be presumed to be in sync and decoding and reproduction of
audio may proceed. The chance of false sync in this case would be the concatenation of the probabilities of afalse sync
word detection and a CRC misdetection of error. The CRC check isreliable to 0,0015 %. This probability, concatenated
with the probability of afalse sync detection in a byte aligned input bit stream, yield a probahility of false
synchronization of 0,000035 % (or about once in 3 million synchronization attempts).

If this small probability of false sync istoo large for an application, there are several methods which may reduce it. The
decoder may only presume correct sync in the case that both CRC words check properly. The decoder may require
multiple sync words to be received with the proper alignment. If the data transmission or storage system is aware that
dataisin error, thisinformation may be made known to the decoder.
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Additional details on methods of bit stream synchronization are not provided in the present document. Details on the
CRC calculation are provided in clause 6.10.

5.2.3 Unpack BSI, side information

Inherent to the decoding process is the unpacking (de-multiplexing) of the various types of information included in the
bit stream. Some of these items may be copied from the input buffer to dedicated registers, some may be copied to
specific working memory location, and some of the items may simply be located in the input buffer with pointersto
them saved to another location for use when the information is required. The information to be unpacked is specified in
detail in clause 4.3. Further details on the unpacking of BSI and side information are not provided in the present
document.
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5.2.4 Decode exponents

The exponents are delivered in the bit stream in an encoded form. In order to unpack and decode the exponents two
types of side information are required. First, the number of exponentsis determined. For fbw channels this may be
determined from either chbwcod|[ch] (for uncoupled channels) or from cplbegf (for coupled channels). For the
coupling channel, the number of exponents may be determined from cplbegf and cplendf. For the Ife channel (when
on), there are always 7 exponents. Second, the exponent strategy in use (d15, etc.) by each channel is determined. The
details on how to unpack and decode exponents are provided in clause 6.1.

525 Bit allocation

The bit allocation computation reveals how many bits are used for each mantissa. The inputs to the bit allocation
computation are the decoded exponents, and the bit allocation side information. The outputs of the bit allocation
computation are a set of bit allocation pointers (baps), one bap for each coded mantissa. The bap indicates the
quantizer used for the mantissa, and how many bits in the bit stream were used for each mantissa. The bit allocation
computation is described in detail in clause 6.2.

52.6 Process mantissas

The coarsely quantized mantissas make up the bulk of the AC-3 data stream. Each mantissais quantized to alevel of
precision indicated by the corresponding bap. In order to pack the mantissa data more efficiently, some mantissas are
grouped together into a single transmitted value. For instance, two 11-level quantized values are conveyed in asingle
7-bit code (3,5 bits/value) in the bit stream.

The mantissa data is unpacked by peeling off groups of bits as indicated by the baps. Grouped mantissas are
ungrouped. Theindividual coded mantissa values are converted into a de-quantized value. Mantissas which are
indicated as having zero bits may be reproduced as either zero, or by arandom dither value (under control of the dither
flag). The mantissa processing is described in full detail in clause 6.3.

5.2.7 Decoupling

When coupling isin use, the channels which are coupled are decoupled. Decoupling involves reconstructing the high
frequency section (exponents and mantissas) of each coupled channel, from the common coupling channel and the
coupling coordinates for the individual channel. Within each coupling band, the coupling channel coefficients
(exponent and mantissa) are multiplied by the individual channel coupling coordinates. The coupling processis
described in detail in clause 6.4.

5.2.8 Rematrixing

In the 2/0 audio coding mode rematrixing may be employed, as indicated by the rematrix flags (rematflg[rbnd]). Where
the flag indicates a band is rematrixed, the coefficients encoded in the bit stream are sum and difference valuesinstead
of left and right values. Rematrixing is described in detail in clause 6.5.

5.2.9 Dynamic range compression

For each block of audio a dynamic range control value (dynrng) may be included in the bit stream. The decoder, by
default, shall use thisvalue to alter the magnitude of the coefficient (exponent and mantissa) as specified in
clause 6.7.

5.2.10 Inverse transform
The decoding steps described above will result in a set of frequency coefficients for each encoded channel. The inverse

transform converts the blocks of frequency coefficientsinto blocks of time samples. The inverse transform is detailed
in clause 6.9.
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5.2.11 Window, overlap/add

Theindividual blocks of time samples are windowed, and adjacent blocks are overlapped and added together in order to
reconstruct the final continuous time output PCM audio signal. The window and overlap/add steps are described along
with the inverse transform in clause 6.9.

5.2.12 Downmixing

If the number of channels required at the decoder output is smaller than the number of channels which are encoded in
the bit stream, then downmixing is required. Downmixing in the time domain is shown in this example decoder. Since
theinverse transformis alinear operation, it is also possible to downmix in the frequency domain prior to
transformation. Clause 6.8 describes downmixing and specifies the downmix coefficients which decoders shall employ.

5.2.13 PCM output buffer

Typical decoders will provide PCM output samples at the PCM sample rate. Since blocks of samples result from the
decoding process, an output buffer istypically required. The present document does not specify or describe output
buffering in any further detail.

5.2.14 Output PCM

The output PCM samples may be delivered in form suitable for interconnection to a digital to analogue converter
(DAC), or in any other form. The present document does not specify the output PCM format.

6 Algorithmic details

6.0 Introduction

The following clauses describe various aspects of AC-3 coding in detail.

6.1 Exponent coding

6.1.1 Overview

The actual audio information conveyed by the AC-3 bit stream consists of the quantized frequency coefficients. The
coefficients are delivered in floating point form, with each coefficient consisting of an exponent and a mantissa. This
clause describes how the exponents are encoded and packed into the bit stream.

Exponents are 5-bit values which indicate the number of leading zerosin the binary representation of a frequency
coefficient. The exponent acts as a scale factor for each mantissa, equal to 2-€XP. Exponent values are allowed to range
from O (for the largest value coefficients with no leading zeros) to 24. Exponents for coefficients which have more than
24 |leading zeros are fixed at 24, and the corresponding mantissas are allowed to have |eading zeros. Exponents require
5 bitsin order to represent all allowed values.

AC-3 bit streams contain coded exponents for al independent channels, all coupled channels, and for the coupling and
low frequency effects channels (when they are enabled). Since audio information is not shared across syncframes, block
0 of every syncframe will include new exponents for every channel. Exponent information may be shared across blocks
within a syncframe, so blocks 1 through 5 may reuse exponents from previous blocks.

AC-3 exponent transmission employs differential coding, in which the exponents for a channel are differentially coded
across frequency. The first exponent of afbw or Ife channel is always sent as a 4-bit absolute value, ranging from

0 to 15. The value indicates the number of leading zeros of the first (DC term) transform coefficient. Successive (going
higher in frequency) exponents are sent as differential values which shall be added to the prior exponent value in order
to form the next absolute value.
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The differential exponents are combined into groups in the audio block. The grouping is done by one of three methods,
d15, d25, or d45, which are referred to as exponent strategies. The number of grouped differential exponents placed in
the audio block for a particular channel depends on the exponent strategy and on the frequency bandwidth information
for that channel. The number of exponentsin each group depends only on the exponent strategy.

An AC-3 audio block contains two types of fields with exponent information. The first type defines the exponent coding
strategy for each channel, and the second type contains the actual coded exponents for channels requiring new
exponents. For independent channels, frequency bandwidth information isincluded along with the exponent strategy
fields. For coupled channels, and the coupling channel, the frequency information is found in the coupling strategy
fields.

6.1.2 Exponent strategy

Exponent strategy information for every channel isincluded in every AC-3 audio block. Information is never shared
across syncframes, so block 0 will always contain a strategy indication (d15, d25, or d45) for each channel. Blocks

1 through 5 may indicate reuse of the prior (within the same syncframe) exponents. The three exponent coding
strategies provide a trade-off between data rate required for exponents, and their frequency resolution. The d15 mode
provides the finest frequency resolution, and the d45 mode requires the least amount of data. In all three modes, a
number of differential exponents are combined into 7-bit words when coded into an audio block. The main difference
between the modes is how many differential exponents are combined together.

The absolute exponents found in the bit stream at the beginning of the differentially coded exponent sets are sent as
4-bit values which have been limited in either range or resolution in order to save one bit. For fow and Ife channels, the
initial 4-bit absolute exponent represents a value from 0 to 15. Exponent values larger than 15 are limited to a value of
15. For the coupled channel, the 5-bit absolute exponent is limited to even values, and the LSB is not transmitted. The
resolution has been limited to valid values of 0, 2, 4...24. Each differential exponent can take on one of five

values. -2, -1, 0, +1, +2. This allows deltas of up to £2 (12 dB) between exponents. These five values are mapped into
thevalues 0, 1, 2, 3, 4 before being grouped, as shown in Table 6.1.

Table 6.1: Mapping of differential exponent values, d15 mode

Differential exponent Mapped value
+2 4
+1 3
0 2
-1 1
-2 0
NOTE 1: Mapped value: differential exponent +2.
NOTE 2: Differential exponent: mapped value -2.

In the d15 mode, the above mapping is applied to each individual differential exponent for coding into the bit stream. In
the d25 mode, each pair of differential exponentsis represented by a single mapped value in the bit stream. In this mode
the second differential exponent of each pair isimplied as a delta of O from the first element of the pair asindicated in
Table6.2.

Table 6.2: Mapping of differential exponent values, d25 mode

Differential exponent n Differential exponentn + 1 Mapped value
+2 0 4
+1 0 3
0 0 2
-1 0 1
) 0 0

The d45 mode is similar to the d25 mode except that quads of differential exponents are represented by a single mapped
value, asindicated by Table 6.3.
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Table 6.3: Mapping of differential exponent values, d45 mode

Differential Differential Differential Differential Mapped value
exponent exponent exponent exponent

n n+1 n+2 n+3

+2 0 0 0 4

+1 0 0 0 3

0 0 0 0 2

-1 0 0 0 1

-2 0 0 0 0

Since asingle exponent is effectively shared by 2 or 4 different mantissas, encoders shall ensure that the exponent
chosen for the pair or quad is the minimum absol ute value (corresponding to the largest exponent) needed to represent
all the mantissas.

For al modes, sets of three adjacent (in frequency) mapped values (M1, M2 and M 3) are grouped together and coded as
a 7-bit value according to the following formula:

Coded 7-bit grouped value = (25 x M1) + (5 x M2) + M3.

The exponent field for a given channel in an AC-3 audio block consists of a single absol ute exponent followed by a
number of these grouped values.

6.1.3

The exponent strategy for each coupled and independent channel isincluded in a set of 2-bit fields designated
chexpstr[ch]. When the coupling channel is present, a cplexpstr strategy code is also included. Table 6.4 shows the
mapping from exponent strategy code into exponent strategy .

Exponent decoding

Table 6.4: Exponent strategy coding

chexpstr[ch], cplexpstr Exponent strategy Exponents per group
Reuse
00 prior exponents 0
01 di5 3
10 d25 6
11 d45 12

When the low frequency effects channel is enabled the Ifeexpstr field is present. It is decoded as shown in Table 6.5.

Table 6.5: Ife channel exponent strategy coding

Ifeexpstr Exponent strategy Exponents per group
Reuse
0 . 0
prior exponents
1 di5 3

Following the exponent strategy fieldsin the bit streamis a set of channel bandwidth codes, chbwcod[ch]. These are
only present for independent channels (channels not in coupling) that have new exponentsin the current block. The
channel bandwidth code defines the end mantissa bin number for that channel according to the following:

endmant[ch] = ((chbwcod[ch] + 12) x 3) + 37, * (ch is not coupled) */
For coupled channels the end mantissa bin number is defined by the starting bin number of the coupling channel:
endmant[ch] = cplstrtmant; /* (chiscoupled) */

where cplstrtmant is as derived below. By definition the starting mantissa bin number for independent and coupled
channelsis0:

strtmant[ch] = 0.
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For the coupling channel, the frequency bandwidth information is derived from the fields cplbegf and cplendf found in
the coupling strategy information. The coupling channel starting and ending mantissa bins are defined as:

cplstrtmant = (cplbegf x 12) + 37;
cplendmant = ((cplendf + 3) x 12) + 37.
The low frequency effects channel, when present, always startsin bin 0 and always has the same number of mantissas:
Ifestrtmant = O;
Ifeendmant = 7.

The second set of fields contains coded exponents for all channels indicated to have new exponents in the current block.
These fields are designated as exps[ch][grp] for independent and coupled channels, cplexps[grp] for the coupling
channel, and Ifeexps[grp] for the low frequency effects channel. The first element of the exps fields (exps[ch][0]) and
the Ifeexps field (Ifeexps[0]) is dways a 4-bit absolute number. For these channels the absol ute exponent always
contains the exponent value of the first transform coefficient (bin #0). These 4-bit values correspond to a 5-bit exponent
which has been limited in range (0 to 15, instead of 0 to 24), i.e. the most significant bit is zero. The absol ute exponent
for the coupled channel, cplabsexp, isonly used as a reference to begin decoding the differential exponents for the
coupling channel (i.e. it does not represent an actual exponent). The cplabsexp is contained in the audio block as a
4-bit value, however it correspondsto a 5-bit value. The LSB of the coupled channel initial exponent is always 0, so the
decoder shall take the 4-bit value which was sent, and double it (Ieft shift by 1) in order to obtain the 5-hit starting
value.

For each coded exponent set the number of grouped exponents (not including the first absolute exponent) to decode
from the bit stream is derived as follows:

For independent and coupled channels:

nchgrpgch] = truncate ((endmant[ch] - 1) / 3); /* for d15 mode */
= truncate { (endmant[ch] - 1+ 3) / 6);  /* for d25 mode */
= truncate { (endmant[ch] - 1 + 9) / 12); /* for d45 mode */

For the coupling channel:

ncplgrps = (cplendmant - cplstrtmant) 3; /* for d15 mode */
= (cplendmant - cplstrtmant ) 6; /* for d15 mode */
= (cplendmant - cplstrtmant) 12; /* for d15 mode */

For the low frequency effects channel:
nifegrps = 2.

Decoding a set of coded grouped exponents will create a set of 5-bit absolute exponents. The exponents are decoded as
follows:

1) Each 7-bit grouping of mapped values (gexp) is decoded using the inverse of the encoding procedure:
- M1 = truncate (gexp / 25);
- M2 = truncate ((gexp % 25) / 5);
- M3 = (gexp % 25) % 5.
2) Each mapped value is converted to a differential exponent (dexp) by subtracting the mapping offset:
- dexp=M2.

3) Theset of differential exponentsis converted to absolute exponents by adding each differential exponent to the
absolute exponent of the previous frequency bin:

exp[n] = exp[n-1] + dexp[n].

4)  For the d25 and d45 modes each absolute exponent is copied to the remaining members of the pair or quad.
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The above procedure can be summarized as follows:

Pseudo code

/* unpack the mapped val ues */
for (grp = 0; grp < ngrps; grp++)
{

expacc = gexp[grp];

dexp[grp * 3] = truncate (expacc / 25)
expacc = expacc - ( 25 * dexp[grp * 3])
dexp[(grp * 3) + 1] = truncate (expacc / 5)
expacc = expacc - (5 * dexp[(grp * 3) + 1])
dexp[(grp * 3) + 2] = expacc

/* unbi ased mapped val ues */
for (grp = 0; grp < (ngrps * 3); grp++)

dexp[grp] = dexp[grp] - 2;
/* convert fromdifferentials to absolutes */
prevexp = absexp;
for (i =0; i < (ngrps * 3); i++)

prevexp + dexp[i];
aexp[i];

aexp[i] =
prevexp =
/* expand to full absol ute exponent array, using grpsize */
exp[ 0] = absexp;

for (i =0; i < (ngrps * 3); i++)

for (j =0; j < grpsize; j++)
{
exp[(i * grpsize) + ) +1] = aexp[i];
}
}
where:
. ngrps: number of grouped exponents (nchgrps[ch], ncplgrps, or nifegrps).

. grpsize = 1for d15;
=2 for d25;
=4 for d45.
. absexp: absolute exponent (exps[ch][0], (cplabsexp<<1), or Ifeexps[0]).

For the coupling channel the above output array, exp[n], should be offset to correspond to the coupling start
mantissa bin:

cplexp[n + cplstrtmant] = exp[n + 1].

For the remaining channels exp[n] will correspond directly to the absolute exponent array for that channel.

6.2 Bit allocation

6.2.1 Overview

The bit alocation routine analyses the spectral envelope of the audio signal being coded with respect to masking effects
to determine the number of bits to assign to each transform coefficient mantissa. In the encoder, the bit allocationis
performed globally on the ensemble of channels as an entity, from a common bit pool. There are no preassigned
exponent or mantissa bits, allowing the routine to flexibly all ocate bits across channels, frequencies, and audio blocksin
accordance with signal demand.
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The bit allocation contains a parametric model of human hearing for estimating a noise level threshold, expressed as a
function of frequency, which separates audible from inaudibl e spectral components. Various parameters of the hearing
model can be adjusted by the encoder depending upon signal characteristics. For example, a prototype masking curveis
defined in terms of two piecewise continuous line segments, each with its own slope and y-axis intercept. One of
several possible slopes and intercepts is selected by the encoder for each line segment. The encoder may iterate on one
or more such parameters until an optimal result is obtained. When all parameters used to estimate the noise level
threshold have been selected by the encoder, the final bit allocation is computed. The model parameters are conveyed to
the decoder with other side information. The decoder executes the routine in a single pass.

The estimated noise level threshold is computed over 50 bands of non-uniform bandwidth (an approximate 1/6 octave
scale). The banding structure, defined by tablesin the next clause, isindependent of sampling frequency. The required
bit allocation for each mantissa is established by performing atable look-up based upon the difference between the
input signal power spectral density (PSD) evaluated on afine-grain uniform frequency scale, and the estimated noise
level threshold evaluated on the coarse-grain (banded) frequency scale. Therefore, the bit alocation result for a
particular channel has spectral granularity corresponding to the exponent strategy employed. More specifically, a
separate bit allocation will be computed for each mantissa within a d15 exponent set, each pair of mantissas within a
d25 exponent set, and each quadruple of mantissas within a d45 exponent set.

The bit alocation shall be computed in the decoder whenever the exponent strategy (chexpstr, cplexpstr, Ifeexpstr)
for one or more channels does not indicate reuse, or whenever baie, snroffste, or deltbaie = 1. Accordingly, the bit
allocation can be updated at a rate ranging from once per audio block to once per 6 audio blocks, including the integral
steps in between. A complete set of new bit allocation information is always transmitted in audio block O.

Since the parametric bit allocation routine is required to generate identical resultsin al encoder and decoder
implementations, each step is defined exactly in terms of fixed-point integer operations and table look-ups. Throughout
the discussion below, signed two's complement arithmetic is employed. All additions are performed with an
accumulator of 14 or more bits. All intermediate results and stored values are 8-bit values.

6.2.2 Parametric bit allocation

6.2.2.0 Introduction

This clause describes the seven-step procedure for computing the output of the parametric bit alocation routine in the
decoder. The approach outlined here starts with a single uncoupled or coupled exponent set and processes all the input
data for each step prior to continuing to the next one. This technique, called vertical execution, is conceptually
straightforward to describe and implement. Alternatively, the seven steps can be executed horizontally, in which case
multiple passes through all seven steps are made for separate subsets of the input exponent set.

The choice of vertical vs. horizontal execution depends upon the relative importance of execution time vs. memory
usage in the final implementation. Vertical execution of the algorithm is usually faster due to reduced looping and
context save overhead. However, horizontal execution requires less RAM to store the temporary arrays generated in
each step. Hybrid horizontal /vertical implementation approaches are also possible which combine the benefits of both
techniques.

6.2.2.1 Initialization

Compute start/end frequencies for the channel being decoded. These are computed from parameters in the bit stream as
follows:

Pseudo code
/* for fbw channels */
for(ch=0; ch<nfchans; ch++)

strtmant[ch] = 0;
if(chincpl[ch]) endmant[ch] = 37 + (12 x cpl begf); /* channel is coupled */
el se endmant[ch] = 37 + (3 x (chbwcod + 12)); /* channel is not coupled */

/* for coupling channel */

cplstrtmant = 37 + (12 x cpl begf);

cpl endmant = 37 + (12 x (cplendf + 3));
/* for |fe channel */

| festartmant = O;

| feendmant = 7,
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Specia case processing step:

Before continuing with the initialization procedure, all snr offset parameters from the bit stream should be eval uated.
These include csnroffst, fsnroffst[ch], cplfsnroffst, and Ifefsnroffst. If they are all found to be equal to zero, then all
elements of the bit allocation pointer array bap[] should be set to zero, and no other bit allocation processing is required
for the current audio block.

Perform table look-ups to determine the values of sdecay, fdecay, sgain, dbknee, and floor from parametersin the bit
stream as follows:

Pseudo code

sdecay = sl owdec[sdcycod]; /* Table 6.6 */
fdecay = fastdec[fdcycod]; /* Table 6.7 */
sgain = slowgai n[sgai ncod]; /* Table 6.8 */
dbknee = dbpbt ab[ dbpbcod] ; /* Table 6.9 */
floor = floortab[floorcod]; /* Table 6.10 */

Initialize as follows for uncoupled portion of fow channel:

Pseudo code

start = strtmant[ch];

end = endmant[ch];

| owconp = O;

fgain = fastgain[fgaincod[ch]]; /* Table 6.11 */
snroffset[ch] = ((csnroffst - 15) << 4 + fsnroffst[ch]) << 2;

Initialize as follows for coupling channel:

Pseudo code

start = cplstrtmant;

end = cpl endmant ;

fgain = fastgain[cpl fgaincod]; /* Table 6.11 */
snroffset = ((csnroffst - 15) << 4 + cplfsnroffst) << 2;
fastl eak (cplfleak << 8) + 768;

sl ow eak (cpl sl eak << 8) + 768;

Initidlize as follows for Ife channel:

Pseudo code

start = |festrtmant;
end = | feendmant;
| owconp = O;

fgain = fastgain[Ifefgaincod];
snroffset = ((csnroffst - 15) << 4 + |fefsnroffst) << 2;

6.2.2.2 Exponent mapping into psd

This step maps decoded exponents into a 13-bit signed log power-spectral density function.

Pseudo code
for (bin=start; bin<end; bin++)

psd[bin] = (3 072 - (exp[bin] << 7));

Since exp[Kk] assumesintegral values ranging from 0 to 24, the dynamic range of the psd[] valuesis from O (for the
lowest-level signal) to 3072 for the highest-level signal. The resulting function is represented on afine-grain, linear
frequency scale.

6.2.2.3 psd integration

This step of the algorithm integrates fine-grain psd values within each of a multiplicity of 1/6th octave bands.
Table 6.12 contains the 50 array values for bndtab[] and bndsz[]. The bndtab[] array gives the first mantissa number in
each band. The bndsz[] array provides the width of each band in number of included mantissas.
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Table 6.13 contains the 256 array values for masktab([], showing the mapping from mantissa number into the associated
1/6 octave band number. These two tables contain duplicate information, al of which need not be available in an actual
implementation. They are shown here for simplicity of presentation only.

Theintegration of psd values in each band is performed with log-addition. The log-addition isimplemented by
computing the difference between the two operands and using the absol ute difference divided by 2 as an addressinto a
length 256 look-up table, latab[], shown in Table 6.14.

Pseudo code
j = start ;

k = masktab[start] ;
do
{
lastbin = min(bndtab[k] + bndsz[k], end);
bndpsd[ k] = psd[j] ;
j+t
for (i =j; i < lastbin; i++)
bndpsd[ k] = | ogadd(bndpsd[ k], psd[j]) ;
j+t
}
k++ ;

}
while (end > lasthin) ;

| ogadd(a, b)
{
c=allb;
address = mn((abs(c) >> 1), 255) ;
if (c >=0)
{
return(a + | atab(address)) ;
}
el se
{
return(b + | atab(address)) ;
}
}
}
6.2.2.4 Compute excitation function

The excitation function is computed by applying the prototype masking curve selected by the encoder (and transmitted
to the decoder) to the integrated psd spectrum (bndpsd][]). The result of this computation is then offset downward in
amplitude by the fgain and sgain parameters, which are also obtained from the bit stream.

Pseudo code

bndstrt = masktab[start];

bndend = masktab[end - 1] + 1,

if (bndstrt == 0) /* For fbw and |Ife channels */

{ /* note: do not call calc_lowonp() for the last band of the |Ife channel, (bin = 6) */
| owconp = cal c_| owconp(| owconp, bndpsd[ 0], bndpsd[1], 0);
excite[0] = bndpsd[0] - fgain - | owconp;
| owconp = cal c_| owconp(| owconp, bndpsd[ 1], bndpsd[2], 1);
excite[1] = bndpsd[1] - fgain - | owconp;
begin = 7;
for (bin =2; bin < 7; bin++)

{

if ((bndend '=7) || (bin!=6)) /* skip for last bin of |Ife channels */
{
| owconp = cal c_| owconp(| owconp, bndpsd[ bi n], bndpsd[bi n+1], bin) ;
}
fastl eak = bndpsd[bin] - fgain ;
sl ow eak = bndpsd[bin] - sgain ;
excite[bin] = fastleak - | owconp ;
if ((bndend '=7) || (bin!=6)) /* skip for last bin of Ife channel */
if (bndpsd[bin] <= bndpsd[bin+1])
{

begin = bin + 1 ;
break ;
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Pseudo code
for (bin = begin; bin < mn(bndend, 22); bin++)
{
if ((bndend '=7) || (bin!=6)) /* skip for last bin of |Ife channel */
{
| owconp = cal c_| owconp(| owconp, bndpsd[ bi n], bndpsd[ bi n+1], bin)
fastl eak -= fdecay
fastl eak = max(fastl eak, bndpsd[bin] - fgain)
sl owl eak -= sdecay
sl owl eak = max(sl ow eak, bndpsd[bin] - sgain)
excite[bin] = max(fastleak - |owconp, slow eak)
}
begin = 22
el se /* For coupling channel */
{
begin = bndstrt;
}
for (bin = begin; bin < bndend; bin++)
{
fastl eak - = fdecay
fastl eak = max(fastl eak, bndpsd[bin] - fgain)
sl oW eak -= sdecay;
sl ow eak = max(sl ow eak, bndpsd[bin] - sgain)

excite[bin] = max(fastleak, slow eak);

}
cal c_l omconp(a, b0, bl, bin)

if (bin<7)
if ((bO + 256) == bl);
{ a = 384;
}elseif (b0 > bl)
: a = max(0, a - 64);

}
else if (bin < 20)

if ((b0 + 256) == bi)

a = 320
}
else if (b0 > bl)
{
a = max(0, a - 64)
}
}
el se
{
a = max(0, a - 128)
return(a);
}
6.2.2.5 Compute masking curve

This step computes the masking (noise level threshold) curve from the excitation function, as shown below. The hearing
threshold hth[][] is shown in Table 6.15. The fscod and dbpbcod variables are received by the decoder in the bit

stream.

Pseudo code

for (bin = bndstrt; bin < bndend; bin++)

i f (bndpsd[bin] < dbknee)
{
excite[bin] += ((dbknee - bndpsd[bin]) >> 2)

mask[ bin] = max(excite[bin], hth[fscod][bin]);
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6.2.2.6 Apply delta bit allocation

The optional delta bit alocation, dba, information in the bit stream provides a means for the encoder to transmit side
information to the decoder which directly increases or decreases the masking curve obtained by the parametric routine.
Delta bit allocation can be enabled by the encoder for audio blocks which derive an improvement in audio quality when
the default bit alocation is appropriately modified. The delta bit allocation option is available for each fbw channel and
the coupling channel.

In the event that delta bit allocation is not being used, and no dbainformation isincluded in the bit stream, the decoder
shall not modify the default allocation. One way to ensure thisisto initialize the cpldeltnseg and deltnseg[ch] delta
bit allocation variables to 0 at the beginning of each syncframe. This makes the dba processing (shown below) to
immediately terminate, unless dbainformation (including cpldeltnseg and deltnseg[ch]) isincluded in the bit stream.

The dba information which modifies the decoder bit allocation is transmitted as side information. The allocation
modifications occur in the form of adjustments to the default masking curve computed in the decoder. Adjustments can
be made in multiples of +6 dB. On the average, a masking curve adjustment of -6 dB corresponds to an increase of 1 bit
of resolution for all the mantissasin the affected 1/6™ octave band. The following code indicates, for asingle channel,
how the modification is performed. The modification calculation is performed on the coupling channel (where deltnseg
below equals cpldeltnseg) and on each fbw channel (where deltnseg equals deltnseg[ch]).

Pseudo code
if ((deltbae == 0) || (deltbae == 1))

band = 0;
for (seg = 0; seg < deltnseg+l; seg++)

{
band += del toffst[seq];

if (deltba[seg] >= 4)

delta = (deltba[seg] - 3) << 7;
]él se

delta = (deltba[seg] - 4) << 7;
1]"or (k = 0; k < deltlen[seg]; k++)

mask[ band] += delta;
band++;

6.2.2.7 Compute bit allocation

The bit allocation pointer array (bap[]) is computed in this step. The masking curve, adjusted by snroffset in an earlier
step and then truncated, is subtracted from the fine-grain psd[] array. The difference is right-shifted by 5 bits,
thresholded, and then used as an address into baptabl] to obtain the final alocation. The baptab[] array is shown

in Table 6.16.

The sum of al channel mantissa allocations in one syncframe is constrained by the encoder to be less than or equal to the
total number of mantissa bits available for that syncframe. The encoder accomplishes this by iterating on the val ues of
csnroffst and fsnroffst (or cplfsnroffst or Ifefsnroffst for the coupling and low frequency effects channels) to obtain an
appropriate result. The decoder is guaranteed to receive a mantissa allocation which meets the constraints of a fixed
transmission bit rate.

At the end of this step, the bap[] array contains a series of 4-bit pointers. The pointers indicate how many bits are

assigned to each mantissa. The correspondence between bap pointer value and quantization accuracy is shown in
Table 6.17.
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Pseudo code

i = start ;

j = masktab[start]

do

{
lastbin = min(bndtab[j] + bndsz[j], end) ;
mask[j] -= snroffset
mask[j] -= floor

if (mask[j] < 0)
{
mask[j] = 0 ;

mask[j] &= 0x1fe0

mask[j] += floor

for (k =i; k < lastbin; k++)

{
address = (psd[i] - mask[j]) >> 5
addr ess m n(63, max(0, address)) ;
bap[i] = baptab[address]
i++

i+

}
while (end > | astbin)

6.2.3 Bit allocation tables

Table 6.6: Slow decay table, slowdec[]

Address slowdec[address]
0 0xOf
1 0x11
2 0x13
3 0x15

Table 6.7: Fast decay table, fastdec]]

Address fastdec[address]
0 0x3f
1 0x53
2 0x67
3 0x7b

Table 6.8: Slow gain table, slowgain][ ]

Address slowgain[address]
0 0x540
1 0x4d8
2 0x478
3 0x410

Table 6.9: dB/bit table, dbpbtabl]

Address dbpbtabladdress]
0 0x000
1 0x700
2 0x900
3 0xb00
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Table 6.10: Floor table, floortab[]

Address floortab[address]
0 0x2f0
0x2b0
0x270
0x230
0x1f0
0x170
0x0f0
0xf800

N[OOI~ |WIN|F

Table 6.11: Fast gain table, fastgain|]

Address fastgain[address]
0 0x080
0x100
0x180
0x200
0x280
0x300
0x380
0x400

N[OOI~ [W|IN|F

Table 6.12: Banding structure tables, bndtab[], bndsz[]

Band No. bndtab[band] | bndsz[band] Band No. bndtab[band] bndsz[band]
0 0 1 25 25 1
1 1 1 26 26 1
2 2 1 27 27 1
3 3 1 28 28 3
4 4 1 29 31 3
5 5 1 30 34 3
6 6 1 31 37 3
7 7 1 32 40 3
8 8 1 33 43 3
9 9 1 34 46 3
10 10 1 35 49 6
11 11 1 36 55 6
12 12 1 37 61 6
13 13 1 38 67 6
14 14 1 39 73 6
15 15 1 40 79 6
16 16 1 41 85 12
17 17 1 42 97 12
18 18 1 43 109 12
19 19 1 44 121 12
20 20 1 45 133 24
21 21 1 46 157 24
22 22 1 47 181 24
23 23 1 48 205 24
24 24 1 49 229 24

Table 6.13: Bin number to band number table, masktab[bin]
bin =(10x A)+B

B=0[B=1|B=2|B=3|B=4[B=5|B=6[B=7|B=8|B=9
A=0 0 1 2 3 4 5 6 7 8 9
A=1 |10 11 12 13 14 15 16 17 18 19
A=2 | 20 21 22 23 24 25 26 27 28 28
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B=0[B=1|B=2|B=3|B=4[B=5|B=6[B=7|B=8|B=9
28 29 29 29 30 30 30 31 31 31
32 32 32 33 33 33 34 34 34 35
35 35 35 35 35 36 36 36 36 36
36 37 37 37 37 37 37 38 38 38
38 38 38 39 39 39 39 39 39 40
40 40 40 40 40 41 41 41 41 41
41 41 41 41 41 41 41 42 42 42
42 42 42 42 42 42 42 42 42 43

43 43 43 43 43 43 43 43 43

43 44 44 44 44 44 44 44 44 44

44 44 44 45 45 45 45 45 45 45

45 45 45 45 45 45 45 45 45 45

45 45 45 45 45 45 45 46 46 46

46 46 46 46 46 46 46 46 46 46

A=17 | 46 46 46 46 46 46 46 46 46 46

A=18 | 46 47 47 47 47 47 47 47 47 47

A=19 | 47 47 47 47 47 47 47 47 47 47

A =20 [ 47 47 47 47 47 48 48 48 48 48

A=21| 48 48 48 48 48 48 48 48 48 48

A=22] 48 48 48 48 48 48 48 48 48 49

A=231] 49 49 49 49 49 49 49 49 49 49

A=24 | 49 49 49 49 49 49 49 49 49 49

A=25| 49 49 49 0 0 0

PP dpdPdENESESESESENES
Inyin niln

PRk R Re
o|o|s|w|n|k[o|@|®|N || 01~ w
N
w

Table 6.14: Log-addition table, latab[val]
val=(10xA)+B

B=0 B=1 B=2 B=3 B=4 B=5 B=6 B=7 B=8 B=9

0x0040 0x003f | 0x003e | 0x003d [ 0x003c | 0x003b [ 0x003a | Ox0039 | 0x0038 [ 0x0037

0x0036 | 0x0035 | 0x0034 | 0x0034 | 0x0033 | 0x0032 | 0x0031 | 0x0030 | 0x002f | Ox002f

0x002e | 0x002d | 0x002c | Ox002c | 0x002b | 0x002a | Ox0029 | 0x0029 | 0x0028 | 0x0027

0x0026 | 0x0026 | 0x0025 | 0x0024 [ 0x0024 | 0x0023 | 0x0023 | 0x0022 | 0x0021 | 0x0021

0x0020 | 0x0020 | 0x001f | Ox00le | Ox00le | 0x001d | Ox001d | 0x00lc | 0x00lc | 0x001b

0x001b | 0x00la | Ox00la | Ox0019 | 0x0019 | 0x0018 | Ox0018 | 0x0017 | 0x0017 | 0x0016

0x0016 | 0x0015 | 0x0015 | 0x0015 [ 0x0014 | 0x0014 | Ox0013 | 0x0013 | 0x0013 | 0x0012

0x0012 | 0x0012 | 0x0011 | 0x0011 | 0x0011 | O0x0010 | 0x0010 | 0x0010 | 0x000f | Ox000f

0x000f | 0x000e | Ox000e [ 0x000e | 0x000d [ Ox000d | 0x000d | Ox000d [ 0x000c | 0x000c

OIO(N|O|O|BR|WIN|F|O

0x000c | 0x000c | Ox000b | 0x000b | 0x000b | Ox000b | 0x000a | Ox000a | 0x000a | 0x000a

[EnY
o

0x000a | 0x0009 | 0x0009 | 0x0009 [ 0x0009 | 0x0009 | Ox0008 | 0x0008 | 0x0008 | 0x0008

[
[

0x0008 | 0x0008 | 0x0007 | 0x0007 [ 0x0007 | 0x0007 | Ox0007 | 0x0007 | 0x0006 | 0x0006

[EnY
N

0x0006 | 0x0006 | 0x0006 | 0x0006 [ 0x0006 | 0x0006 | Ox0005 | 0x0005 | 0x0005 | 0x0005

[EnY
w

0x0005 | 0x0005 | 0x0005 | 0x0005 [ 0x0004 | 0x0004 | Ox0004 | 0x0004 | 0x0004 | 0x0004

[EnY
N

0x0004 | 0x0004 | 0x0004 | 0x0004 [ 0x0004 | 0x0003 | Ox0003 | 0x0003 | 0x0003 | 0x0003

[EnY
[

0x0003 | 0x0003 | 0x0003 | 0x0003 [ 0x0003 | 0x0003 | Ox0003 | 0x0003 | 0x0003 | 0x0002

=
(<]

0x0002 | 0x0002 | 0x0002 | 0x0002 [ 0x0002 | 0x0002 | Ox0002 | 0x0002 | 0x0002 | 0x0002

1
[EnY
~

0x0002 | 0x0002 | 0x0002 | 0x0002 [ 0x0002 | 0x0002 | Ox0002 | 0x0002 | 0x0001 | 0x0001

[EnY
o]

0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | Ox0001 | Ox0001 | 0x0001 | 0x0001 | 0x0001

[EnY
©

0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | Ox0001 | Ox0001 | 0x0001 | 0x0001 | 0x0001

N
o

0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | Ox0001 | Ox0001 | 0x0001 | 0x0001 | 0x0001

N
[y

0x0000 | 0x0000 | 0x0000 | 0x0000 [ 00000 | Ox0000 | Ox0000 | 00000 | 00000 | 0x0000

N
N

0x0000 | 0x0000 | 0x0000 | 0x0000 [ 00000 | 0Ox0000 | Ox0000 | 00000 | 00000 | 0x0000

N
w

0x0000 | 0x0000 | 0x0000 | 0x0000 [ 00000 | 0x0000 | Ox0000 | 00000 | 00000 | 0x0000

N
i

0x0000 | 0x0000 | 0x0000 | 0x0000 [ 00000 | 0x0000 | Ox0000 | 00000 | 00000 | 0x0000

2P DR PP PRI PP P B P DI ENENENESENESESENESES

N
a1

0x0000 | 0x0000 | 0x0000 | 0x0000 [ 00000 | 0Ox0000 | Ox0000 | 00000 | 00000 | 0x0000
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Table 6.15: Hearing threshold table, hth[fscod][band]

Band | hth[0][band] hth[1][band] hth[2][band] Band | hth[0][band] hth[1][band] hth[2][band]
No. (fy=48kHz) | (fy=44,1kHz) | (f,=32kHz) No. (fy=48kHz) | (fy=44,1kHz) | (fy=32kHz)
0 0x04d0 0x04f0 0x0580 25 0x0340 0x0350 0x0380
1 0x04d0 0x04f0 0x0580 26 0x0330 0x0340 0x0380
2 0x0440 0x0460 0x04b0 27 0x0320 0x0340 0x0370
3 0x0400 0x0410 0x0450 28 0x0310 0x0320 0x0360
4 0x03e0 0x03e0 0x0420 29 0x0300 0x0310 0x0350
5 0x03c0 0x03d0 0x03f0 30 0x02f0 0x0300 0x0340
6 0x03b0 0x03c0 0x03e0 31 0x02f0 0x02f0 0x0330
7 0x03b0 0x03b0 0x03d0 32 0x02f0 0x02f0 0x0320
8 0x03a0 0x03b0 0x03c0 33 0x02f0 0x02f0 0x0310
9 0x03a0 0x03a0 0x03b0 34 0x0300 0x02f0 0x0300
10 0x03a0 0x03a0 0x03b0 35 0x0310 0x0300 0x02f0
11 0x03a0 0x03a0 0x03b0 36 0x0340 0x0320 0x02f0
12 0x03a0 0x03a0 0x03a0 37 0x0390 0x0350 0x02f0
13 0x0390 0x03a0 0x03a0 38 0x03e0 0x0390 0x0300
14 0x0390 0x0390 0x03a0 39 0x0420 0x03e0 0x0310
15 0x0390 0x0390 0x03a0 40 0x0460 0x0420 0x0330
16 0x0380 0x0390 0x03a0 41 0x0490 0x0450 0x0350
17 0x0380 0x0380 0x03a0 42 0x04a0 0x04a0 0x03c0
18 0x0370 0x0380 0x03a0 43 0x0460 0x0490 0x0410
19 0x0370 0x0380 0x03a0 44 0x0440 0x0460 0x0470
20 0x0360 0x0370 0x0390 45 0x0440 0x0440 0x04a0
21 0x0360 0x0370 0x0390 46 0x0520 0x0480 0x0460
22 0x0350 0x0360 0x0390 47 0x0800 0x0630 0x0440
23 0x0350 0x0360 0x0390 48 0x0840 0x0840 0x0450
24 0x0340 0x0350 0x0380 49 0x0840 0x0840 0x04e0
Table 6.16: Bit allocation pointer table, baptab]]
Address Baptab[address] Address baptab[address]
0 0 32 10
1 1 33 10
2 1 34 10
3 1 35 11
4 1 36 11
5 1 37 11
6 2 38 11
7 2 39 12
8 3 40 12
9 3 41 12
10 3 42 12
11 4 43 13
12 4 44 13
13 5 45 13
14 5 46 13
15 6 47 14
16 6 48 14
17 6 49 14
18 6 50 14
19 7 51 14
20 7 52 14
21 7 53 14
22 7 54 14
23 8 55 15
24 8 56 15
25 8 57 15
26 8 58 15
27 9 59 15
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65
Address Baptab[address] Address baptab[address]
28 9 60 15
29 9 61 15
30 9 62 15
31 10 63 15

Table 6.17: Quantizer levels and mantissa bits vs. bap

bap Quantizer Mantissa bit_s
levels (group bits/number in group)

0 0 0

1 3 1,67 (5/3)

2 5 2,33 (713)

3 7 3

4 11 3,5 (7/2)

5 15 4

6 32 5

7 64 6

8 128 7

9 256 8

10 512 9

11 1024 10

12 2048 11

13 4 096 12

14 16 384 14

15 65 536 16

6.3 Quantization and decoding of mantissas

6.3.1 Overview

All mantissas are quantized to afixed level of precision indicated by the corresponding bap. Mantissas quantized to
15 or fewer levels use symmetric quantization. Mantissas quantized to more than 15 levels use asymmetric quantization

which is a conventional two's complement representation.

Some quantized mantissa values are grouped together and encoded into a common codeword. In the case of the 3-level
guantizer, 3 quantized values are grouped together and represented by a 5-bit codeword in the data stream. In the case
of the 5-level quantizer, 3 quantized values are grouped and represented by a 7-bit codeword. For the 11-level quantizer,
2 quantized values are grouped and represented by a 7-bit codeword.

In the encoder, each transform coefficient (which isaways < 1,0) isleft justified by shifting its binary representation
left the number of timesindicated by its exponent (O to 24 left shifts). The amplified coefficient is then quantized to a

number of levelsindicated by the corresponding bap.

Table 6.18 indicates which quantizer to use for each bap. If a bap equals 0, no bits are sent for the mantissa. Grouping is
used for bapsof 1, 2 and 4 (3, 5, and 11 level quantizers.)

Table 6.18: Mapping of bap to quantizer

. N Mantissa bits
bap QLIJantIIZEI‘ Quatntlzatlon (gntztab[bap])
evels ype (group bits/number in group)
0 0 None 0
1 3 Symmetric 1,67 (5/3)
2 5 Symmetric 2,33 (7/13)
3 7 Symmetric 3
4 11 Symmetric 3,5 (7/2)
5 15 Symmetric 4
6 32 Asymmetric 5
7 64 Asymmetric 6
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. o Mantissa bits
bap Qlljantllzer Qua?tlzatlon (qntztab[bap])
evels ype (group bits/number in group)

8 128 Asymmetric 7
9 256 Asymmetric 8
10 512 Asymmetric 9
11 1024 Asymmetric 10
12 2048 Asymmetric 11
13 4 096 Asymmetric 12
14 16 384 Asymmetric 14
15 65 536 Asymmetric 16

During the decode process, the mantissa data stream is parsed up into single mantissas of varying length, interspersed
with groups representing combined coding of either triplets or pairs of mantissas. In the bit stream, the mantissasin

each exponent set are arranged in frequency ascending order. However, groups occur at the position of the first mantissa
contained in the group. Nothing is unpacked from the bit stream for the subsequent mantissas in the group.

6.3.2 Expansion of mantissas for asymmetric quantization (6 < bap < 15)

For bit allocation pointer array values, 6 < bap < 15, asymmetric fractional two's complement quantization is used. Each
mantissa, along with its exponent, are the floating point representation of atransform coefficient. The decimal pointis
considered to be to the left of the MSB; therefore the mantissa word represents the range of':

(1,0 - 2 - antztab[bap] _1) t0 -1,0.

The mantissa number k, of length gntztab[bap[K]], is extracted from the bit stream. Conversion back to a fixed point
representation is achieved by right shifting the mantissa by its exponent. This processis represented by the following
formula:

transform__coefficient[k] = mantissalk] >> exponent[K].

No grouping is done for asymmetrically quantized mantissas.

6.3.3 Expansion of mantissas for symmetrical quantization (1 < bap < 5)

For bap values of 1 through 5 (1 < bap <5), the mantissas are represented by coded values. The coded values are
converted to standard 2's complement fractional binary words by atable look-up. The number of bitsindicated by a
mantissa's bap are extracted from the bit stream and right justified. This coded value istreated asatableindex and is
used to look up the mantissa value. The resulting mantissa value is right shifted by the corresponding exponent to
generate the transform coefficient value.

transform_coefficient[k] = quantization_table[mantissa_code[k]] >> exponent[K].

The mapping of coded mantissa value into the actual mantissavalue is shown in Table 6.19 to Table 6.23.

6.3.4 Dither for zero bit mantissas (bap = 0)

The AC-3 decoder uses random noise (dither) values instead of quantized values when the number of bits allocated to a
mantissais zero (bap = 0). The use of the random value is conditional on the value of dithflag. When the value of
dithflag is 1, the random noise value is used. When the value of dithflag is 0, atrue zero valueis used. Thereisa
dithflag variable for each channel. Dither is applied after the individual channels are extracted from the coupling
channel. In this way, the dither applied to each channel's upper frequenciesis uncorrelated.

Any reasonably random sequence may be used to generate the dither values. The word length of the dither valuesis not
critical. Eight bitsis sufficient. The optimum scaling for the dither words is to take a uniform distribution of values
between -1 and +1, and scale this by 0,707, resulting in a uniform distribution between - 0,707 and +0,707. A scalar of
0,75 is close enough to also be considered optimum. A scalar of 0,5 (uniform distribution between -0,5 and +0,5) is
also acceptable.
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Once adither valueis assigned to a mantissa, the mantissa is right shifted according to its exponent to generate the
corresponding transform coefficient.

transform_coefficient[k] = scaled_dither_value >> exponent[k].

Table 6.19: bap =1 (3-level) quantization

Mantissa code

Mantissa value

0 -213
1 0
2 2/3

Table 6.20: bap = 2 (5-level) quantization

Mantissa code

Mantissa value

-4/5
-2/5
0
2/5
4/5

AlW[IN|R|O

Table 6.21: bap = 3 (7-level) quantization

Mantissa value
-6/7
-4/7
-217
0
2/7
417
6/7

Mantissa code

oW N|FL][O

Table 6.22: bap = 4 (11-level) quantization

Mantissa value
-10/11
-8/11
-6/11
-4/11
-2/11
0
2/11
4/11
6/11
8/11
10/11

Mantissa code

Slo|e|N|o|u|s|w |- |o

Table 6.23: bap =5 (15-level) quantization

Mantissa code Mantissa value
0 -14/15

-12/15

-10/15

-8/15

-6/15

-4/15

-2/15

0
2/15

(N[O |W[IN|F-
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Mantissa code Mantissa value
9 4/15
10 6/15
11 8/15
12 10/15
13 12/15
14 14/15

6.3.5 Ungrouping of mantissas

In the case when bap =1, 2, or 4, the coded mantissa values are compressed further by combining 3 level words and

5 level words into separate groups representing triplets of mantissas, and 11 level words into groups representing pairs
of mantissas. Groups are filled in the order that the mantissas are processed. If the number of mantissas in an exponent
set does not fill anintegral number of groups, the groups are shared across exponent sets. The next exponent set in the
block continues filling the partial groups. If the total number of 3 or 5 level quantized transform coefficient derived
words are not each divisible by 3, or if the 11 level words are not divisible by 2, the final groups of a block are padded
with dummy mantissas to complete the composite group. Dummies are ignored by the decoder. Groups are extracted
from the bit stream using the length derived from bap. Three level quantized mantissas (bap = 1) are grouped into
triples each of 5 bits. Five level quantized mantissas (bap = 2) are grouped into triples each of 7 bits. Eleven level
guantized mantissas (bap = 4) are grouped into pairs each of 7 bits.

Encoder equations

bap = 1:

group_code = 9 x mantissa_code[a] + 3 x mantissa_code[b] + mantissa_codelc];
bap = 2:

group_code = 25 x mantissa_code[a] + 5 x mantissa_code[b] + mantissa_code|c];
bap = 4:

group_code = 11 x mantissa_code[a] + mantissa_code][b].

Decoder equations

bap = 1:
mantissa_code[a] = truncate (group_code / 9);
mantissa_code[b] = truncate ((group_code % 9) / 3);
mantissa_code|[c] = (group_code % 9) % 3.

bap = 2:
mantissa_code[a] = truncate (group_code / 25);
mantissa_code[b] = truncate ((group_code % 25)/ 5);
mantissa_code|[c] = (group_code % 25) % 5.

bap = 4:
mantissa_code[a] = truncate (group_code / 11);
mantissa_code[b] = group_code % 11.

where mantissa a comes before mantissa b, which comes before mantissa c.

6.4 Channel coupling

6.4.1 Overview

If enabled, channel coupling is performed on encode by averaging the transform coefficients across channels that are
included in the coupling channel. Each coupled channel has a unique set of coupling coordinates which are used to
preserve the high frequency envelopes of the original channels. The coupling processis performed above a coupling
frequency that is defined by the cplbegf value.
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The decoder converts the coupling channel back into individual channels by multiplying the coupled channel transform
coefficient values by the coupling coordinate for that channel and frequency sub-band. An additional processing step
occurs for the 2/0 mode. If the phsflginu bit = 1 or the equivalent state is continued from a previous block, then phase
restoration bits are sent in the bit stream via phase flag bits. The phase flag bits represent the coupling sub-bandsin a
frequency ascending order. If a phase flag bit = 1 for a particular sub-band, all the right channel transform coefficients
within that coupled sub-band are negated after modification by the coupling coordinate, but before inverse
transformation.

6.4.2 Sub-band structure for coupling

Transform coefficients (tc) numbers 37 through 252 are grouped into 18 sub-bands of 12 coefficients each, as shownin
Table 6.24. The parameter cplbegf indicates the number of the coupling sub-band which is the first to be included in
the coupling process. Below the frequency (or transform coefficient number) indicated by cplbegf al channels are
independently coded. Above the frequency indicated by cplbegf, channelsincluded in the coupling process
(chincpl[ch] = 1) share the common coupling channel up to the frequency (or tc #) indicated by cplendf. The coupling
channel is coded up to the frequency (or tc #) indicated by cplendf, which indicates the last coupling sub-band whichis
coded. The parameter cplendf isinterpreted by adding 2 to its value, so the last coupling sub-band which is coded can
range from 2 to 17.

The coupling sub-bands are combined into coupling bands for which coupling coordinates are generated (and included
in the bit stream). The coupling band structure is indicated by cplbndstrc[sbnd]. Each bit of the cplbndstrc[] array
indicates whether the sub-band indicated by the index is combined into the previous (lower in frequency) coupling
band. Coupling bands are thus made from integral numbers of coupling sub-bands (see clause 4.4.3).

Table 6.24: Coupling sub-bands

Coupling Low tc No. [High tc No. If cut-off hf cut-off If cut-off hf cut-off
sub-band No. (kHz) (kHz) (kHz) (kHz)
atf,=48kHz | atf,=48kHz |atf,=44,1kHz |atf, =44,1kHz

0 37 48 3,42 4,55 3,14 4,18
1 49 60 4,55 5,67 4,18 5,21
2 61 72 5,67 6,80 5,21 6,24
3 73 84 6,80 7,92 6,24 7,28
4 85 96 7,92 9,05 7,28 8,31
5 97 108 9,05 10,17 8,31 9,35
6 109 120 10,17 11,30 9,35 10,38
7 121 132 11,30 12,42 10,38 11,41
8 133 144 12,42 13,55 11,41 12,45
9 145 156 13,55 14,67 12,45 13,48
10 157 168 14,67 15,80 13,48 14,51
11 169 180 15,80 16,92 14,51 15,55
12 181 192 16,92 18,05 15,55 16,58
13 193 204 18,05 19,17 16,58 17,61
14 205 216 19,17 20,30 17,61 18,65
15 217 228 20,30 21,42 18,65 19,68
16 229 240 21,42 22,55 19,68 20,71
17 241 252 22,55 23,67 20,71 21,75

NOTE 1: fg5: sampling frequency.

NOTE 2: At 32 kHz sample rate the sub-band frequency ranges are 2/3 the values of those for 48 kHz.
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6.4.3 Coupling coordinate format

Coupling coordinates exist for each coupling band [bnd] in each channel [ch] which is coupled (chincp[ch]==1).
Coupling coordinates are sent in a floating point format. The exponent is sent as a 4-bit value (cplcoexp[ch][bnd])
indicating the number of right shifts which should be applied to the fractional mantissa value. The mantissas are
transmitted as 4-bit values (cplcomant[ch][bnd]) which shall be properly scaled before use. Mantissas are unsigned
values so asign bit is not used. Except for the limiting case where the exponent value = 15, the mantissa value is known
to be between 0,5 and 1,0. Therefore, when the exponent value < 15, the MSB of the mantissais always equal to "1"
and is not transmitted; the next 4 bits of the mantissa are transmitted. This provides one additional bit of resolution.
When the exponent value = 15 the mantissa value is generated by dividing the 4-bit value of cplcomant by 16. When
the exponent value is < 15 the mantissa value is generated by adding 16 to the 4-bit value of cplcomant and then
dividing the sum by 32.

Coupling coordinate dynamic range is increased beyond what the 4-bit exponent can provide by the use of a per channel
2-hit master coupling coordinate (mstrcplco[ch]) which is used to range all of the coupling coordinates within that
channel. The exponent values for each channel are increased by 3 times the value of mstrcplco which applies to that
channel. This increases the dynamic range of the coupling coordinates by an additional 54 dB.

The following pseudo code indicates how to generate the coupling coordinate (cplco) for each coupling band [bnd] in
each channel [ch].

Pseudo code
if (cplcoexp[ch, bnd] == 15)
{

cplco_tenp[ch, bnd] = cplcomant[ch, bnd] / 16 ;

}

el se

{
cplco_tenp[ch, bnd] = (cplcomant[ch, bnd] + 16) / 32

}
cpl co[ch, bnd] = cplco_tenp[ch, bnd]>> (cplcoexp[ch, bnd] + 3 * mstrcplco[ch]) ;

Using the cplbndstrc(] array, the values of coupling coordinates which apply to coupling bands are converted (by
duplicating values as indicated by values of "1" in cplbandstrc[]) to values which apply to coupling sub-bands.

Individual channel mantissas are then reconstructed from the coupled channel as follows:

Pseudo code
for (sbnd = cpl begf; sbnd < 3 + cplendf; sbnd++)

for (bin = 0; bin < 12; bin++)

chmant [ ch, sbnd*12+bi n+37] = cpl mant [ sbnd*12+bi n+37] * cplco[ch, sbnd] * 8

6.5 Rematrixing

6.5.1 Overview

Rematrixing in AC-3 is a channel combining technique in which sums and differences of highly correlated channels are
coded rather than the original channels themselves. That is, rather than code and pack left and right in atwo channel
coder, one can construct:

leftt  =0,5x (left + right);
right' = 0,5 x (left - right).

The usual quantization and data packing operations are then performed on left' and right'. Clearly, if the original stereo
signal were identical in both channels (i.e. two-channel mono), this technique will result in aleft' signal that isidentical
to the original left and right channels, and aright' signal that isidentically zero. As aresult, one can code the right'
channel with very few bits, and increase accuracy in the more important left' channel.
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This technique is especially important for preserving Dolby® Surround compatibility. To see this, consider a two
channel mono source signal such as that described above. A Dolby® Pro Logic® decoder will try to steer all in-phase
information to the centre channel, and al out-of-phase information to the surround channel. If rematrixing is not active,
the Pro Logic® decoder will receive the following signals:

Received left
Received right

= left + QN1;
=right + QN2.

where QN1 and QN2 are independent (i.e. uncorrelated) quantization noise sequences, which correspond to the AC-3

coding algorithm quantization, and are programme dependent. The Pro Logic® decoder will then construct centre and
surround channels as:

centre =0,5 x (left + QN1) + 0,5 x (right + QN2);
surround = 0,5 x (left + QN1) - 0,5 x (right + QN2); /* ignoring the 90° phase shift */.

In the case of the centre channel, QN1 and QN2 add, but remain masked by the dominant signal left + right. In the
surround channel, however, left - right cancels to zero, and the surround speakers are left to reproduce the differencein
the quantization noise sequences (QN1 - QN2).

If channel rematrixing is active, the centre and surround channels will be more easily reproduced as:

centre  =left' + QN1
surround = right' + QN2.

In this case, the quantization noise in the surround channel QN2 is much lower in level, and it is masked by the
difference signal, right'.

6.5.2 Frequency band definitions

6.5.2.0 Introduction

In AC-3, rematrixing is performed independently in separate frequency bands. There are four bands with boundary
locations dependent on coupling information. The boundary locations are by coefficient bin number, and the
corresponding rematrixing band frequency boundaries change with sampling frequency. The tables below indicate the
remeatrixing band frequencies for sampling rates of 48 kHz and 44,1 kHz. At 32 kHz sampling rate the rematrixing band
frequencies are 2/3 the values of those shown for 48 kHz.

6.5.2.1 Coupling not in use
If coupling is not in use (cplinu = 0), then there are 4 rematrixing bands, (nrematbd = 4).

Table 6.25: Rematrix banding Table A

. Low . ]
Low High frequency High frequency [ Low frequency [High frequency
Band No. | coefficient | coefficient (kH2) (kH2) (kH2) (kH2)
No. No. f_ = 48 kHz fy =48 kHz fg=44,1 kHz fo=44,1 kHz
0 13 24 1,17 2,30 1,08 2,11
1 25 36 2,30 3,42 2,11 3,14
2 37 60 3,42 5,67 3,14 5,21
3 61 252 5,67 23,67 5,21 21,75
6.5.2.2 Coupling in use, cplbegf > 2

If coupling isin use (cplinu = 1), and cplbegf > 2, there are 4 rematrixing bands (nrematbd = 4). The last (fourth)
rematrixing band ends at the point where coupling begins.
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Table 6.26: Rematrixing band Table B

Low High Low frequency [High frequency | Low frequency |High frequency
Band No. | coefficient | coefficient (kHz2) (kHz2) (kHz2) (kHz)
No. No. f, =48 kHz f, =48 kHz fg=44,1kHz fg=44,1kHz

0 13 24 1,17 2,30 1,08 2,11

1 25 36 2,30 3,42 2,11 3,14

2 37 60 3,42 5,67 3,14 5,21

3 61 A 5,67 B 5,21 C

A =36 + cplbegf x 12 B = (A + 1/2) x 0,09375 kHz C=(A+1/2) x0,08613 kHz

6.5.2.3

Coupling in use, 2 > cplbegf > 0

If coupling isin use (cplinu = 1), and 2 > cplbegf > 0O, there are 3 rematrixing bands (nrematbd = 3). The last (third)
remeatrixing band ends at the point where coupling begins.

Table 6.27: Rematrixing band Table C

Low High Low frequency [High frequency | Low frequency |High frequency
Band No. | coefficient | coefficient (kHz) (kHz) (kHz) (kHz)
No. No. f, =48 kHz f, =48 kHz f,=44,1kHz f,=44,1kHz
0 13 24 1,17 2,30 1,08 2,11
1 25 36 2,30 3,42 2,11 3,14
2 37 A 3,42 B 3,14 C
A =36 + cplbegf x 12 B = (A + 1/2) x 0,09375 kHz C=(A+1/2) x0,08613 kHz

6.5.24

Coupling in use, cplbegf =0

If coupling isin use (cplinu = 1), and cplbegf = 0, there are 2 rematrixing bands (nrematbd = 2).

Table 6.28: Rematrixing band Table D

Low High Low frequency [High frequency | Low frequency |High frequency
Band No. | coefficient | coefficient (kHz2) (kHz2) (kHz) (kHz)
No. No. fo =48 kHz fo =48 kHz fg=44,1kHz fg=44,1kHz
0 13 24 1,17 2,30 1,08 2,11
1 25 36 2,30 3,42 2,11 3,14
6.5.3 Encoding technique

If the 2/0 mode is selected, then rematrixing is employed by the encoder. The squares of the transform coefficients are
summed up over the previoudly defined rematrixing frequency bands for the following combinations:

L,LRL+RL

-R.

Pseudo code

the variable rematflg[n] = O;
transmtted left = input L;
transmitted right

= input R

the variable rematflg[n] = L;
transmitted left = 0,5% input (L+R);
transmitted right = 0,5* input (L-R);

if (mnimmsumfor a rematrixing sub-band nis L or R)

if (mnimumsumfor a rematrixing sub-band n is L+R or L-R)

This selection of matrix combination is done on a block by block basis. The remaining encoder processing of the
transmitted left and right channelsisidentical whether or not the rematrixing flagsare O or 1.
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6.5.4 Decoding technique

For each rematrixing band, a single bit (the rematrix flag) is sent in the data stream, indicating whether or not the two
channels have been rematrixed for that band. If the bit is clear, no further operation isrequired. If the bit is set, the AC-3
decoder performs the following operation to restore the individual channels:

left(band n) = received left(band n) + received right(band n);
right(band n) = received left(band n) - received right(band n).

Note that if coupling is not in use, the two channels may have different bandwidths. As such, rematrixing isonly
applied up to the lower bandwidth of the two channels. Regardless of the actual bandwidth, all four rematrixing flags
are sent in the data stream (assuming the rematrixing strategy bit is set).

6.6 Dialogue normalization

The AC-3 syntax provides elements which allow the encoded bit stream to satisfy listenersin many different situations.
The dialnorm element allows for uniform reproduction of spoken dialogue when decoding any AC-3 hit stream.

When audio from different sources is reproduced, the apparent loudness often varies from source to source. The
different sources of audio might be different programme segments during a broadcast (i.e. the movie vs. acommercial
message); different broadcast channels; or different media (disc vs. tape). The AC-3 coding technology solves this
problem by explicitly coding an indication of loudness into the AC-3 bit stream.

The subjective level of normal spoken dialogue is used as a reference. The 5-bit dialogue normalization word which is
contained in BSI, dialnorm, is an indication of the subjective loudness of normal spoken dialogue compared to digital
100 %. The 5-bit value isinterpreted as an unsigned integer (most significant bit transmitted first) with arange of
possible values from 1 to 31. The unsigned integer indicates the headroom in dB above the subjective dialogue level.
This value can also be interpreted as an indication of how many dB the subjective dialogue level is below digital 100 %.

The dialnorm value may be used directly by the AC-3 decoder, or the value may be used by the section of the sound
reproduction system responsible for setting the reproduction volume, e.g. the system volume control. The system
volume control is generally set based on listener input as to the desired loudness, or sound pressure level (SPL). The
listener adjusts a volume control which generally directly adjusts the reproduction system gain. With AC-3 and the
dialnorm value, the reproduction system gain becomes a function of both the listeners desired reproduction sound
pressure level for dialogue, and the dialnorm value which indicates the level of dialogue in the audio signal. The
listener is thus able to reliably set the volume level of dialogue, and the subjective level of dialogue will remain uniform
no matter which AC-3 programme is decoded.

EXAMPLE: The listener adjusts the volume control to 67 dB. (With AC-3 dialogue normalization, it is possible
to calibrate a system volume control directly in sound pressure level, and the indication will be
accurate for any AC-3 encoded audio source). A high quality entertainment programme is being
received, and the AC-3 bit stream indicates that dialogue level is 25 dB below 100 % digital level.
The reproduction system automatically sets the reproduction system gain so that full scale digital
signals reproduce at a sound pressure level of 92 dB. The spoken dialogue (down 25 dB) will thus
reproduce at 67 dB SPL.

The broadcast programme cuts to a commercial message, which has dialogue level at -15 dB with
respect to 100 % digital level. The system level gain automatically drops, so that digital 100 % is
now reproduced at 82 dB SPL. The dialogue of the commercial (down 15 dB) reproduces at a

67 dB SPL, as desired.

In order for the application of dialogue normalization by the system volume control to work, the dialnorm value needs
to be communicated from the AC-3 decoder to the system gain controller so that dialnorm can interact with the listener
adjusted volume control. The listener-selected volume setting and the dialnorm value shall be combined in order to
adjust the final reproduction system gain.

Adjustment of the system volume control is not an AC-3 function. The AC-3 bit stream simply conveys useful
information which alows the system volume control to be implemented in a way which automatically removes
undesirable level variations between programme sources. It is mandatory that the dialnorm value and the user selected
volume setting both be used to set the reproduction system gain.
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6.7 Dynamic range compression

6.7.1 Overview

A consistent problem in the delivery of audio programming is that different members of the audience wish to enjoy
different amounts of dynamic range. Original high quality programming (such as feature films) are typically mixed with
quite a wide dynamic range. Using dialogue as a reference, loud sounds like explosions are often 20 dB or more louder,
and faint sounds like leaves rustling may be 50 dB quieter. In many listening situationsit is objectionable to alow the
sound to become very loud, and thus the loudest sounds need to be compressed downwardsin level. Similarly, in many
listening situations the very quiet sounds would be inaudible, and need to be brought upwards in level to be heard. Since
most of the audience will benefit from alimited programme dynamic range, soundtracks which have been mixed with a
wide dynamic range are generally compressed: the dynamic range is reduced by bringing down the level of the loud
sounds and bringing up the level of the quiet sounds. While this satisfies the needs of much of the audience, it removes
the ability of some in the audience to experience the original sound programme in itsintended form. The AC-3 audio
coding technology solves this conflict by allowing dynamic range control valuesto be placed into the AC-3 bit stream.

6.7.2 Dynamic range control; dynrng, dynrng2

6.7.2.1 Overview

The dynrng element allows the programme provider to implement subjectively pleasing dynamic range reduction for
most of the intended audience, while allowing individual members of the audience the option to experience more (or

all) of the original dynamic range. The dynamic range control values, dynrng, indicate a gain change to be applied in
the decoder in order to implement dynamic range compression. Each dynrng value can indicate a gain change of

+24 dB. The sequence of dynrng valuesis a compression control signal. An AC-3 encoder (or a bit stream processor)
will generate the sequence of dynrng values. Each value is used by the AC-3 decoder to dter the gain of one or more
audio blocks. The dynrng values typically indicate gain reduction during the loudest signal passages, and gain increases
during the quiet passages. For the listener, it is desirable to bring the loudest sounds down in level towards dialogue
level, and the quiet sounds up in level, again towards dialogue level. Sounds which are at the same loudness as the
normal spoken dialogue will typically not have their gain changed.

The compression is actually applied to the audio in the AC-3 decoder. The encoded audio has full dynamic range. Itis
permissible for the AC-3 decoder to (optionally, under listener control) ignore the dynrng valuesin the bit stream. This
will result in the full dynamic range of the audio being reproduced. It is also permissible (again under listener control)
for the decoder to use some fraction of the dynrng control value, and to use a different fraction of positive or negative
values. The AC-3 decoder can thus reproduce either fully compressed audio (as intended by the compression control
circuit in the AC-3 encoder); full dynamic range audio; or audio with partially compressed dynamic range, with
different amounts of compression for high level signals and low level signals.

EXAMPLE: A feature film soundtrack is encoded into AC-3. The original programme mix has dialogue level at
-25 dB. Explosions reach full scale peak level of 0 dB. Some quiet sounds which are intended to
be heard by all listeners are 50 dB below dialogue level (or -75 dB). A compression control signal
(segquence of dynrng values) is generated by the AC-3 encoder. During those portions of the audio
programme where the audio level is higher than dialogue level the dynrng values indicate negative
gain, or gain reduction. For full scale O dB signals (the loudest explosions), gain reduction
of -15 dB is encoded into dynrng. For very quiet signals, again increase of 20 dB is encoded into
dynrng.

A listener wishes to reproduce this soundtrack quietly so as not to disturb anyone, but wishes to
hear all of the intended programme content. The AC-3 decoder is allowed to reproduce the defaullt,
which is full compression. The listener adjusts dialogue level to 60 dB SPL. The explosions will
only go asloud as 70 dB (they are 25 dB |louder than dialogue but get -15 dB of gain applied), and
the quiet sounds will reproduce at 30 dB SPL (20 dB of gain is applied to their original level of

50 dB below dialogue level). The reproduced dynamic range will be 70 dB - 30 dB = 40 dB.
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The listening situation changes, and the listener now wishes to raise the reproduction level of
dialogue to 70 dB SPL, but still wishesto limit how loud the programme plays. Quiet sounds may
be allowed to play as quietly as before. The listener instructs the AC-3 decoder to continue using
the dynrng values which indicate gain reduction, but to attenuate the values which indicate gain
increases by a factor of 1/2. The explosions will still reproduce 10 dB above dialogue level, which
isnow 80 dB SPL. The quiet sounds are now increased in level by 20 dB / 2 = 10 dB. They will
now be reproduced 40 dB below dialogue level, at 30 dB SPL. The reproduced dynamic rangeis
now 80 dB - 30 dB = 50 dB.

Another listener wishes the full original dynamic range of the audio. This listener adjusts the
reproduced dialogue level to 75 dB SPL, and instructs the AC-3 decoder to ignore the dynamic
range control signal. For thislistener the quiet sounds reproduce at 25 dB SPL, and the explosions
hit 100 dB SPL. The reproduced dynamic rangeis 100 dB - 25 dB = 75 dB. Thisreproduction is
exactly asintended by the original programme producer.

In order for this dynamic range control method to be effective, it should be used by al programme providers. Since all
broadcasters wish to supply programming in the form that is most usable by their audience, nearly all broadcasters will
apply dynamic range compression to any audio programme which has a wide dynamic range. This compression is not
reversible unlessit isimplemented by the technique embedded in AC-3. If broadcasters make use of the embedded
AC-3 dynamic range control system, then listeners can have some control over their reproduced dynamic range.
Broadcasters need to be confident that the compression characteristic that they introduce into AC-3 will, by default, be
heard by the listeners. Therefore, the AC-3 decoder shall, by default, implement the compression characteristic
indicated by the dynrng valuesin the data stream. AC-3 decoders may optionally allow listener control over the use of
the dynrng values, so that the listener may select full or partial dynamic range reproduction.

6.7.2.2 Detailed implementation

Thedynrng field in the AC-3 bit stream is 8 bits in length. In the case that acmod = 0 (1 + 1 mode, or 2 completely
independent channels) dynrng applies to the first channel (Chl), and dynrng2 appliesto the second channel (Ch2).
While dynrng is described below, dynrng?2 is handled identically. The dynrng value may be present in any audio
block. When the value is not present, the value from the previous block is used, except for block 0. In the case of

block 0, if anew value of dynrng is not present, then a value of 0000 0000 should be used. The most significant bit of
dynrng (and of dynrng2) is transmitted first. The first three bits indicate gain changes in 6,02 dB increments which can
be implemented with an arithmetic shift operation. The following five bits indicate linear gain changes, and require a 6-
bit multiply. The 3 and 5 bit fields of dynrng can be represented as follows:

XoX1X5.Y3Y,YsYg Y

The meaning of the X valuesis most simply described by considering X to represent a 3-bit signed integer with values
from-4to 3. The gainindicated by X isthen (X + 1) x 6,02 dB. Table 6.29 shows thisin detail.

Table 6.29: Meaning of 3 MSB of dynrng

Xo X4 X, Integer value Gain indicated Arithmetic shifts
(dB)
0 1 1 3 +24,08 4 left
0 1 0 2 +18,06 3 left
0 0 1 1 +12,04 2 left
0 0 0 0 +6,02 1 left
1 1 1 -1 0 None
1 1 0 -2 -6,02 1 right
1 0 1 -3 -12,04 2 right
1 0 0 -4 -18,06 3 right

Thevalue of Y isalinear representation of a gain change of upto -6 dB. Y is considered to be an unsigned fractional
integer, with aleading valueof 1,0r: 0,1 Y5 Y, Y5 Yy Y (base 2). Y can represent val ues between 0,111111, (or

63/64) and 0,100000, (or 1/2). Thus, Y can represent gain changes from -0,14 dB to -6,02 dB.

The combination of X and Y values allows dynrng to indicate gain changes from 24,08 - 0,14 = +23,94 dB, to
-18,06 - 6 = -24,06 dB. The bit code of 0000 0000 indicates 0 dB (unity) gain.
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The dynrng value may be operated on in order to make it represent a gain change which is afraction of the original
value. In order to alter the amount of compression which will be applied, consider the dynrng to represent a signed
fractional number, or:

where X isthe sign bitand X, X, Y3 Y, Y5 Yg Y, area7-bit fraction. This 8 bit signed fractional number may be

multiplied by a scale factor indicating the fraction of the original compression to apply. If this value is multiplied by
1/2, then the compression range of +24 dB will be reduced to +12 dB. After the multiplicative scaling, the 8-bit result is
once again considered to be of the original form Xy X, X5.Y3Y, Y5 Ye Y, and used normally.

6.7.3 Heavy compression; compr, compr2

6.7.3.1 Overview

Some products which decode the AC-3 bit stream will need to deliver the resulting audio viaalink with very restricted
dynamic range. One example is the case of atelevision signal decoder which modulates the received picture and sound
onto a RF channel in order to deliver asignal usable by alow cost television receiver. In this situation, it is necessary to
restrict the maximum peak output level to a known value with respect to dialogue level, in order to prevent
overmodulation. Most of the time, the dynamic range control signal, dynrng, will produce adequate gain reduction so
that the absolute peak level will be constrained. However, since the dynamic range control system isintended to
implement a subjectively pleasing reduction in the range of perceived loudness, there is no assurance that it will control
instantaneous signal peaks adequately to prevent overmodulation.

In order to allow the decoded AC-3 signal to be constrained in peak level, a second control signal, compr, (compr2 for
Ch2in 1 + 1 mode) may be present in the AC-3 data stream. The compr element allows the programme provider (or
broadcaster) to implement a large dynamic range reduction (heavy compression) in away which assuresthat a
monophonic downmix will not exceed a certain peak level. The heavily compressed audio programme may be desirable
for certain listening situations such as movie delivery to a hotel room, or to an airline seat. The peak level limitationis
useful when, for instance, a monophonic downmix will feed an RF modulator and overmodulation needs to be avoided.
This control signal should be present in all bit streams which are intended to be receivable by, for instance, atelevision
set top decoder. The compr control signal is similar to the dynrng control signal inthat it is used by the decoder to alter
the reproduced audio level. The compr control signal has twice the control range as dynrng (48 dB compared to

+24 dB) with 1/2 the resolution (0,5 dB vs. 0,25 dB). Also, since the compr control signal livesin BSI, it only hasa
time resolution of an AC-3 syncframe (32 ms @ 48 kHz) instead of a block (5,3 ms @ 48 kHz).

Products which require peak audio level to be constrained should use compr instead of dynrng when compr is present
in BSI. Since most of the time the use of dynrng will prevent large peak levels, the AC-3 encoder may only need to
insert compr occasionaly, i.e. during those instants when the use of dynrng would lead to excessive peak level. If the
decoder has been instructed to use compr, and compr is not present for a particular syncframe, then the dynrng control
signal shall be used for that syncframe.

In some applications of AC-3, some receivers may wish to reproduce a very restricted dynamic range. In this case, the
compr control signal may be present at all times. Then, the use of compr instead of dynrng will alow the reproduction
of audio with very limited dynamic range. This might be useful, for instance, in the case of audio delivery to a hotel
room or an airplane seat.

6.7.3.2 Detailed implementation

The compr field in the AC-3 bit stream is 8 bitsin length. In the case that acmod = 0 (1 + 1 mode, or 2 completely
independent channels) compr applies to the first channel (Chl), and compr2 applies to the second channel (Ch2).
While compr is described below (for Chl), compr2 is handled identically (but for Ch2).

The most significant bit is transmitted first. The first four bitsindicate gain changesin 6,02 dB increments which can be
implemented with an arithmetic shift operation. The following four bitsindicate linear gain changes, and require a 5-bit
multiply. The two 4-bit fields of compr can be represented as follows:

The meaning of the X valuesis most simply described by considering X to represent a 4-bit signed integer with values
from-8to +7. Thegain indicated by X isthen (X + 1) x 6,02 dB. Table 6.30 shows thisin detail.
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Thevaueof Y isalinear representation of again change of up to -6 dB. Y is considered to be an unsigned fractional
integer, with aleading valueof 1, 0or: 0,1Y, Y5 Yg Y (base 2). Y can represent values between 0,11111, (or 31/32)

and 0,10000, (or 1/2). Thus, Y can represent gain changes from -0,28 dB to -6,02 dB.

The combination of X and Y values allows compr to indicate gain changes from 48,16 - 0,28 = + 47,88 dB, to
-42,14 - 6 = -48,14 dB.

Table 6.30: Meaning of 4 MSB of compr

Xo | X | X5 | Xg Integer value Gain indicated Arithmetic shifts
(dB)
0 1 1 1 7 +48,16 8 left
0 1 1 0 6 +42,14 7 left
0 1 0 1 5 +36,12 6 left
0 1 0 0 4 +30,10 5 left
0 0 1 1 3 +24,08 4 left
0 0 1 0 2 +18,06 3 left
0 0 0 1 1 +12,04 2 left
0 0 0 0 0 +6,02 1 left
1 1 1 1 -1 0 None
1 1 1 0 -2 -6,02 1 right
1 1 0 1 -3 -12,04 2 right
1 1 0 0 -4 -18,06 3 right
1 0 1 1 -5 -24,08 4 right
1 0 1 0 -6 -30,10 5 right
1 0 0 1 -7 -36,12 6 right
1 0 0 0 -8 -42,14 7 right
6.8 Downmixing

6.8.0 Introduction

In many reproduction systems the number of loudspeakers will not match the number of encoded audio channels. In order
to reproduce the complete audio programme downmixing is required. It isimportant that downmixing be standardized, so
that programme providers can be confident of how their programme will be reproduced over systems with various
numbers of loudspeakers. With standardized downmixing equations, programme producers can monitor how the
downmixed version will sound and make any alterations necessary so that acceptabl e results are achieved for al listeners.
The programme provider can make use of the cmixlev and smixlev syntactical elementsin order to affect the relative
balance of centre and surround channels with respect to the left and right channels.

Downmixing of the Ife channel is optional. Anideal downmix would have the Ife channel reproduce at an acoustic level
of +10 dB with respect to the left and right channels. Since the inclusion of this channel is optional, any downmix
coefficient may be used in practice. Care should be taken to assure that loudspeakers are not overdriven by the full scale
low frequency content of the Ife channel.

6.8.1 General downmix procedure

The following pseudo code describes how to arrive at un-normalized downmix coefficients. In a practical
implementation it may be necessary to then normalize the downmix coefficientsin order to prevent any possibility of
overload. Normalization is achieved by attenuating all downmix coefficients equally, such that the sum of coefficients
used to create any single output channel never exceeds 1.
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Pseudo code

downmi x()

if (acnod == 0) /* 1+1 node, dual

if (output_nfront 1) /* 1 front

| oudspeaker (center) */

i f (dual node

{

chan 1) /* Chl output requested */

route left into center;

el se if (dual node chan 2) /* Ch2 output requested */

{
route right into center;
}
el se
{
mx left into center with -6 dB gain;
mx right into center with -6 dB gain;
}

else if (output_nfront == 2) /* 2 front |oudspeakers (left,

i f (dual node

{
route left into left;
route right into right;
else if (dual nrode == chan 1)
{
mx left into left with -3 dB gain;
mx left intoright with -3 dB gain;
el se if (dual node == chan 2)
{
mx right into left with -3 dB gain;
mx right into right with -3 dB gain;
el se /* nono sum of both nono channel s requested */
{
mx left intoleft with -6 dB gain;
mx right into left with -6 dB gain;
mx left intoright with -6 dB gain;
mx right into right with -6 dB gain;
}
el se /* output_nfront==3 */
if (dual nrode == stereo)
{
route left into left;
route right into right;
else if (dual nrode == chan 1)
{
route left into center;
else if (dual node == chan 2)
{
route right into center;
}
el se
{
mx left into center with -6 dB gain;
mx right into center with -6 dB gain;
}
}
}
else /* acnod > 0 */
for i ={ left, center, right, |eftsur/nonosur, rightsur }
if (exists(input_chan[i])) and (exists(output_chan[i]))
route input_chan[i] into output_chan[i];
}
}

i ndependent nono channel s present */

stereo) /* output of both nono channels requested */

right) */
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Pseudo code

if (output_node == 2/0 Dol by Surround conpati bl e)

/* 2

else if (input_nrear == 2)

{

}

el se

-

—-— -

if (output_node == 1/0) /* center only */

f (input_nfront != 1)
mx left into center with -3 dB gain;
mx right into center with -3 dB gain

f (input_nfront == 3)
m x center into center using clev and -3 dB gain;

if (input_nrear == 1)
m x nono surround into center using slev and -3 dB gain;

Ise if (input_nrear == 2)

~ D ~

el se /* nore than center output requested */

if (output_nfront == 2)

}
if (input_nrear == 1) /* single surround channel coded */
if (output_nrear == 0) /* no surround | oudspeakers */
m x nono surround into left with slev and -3 dB gain;
m x nmono surround into right with slev and -3 dB gain;
else if (output_nrear == 2) /* two surround | oudspeaker channels */
{
m x nono srnd into left surround with -3 dB gain;
m x mono srnd into right surround with -3 dB gain;
}
else if (input_nrear == 2) /* two surround channels encoded */
if (output_nrear == 0)
mx left surround into left using slev;
m x right surround into right using slev;
}

ch matri x encoded output requested */
f (input_nfront I= 2)

mx center into left with -3 dB gain;
m x center into right with -3 dB gain;

f (input_nrear == 1)

m x -nmono surround into left with -3 dB gain;
m x nmono surround into right with -3 dB gain;

mx -left surround into left with -3 dB gain;
mx -right surround into left with -3 dB gain;
mx left surround into right with -3 dB gain;
m x right surround into right with -3 dB gain

mx left surround into center using slev and -3 dB gain;
m x right surround into center using slev and -3 dB gain

if (input_nfront == 1)

mx center into left with -3 dB gain;
mx center into right with -3 dB gain;

else if (input_nfront == 3)

{
mx center into left using clev;
m x center into right using clev;
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Pseudo code

else if (output_nrear == 1) .

{
mx left srnd into nono surround with -3 dB gain;
mx right srnd into nono surround with -3 dB gain;

The actual coefficients used for downmixing will affect the absolute level of the centre channel. If dialogue level isto
be established with absolute SPL calibration, this should be taken into account.
6.8.2 Downmixing into two channels

LetL, C, R, L, Rgrefer to the 5 discrete channels which are to be mixed down to 2 channels. In the case of asingle

surround channel (n/1 modes), S refers to the single surround channel. Two types of downmix should be provided:
downmix to a LR, matrix surround-encoded stereo pair; and downmix to a conventional stereo signal, LyR,. The

downmixed stereo signal (LgR, or L{R;) may be further mixed to mono, M, by a simple summation of the 2 channels. If
the LR, downmix is combined to mono, the surround information will be lost. The LyRy downmix is preferred when a
mono signal is desired. Downmix coefficients shall have relative accuracy of at least £0,25 dB.

Prior to the scaling needed to prevent overflow, the general 3/2 downmix equations for an LyR, stereo signal are:

Lp=10xL+clevxC +slevxLg;
Rp=10xR+clevxC +slevxRg.

If LyRy are subsequently combined for monophonic reproduction, the effective mono downmix equation becomes:
M=10xL+20xclevxC+10xR+slevxLg+slevxRg

If only asingle surround channel, S, is present (3/1 mode) the downmix equations are:

Lp=10xL+clevxC+0,7 xslevxS;
Rg=1,0xR+clevxC+0,7 xslevxs;
M=10xL+20xclevxC+10xR+1,4xslevxS.

The values of clev and slev are indicated by the cmixlev and surmixlev bit fieldsin the BSI data, as shown in
Table 4.4 and Table 4.5 respectively.

If the cmixlev or surmixlev bit fields indicate the reserved state (value of 1 1), the decoder should use the intermediate
coefficient values indicated by the bit field value of O 1. If the centre channel is missing (2/1 or 2/2 mode), the same
equations may be used without the C term. If the surround channels are missing, the same equations may be used
without the Lg, R, or S terms.

Prior to the scaling needed to prevent overflow, the 3/2 downmix equations for an LR, stereo signal are:

L;=1,0xL+0,707xC-0,707 x Lg- 0,707 x R
R{=1,0xR +0,707 x C + 0,707 x Lg + 0,707 x R

If only asingle surround channel, S, is present (3/1 mode) these equations become:

L,=1,0L +0,707 C-0,707 S;
R,=1,0R +0,707 C + 0,707 S.

If the centre channel is missing (2/2 or 2/1 mode) the C term is dropped.
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The actual coefficients used may need to be scaled downwards so that arithmetic overflow does not occur if al channels
contributing to a downmix signal happen to be at full scale. For each audio coding mode, a different number of channels
contributes to the downmix, and a different scaling could be used to prevent overflow. For simplicity, the scaling for the
worst case may be used in all cases. This minimizes the number of coefficients required. The worst-case scaling occurs
when clev and slev are both 0,707. In the case of the LyR, downmix, the sum of the unscaled coefficientsis

1+ 0,707 + 0,707 = 2,414, so all coefficients would need to be multiplied by 1/2,414 = 0,4143 (downwards scaling by
7,65 dB). In the case of the LR, downmix, the sum of the unscaled coefficientsis 1 + 0,707 + 0,707 + 0,707 = 3,121, 0
all coefficients would need to be multiplied by 1/3,121 = 0,3204 (downwards scaling by 9,89 dB). The scaled
coefficients will typically be converted to binary values with limited wordlength. The 6-bit coefficients shown below
have sufficient accuracy.

If ascaled LyRy downmix is desired, scaled coefficient values which correspond to the values of 1,0, 0,707, 0,596,
0,500, 0,354 are needed. These coefficients are specified in Table 6.31.

Table 6.31: L R, scaled downmix coefficients

Unscaled Scaled 6-bit Gain Relative Coefficient
coefficient coefficient quantized (dB) gain error
coefficient (dB) (dB)

1,0 0,414 26/64 -7,8 0,0 -

0,707 0,293 18/64 -11,0 -3,2 -0,2
0,596 0,247 15/64 -12,6 -4,8 +0,3
0,500 0,207 13/64 -13,8 -6,0 0,0
0,354 0,147 9/64 -17,0 -9,2 -0,2

If ascaled LR, downmix is desired, scaled coefficient values which correspond to the values of 1,0 and 0,707 are
needed. These coefficients are specified in Table 6.32.

Table 6.32: LR, scaled downmix coefficients

Unscaled Scaled 6-bit Gain Relative Coefficient
coefficient coefficient quantized (dB) gain error
coefficient (dB) (dB)
1,0 0,3204 20/64 -10,1 0,0 -
0,707 0,2265 14/64 -13,20 -3,1 -0,10

If it is necessary to implement a mixdown to mono, afurther scaling of 1/2 will have to be applied to the LyRy downmix
coefficients to prevent overload of the mono sum of Ly + R,

6.9 Transform equations and block switching

6.9.1

The choice of analysis block length is fundamental to any transform-based audio coding system. A long transform
length is most suitable for input signals whose spectrum remains stationary, or varies only slowly, with time. A long
transform length provides greater frequency resolution, and hence improved coding performance for such signals. On
the other hand, a shorter transform length, possessing greater time resolution, is more desirable for signals which
change rapidly in time. Therefore, the time vs. frequency resolution trade-off should be considered when selecting a
transform block length.

Overview

The traditional approach to solving this dilemmaisto select a single transform length which provides the best trade-off
of coding quality for both stationary and dynamic signals. AC-3 employs a more optimal approach, which isto adapt
the frequency/time resolution of the transform depending upon spectral and temporal characteristics of the signal being
processed. This approach is very similar to behaviour known to occur in human hearing. In transform coding, the
adaptation occurs by switching the block length in asignal dependent manner.
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6.9.2 Technique

In the AC-3 transform block switching procedure, a block length of either 512 or 256 samples (time resolution of 10,7 or
5,3 ms for sampling frequency of 48 kHz) can be employed. Normal blocks are of length 512 samples. When a normal
windowed block is transformed, the result is 256 unique frequency domain transform coefficients. Shorter blocks are
constructed by taking the usual 512 sample windowed audio segment and splitting it into two segments containing

256 samples each. Thefirst half of an MDCT block is transformed separately but identically to the second half of that
block. Each half of the block produces 128 unique non-zero transform coefficients representing frequencies from 0 to f42,

for atotal of 256. Thisisidentical to the number of coefficients produced by a single 512 sample block, but with two
times improved temporal resolution. Transform coefficients from the two half-blocks are interleaved together on a
coefficient-by-coefficient basis to form a single block of 256 values. This block is quantized and transmitted identically to
asinglelong block. A similar, mirror image procedure is applied in the decoder during signal reconstruction.

Transform coefficients for the two 256 length transforms arrive in the decoder interleaved together bin-by-bin. This
interleaved sequence contains the same number of transform coefficients as generated by a single 512-sample
transform. The decoder processes interleaved sequences identically to non-interleaved sequences, except during the
inverse transformation described below.

Prior to transforming the audio signal from time to frequency domain, the encoder performs an analysis of the spectral
and/or temporal nature of the input signal and selects the appropriate block length. This analysis occursin the encoder
only, and therefore can be upgraded and improved without altering the existing base of decoders. A one bit code

per channel per transform block (blksw[ch]) is embedded in the bit stream which conveys length information:
(blksw[ch] = 0 or 1 for 512 or 256 samples, respectively). The decoder uses this information to deformat the bit stream,
reconstruct the mantissa data, and apply the appropriate inverse transform eguations.

6.9.3 Decoder implementation

TDAC transform block switching is accomplished in AC-3 by making an adjustment to the conventional forward and
inverse transformation equations for the 256 length transform. The same window and FFT sine/cosine tables used for
512 sample blocks can be reused for inverse transforming the 256 sample blocks; however, the pre- and post-FFT
complex multiplication phase-shift requires an additional 128 table values for the block-switched transform.

Since the input and output arrays for blksw[ch] = 1 are exactly one half of the length of those for blksw = 0, the size of
the inverse transform RAM and associated buffers is the same with block switching as without.

The adjustments required for inverse transforming the 256 sample blocks are:
e  Theinput array contains 128 instead of 256 coefficients.

e  ThelFFT pre- and post-phase-shift use a different cosine table, requiring an additional 128 table values
(64 cosine, 64 sine).

. The complex IFFT employs 64 pointsinstead of 128. The same FFT cosine table can be used with
subsampling to retrieve only the even numbered entries.

e  Theinput pointersto the IFFT post-windowing operation are initialized to different start addresses, and
operate modulo 128 instead of modulo 256.

6.9.4  Transformation equations

6.94.1 512-sample IMDCT transform

The following procedure describes the technique used for computing the IMDCT for asingle N = 512 length real data
block using a single N/4 point complex |FFT with simple pre- and post-phase-shift operations. These are the inverse
transform equations used when the blksw flag is set to zero (indicating absence of atransient, and 512 sample
transforms).

Sep 1. Definethe MDCT transform coefficients = X[k], k=0, 1, ... N/2-1.

Sep 2: Pre-IFFT complex multiply step.
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Compute N/4-point complex multiplication product Z[k], k =0, 1, ... N/4-1:

Pseudo code
for(k=0; k<N 4; k++)

[* Z[K] = (X[N2-2*k-1] + j * X[2*Kk]) * (xcosl[K] + j * xsinl[K]) ; */
Z[ K] =( X[ N 2- 2*k- 1] *xcos1[ k] - X[ 2*Kk] *xsi n1[ k] ) +j *( X[ 2*k] *xcos1[ k] +X[ N/ 2- 2*k- 1] *xsi n1[ K] ) ;

where:

xcos1[k] = -cos(2pi x (8 xk + 1) / (8 x N));
xsinl[k] = -sin(2pi x (8 x k + 1) / (8 x N)).

Sep 3: Complex IFFT step.

Compute N/4-point complex IFFT of Z[K] to generate complex-valued sequence z[n]:

Pseudo code
for(n=0; n<N 4; n++)

z[n] =0 ;
for(k=0; k<N 4; k++)

z[n] + = Z[k] * (cos(8*pi*k*n/N) + ] * sin(8*pi*k*n/N)) ;

Sep 4: Post-IFFT complex multiply step.

Compute N/4-point complex multiplication product y[n], n=0,1,...N/4-1 as:

Pseudo code
for(n=0; n<N 4; n++)

/* y[n] =2z[n] * (xcosl[n] + | * xsinl[n]) ; */
y[n] = (zr[n] * xcosl[n] - zi[n] * xsinl[n]) +j * (zi[n] * xcosl[n] + zr[n] * xsinl[n]) ;

where:

zr[n] = real(z[n]);
zi[n] = imag(z[n]);

and xcos1[n] and xsinl1[n] are as defined in step 2 above.
Sep 5: Windowing and de-interleaving step.

Compute windowed time-domain samples x[n]:

Pseudo code
for(n=0; n<N 8; n++)
{
x[2*n] = -yi[N8+n] * w 2*n] ;
x[2*n+1] = yr[N 8-n-1] * W 2*n+1] ;
X[ N 4+2*n] = -yr[n] * W N 4+2*n]
X[ N 4+2*n+1] = yi[N 4-n-1] * W N 4+2*n+1] ;
X[ N 2+2*n] = -yr[N8+n] * W N 2-2*n-1] ;
X[ N 2+2*n+1] = yi[N8-n-1] * W N 2-2*n-2] ;
X[ 3*N 4+2*n] =vyi[n] * W N 4-2*n-1] ;
X[ 3*N 4+2*n+1] = -yr[N 4-n-1] * W N 4-2*n-2] ;
}
where:

yr[n] = real(y[n]);
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yiln] = imag(y[n]);
w[n] is the transform window sequence (see Table 6.33).
Sep 6: Overlap and add step.

Thefirst half of the windowed block is overlapped with the second half of the previous block to produce PCM samples
(the factor of 2 scaling undoes headroom scaling performed in the encoder):

Pseudo code
for(n=0; n<N 2; n++)

{

pcnin] =2 * (x[n] + delay[n]) ;
delay[n] = x[ N 2+n) ;

The arithmetic processing in the overlap/add processing shall use saturation arithmetic to prevent overflow
(wraparound). Since the output signal consists of the original signal plus coding error, it is possible for the output signal
to exceed 100 % level even though the original input signal was less than or equal to 100 % level.

6.9.4.2 256-sample IMDCT transforms

The following eguations should be used for computing the inverse transforms in the case of blksw = 1, indicating the
presence of atransient and two 256 sample transforms (N below still equals 512).

Sep 1: Definethe MDCT transform coefficients = X[Kk], k = 0,1,...N/2.

Pseudo code
for(k=0; k<n/4; k++)

x1[ K]
x2[ k]

x[ 2*K] ;
x[ 2*k+1] ;

Sep 2: Pre-IFFT complex multiply step.
Compute N/8-point complex multiplication products Z1[k] and Z2[k], k = 0,1,...N/8-1.

Pseudo code
for(k=0; k<n/8; k++)

/* z1[K] = (x1[n/4-2*k-1] + j * x1[2*k]) * (xcos2[k] + j * xsin2[k]); */
z1[ k] =(x1[ n/ 4- 2*k- 1] *xcos2[ k] - x1[ 2k] *xsi n2[ k] ) +j *(x1[ 2*k] *xcos2[ k] +x1[ n/ 4- 2*k- 1] *xsi n2[ k] ) ;
[* z2[K] = (x2[n/4-2*k-1] + j * x2[2*k]) * (xcos2[k] + j * xsin2[Kk]); */
z2[ k] =(x2[ n/ 4- 2*k- 1] *xcos2[ k] - x2[ 2*k] *xsi n2[ k] ) +j * (x2[ 2*k] *xcos2[ k] +x2[ n/ 4- 2*k- 1] *xsi n2[ k] ) ;

where;
xcos2[K] = -cos(2pi x (8 x k + 1) / (4 x N)), xsin2(k) = -sin(2pi x (8 x k + 1) / (4 x N)).
Sep 3: Complex IFFT step.

Compute N/8-point complex IFFTs of Z1[k] and Z2[K] to generate complex-valued sequences z1[n] and z2[n].

Pseudo code
for(n=0; n<n/8; n++)
{
z1[n] = 0.;
z2[n] = 0.;
for(k=0; k<n/8; k++)
z1[n] + = z1[k] * (cos(16*pi*k*n/n) + j * sin(16*pi*k*n/n));
z2[n] + = z2[k] * (cos(16*pi*k*n/n) + j * sin(16*pi*k*n/n));
}
}
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Sep 4: Post-IFFT complex multiply step.

Compute N/8-point complex multiplication products y1[n] and y2[n], n = 0,1,...N/8-1.

Pseudo code
for(n=0; n<n/8; n++)

/* y1[n] = z1[n] * (xcos2[n] +j * xsin2[n]); */
yl[n] = (zrl[n] * xcos2[n] - zil[n] * xsin2[n]) +j * (zil[n] * xcos2[n] + zrl[n] * xsin2[n]);
[* y2[n] = z2[n] * (xcos2[n] + ] * xsin2[n]); */
y2[n] = (zr2[n] * xcos2[n] - zi2[n] * xsin2[n]) +j * (zi2[n] * xcos2[n] + zr2[n] * xsin2[n]);

where:
zrl[n] = real(z1[n]);
zil[n] = imag(z1[n));
zr2[n] = real(z2[n]);
zi2[n] = imag(z2[n));

and xcos2[n] and xsin2[n] are as defined in Step 2 above.

Sep 5: Windowing and de-interleaving step.

Compute windowed time-domain samples x[n].

Pseudo code
for(n=0; n<n/8; n++)
{
x[2*n] = -yil[n] * W 2*n];
x[2*n+1] = yr1[n/8-n-1] * W 2*n+1];
x[n/ 4+2*n] = -yri[n] * w n/4+2*n];
x[ n/ 4+2*n+1] = yil[n/8-n-1] * W n/4+2*n+1];
x[n/2+2*n] = -yr2[n] * wWn/2-2*n-1];
x[n/ 2+2*n+1] = vyi2[n/8-n-1] * W n/2-2*n-2];
x[3n/4+2*n] = vyi2[n] * wWn/4-2*n-1];
x[3n/ 4+2*n+1] = -yr2[n/8-n-1] * W n/4-2*n-2];
}
where:

yri[n] =real(yl[n]);
yil[n] =imag(y1[n]);
yr2[n] = real(y2[n]);
yi2[n] =imag(y2[n]);

and w[n] is the transform window sequence (see Table 6.33).
Sep 6: Overlap and add step.

Thefirst half of the windowed block is overlapped with the second half of the previous block to produce PCM samples
(the factor of 2 scaling undoes headroom scaling performed in the encoder):

Pseudo code
for(n=0; n<n/2; n++)

{

pecnin] =2 * (x[n] + delay[n]);
del ay[ n] = x[n/2+n];

The arithmetic processing in the overlap/add processing shall use saturation arithmetic to prevent overflow
(wrap around). Since the output signal consists of the original signal plus coding error, it is possible for the output
signal to exceed 100 % level even though the original input signal was less than or equal to 100 % level.
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Table 6.33: Transform window sequence (w[addr]),
with addr =(10x A) + B

B=0 B=1 B=2 B=3 B=4 B=5 B=6 B=7 B=8 B=9
0,00014 | 0,00024 | 0,00037 | 0,00051 | 0,00067 | 0,00086 | 0,00107 | 0,00130 | 0,00157 | 0,00187
0,00220 | 0,00256 | 0,00297 | 0,00341 | 0,00390 | 0,00443 [ 0,00501 | 0,00564 | 0,00632 | 0,00706
0,00785 | 0,00871 | 0,00962 | 0,01061 | 0,01166 | 0,01279 | 0,01399 | 0,01526 | 0,01662 | 0,01806
0,01959 | 0,02121 | 0,02292 [ 0,02472 | 0,02662 | 0,02863 | 0,03073 | 0,03294 | 0,03527 | 0,03770
0,04025 | 0,04292 | 0,04571 | 0,04862 | 0,05165 | 0,05481 [ 0,05810 | 0,06153 | 0,06508 | 0,06878
0,07261 | 0,07658 | 0,08069 | 0,08495 | 0,08935 | 0,09389 [ 0,09859 | 0,10343 | 0,10842 | 0,11356
0,11885 | 0,12429 | 0,12988 | 0,13563 | 0,14152 | 0,14757 | 0,15376 | 0,16011 | 0,16661 | 0,17325
0,18005 | 0,18699 | 0,19407 | 0,20130 | 0,20867 | 0,21618 | 0,22382 | 0,23161 | 0,23952 | 0,24757
0,25574 | 0,26404 | 0,27246 | 0,28100 | 0,28965 | 0,29841 [ 0,30729 | 0,31626 | 0,32533 | 0,33450
0,34376 | 0,35311 | 0,36253 | 0,37204 | 0,38161 | 0,39126 [ 0,40096 | 0,41072 | 0,42054 | 0,43040
0,44030 | 0,45023 | 0,46020 | 0,47019 | 0,48020 | 0,49022 | 0,50025 | 0,51028 | 0,52031 | 0,53033
0,54033 | 0,55031 | 0,56026 | 0,57019 | 0,58007 | 0,58991 | 0,59970 | 0,60944 | 0,61912 | 0,62873
0,63827 | 0,64774 | 0,65713 | 0,66643 | 0,67564 | 0,68476 [ 0,69377 | 0,70269 | 0,71150 | 0,72019
0,72877 | 0,73723 | 0,74557 | 0,75378 | 0,76186 | 0,76981 [ 0,77762 | 0,78530 | 0,79283 | 0,80022
0,80747 | 0,81457 | 0,82151 | 0,82831 | 0,83496 | 0,84145 | 0,84779 | 0,85398 | 0,86001 | 0,86588
0,87160 | 0,87716 | 0,88257 | 0,88782 | 0,89291 | 0,89785 | 0,90264 | 0,90728 | 0,91176 | 0,91610
0,92028 | 0,92432 | 0,92822 | 0,93197 | 0,93558 | 0,93906 [ 0,94240 | 0,94560 | 0,94867 | 0,95162
A =17 ]0,95444 | 0,95713 | 0,95971 | 0,96217 | 0,96451 | 0,96674 | 0,96887 | 0,97089 | 0,97281 | 0,97463
A =18 |0,97635 | 0,97799 [ 0,97953 | 0,98099 | 0,98236 | 0,98366 | 0,98488 | 0,98602 | 0,98710 | 0,98811
A =19 |0,98905 | 0,98994 [ 0,99076 | 0,99153 | 0,99225 | 0,99291 | 0,99353 | 0,99411 | 0,99464 | 0,99513
A =20 ]0,99558 | 0,99600 [ 0,99639 | 0,99674 | 0,99706 | 0,99736 | 0,99763 | 0,99788 | 0,99811 | 0,99831
A=21 ]0,99850 | 0,99867 | 0,99882 | 0,99895 | 0,99908 | 0,99919 | 0,99929 | 0,99938 | 0,99946 | 0,99953
A =22 ]0,99959 | 0,99965 [ 0,99969 | 0,99974 | 0,99978 | 0,99981 | 0,99984 | 0,99986 | 0,99988 | 0,99990
A =23 ]0,99992 | 0,99993 [ 0,99994 | 0,99995 | 0,99996 | 0,99997 | 0,99998 | 0,99998 | 0,99998 | 0,99999
A =24 10,99999 | 0,99999 [ 0,99999 | 1,00000 | 1,00000 | 1,00000 | 1,00000 | 1,00000 | 1,00000 | 1,00000
A =25 ]1,00000 | 1,00000 | 1,00000 | 1,00000 | 1,00000 | 1,00000
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6.9.5  Channel gain range code

When the signal level islow, the dynamic range of the decoded audio istypically limited by the wordlength used in the
transform computation. The use of longer wordlength improves dynamic range but increases cost, as the wordlength of
both the arithmetic units and the working RAM needs to be increased. In order to allow the wordlength of the transform
computation to be reduced, the AC-3 bit stream includes a syntactic element gainrng[ch]. This 2-bit element exists for
each encoded block for each channel.

The gainrng element is avalue in the range of 0 - 3. The value is an indication of the maximum sample level within the
coded block. Each block represents 256 new audio samples and 256 previous audio samples. Prior to the application of
the 512 point window, the maximum absolute value of the 512 PCM valuesis determined. Based on the maximum
value within the block, the value of gainrng is set asindicated in table 6.33a.

Table 6.33a
Maximum absolute value (max) gainrng
max > 0,5 0
0,5 > max > 0,25 1
0,25 >max > 0,125 2
0,125 > max 3

If the encoder does not perform the step of finding the maximum absol ute value within each block then the value of
gainrng should be set to 0.

The decoder may use the value of gainrng to pre-scale the transform coefficients prior to the transform and to
post-scale the values after the transform. With careful design, the post-scaling process can be performed right at the
PCM output stage allowing a 16-bit output buffer RAM to provide 18-bit dynamic range audio.
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6.10 Error detection

6.10.0 Introduction

There are severa ways in which the AC-3 data may determine that errors are contained within a syncframe of data. The
decoder may be informed of that fact by the transport system which has delivered the data. The dataintegrity may be
checked using the embedded CRCs. Also, some simple consistency checks on the received data can indicate that errors
are present. The decoder strategy when errors are detected is user definable. Possible responses include muting, block
repeats, or syncframe repeats. The amount of error checking performed, and the behaviour in the presence of errors are
not specified in the present document, but are left to the application and implementation.

6.10.1 CRC checking

Each AC-3 syncframe contains two 16-bit CRC words. crcl isthe second 16-bit word of the syncframe, immediately
following the sync word. crc2 isthe last 16-bit word of the syncframe, immediately preceding the sync word of the
following syncframe. crcl appliesto the first 5/8 of the syncframe, not including the sync word. crc2 provides
coverage for the last 3/8 of the syncframe as well as for the entire syncframe (not including the sync word). Decoding of
CRC word(s) alows errors to be detected.

The following generator polynomial is used to generate each of the 16-bit CRC words: x16 + x15 + x2 + 1.
The 5/8 of asyncframeis defined in Table 6.34, and may be calculated by:

5/8_framesize = truncate(framesize + 2) + truncate(framesize / 8); or
5/8_framesize = (int) (framesize>>1) + (int) (framesize>>3);

where framesize isin units of 16-bit words. Table 6.34 shows the value of 5/8 of the frame size as a function of
AC-3 hit rate and audio sample rate.

The CRC calculation may be implemented by one of several standard techniques. A convenient hardware
implementation is alinear feedback shift register (LFSR). An example of an LFSR circuit for the above generator
polynomial is givenin Figure 6.1.

Figure 6.1: LFSR Circuit for Generator Polynomial

Checking for valid CRC with the above circuit consists of resetting al registersto zero, and then shifting the AC-3 data
bits serially into the circuit in the order in which they appear in the data stream. The sync word is not covered by either
CRC (but isincluded in the indicated 5/8_framesize) so it should not be included in the CRC calculation. crcl is
considered valid if the above register contains all zeros after the first 5/8 of the syncframe has been shifted in. If the
calculation is continued until all datain the syncframe has been shifted through, and the value is again equal to zero,
then crc2 is considered valid. Some decoders may choose to only check crc2, and not check for avalid crcl at the

5/8 point in the syncframe. If crcl isinvalid, it is possible to reset the registersto zero and then check crc2. If crc2 then
checks, then the last 3/8 of the syncframeis probably error free. Thisis of little utility however, since if errorsare
present in theinitial 5/8 of a syncframeit is not possible to decode any audio from the syncframe even if the final 3/8 is
error free.

Note that crcl is generated by encoders such that the CRC calculation will produce zero at the 5/8 point in the
syncframe. It is not the value generated by calculating the CRC of the first 5/8 of the syncframe using the above
generator polynomial. Therefore, decoders should not attempt to save crcl, calculate the CRC for the first 5/8 of the
syncframe, and then compare the two.
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Syntactical block size restrictions within each syncframe (enforced by encoders), guarantee that blocks 0 and 1 are
completely covered by crcl. Therefore, decoders may immediately begin processing block 0 when the 5/8 point in the
data syncframe is reached. This may allow smaller input buffersin some applications. Decoders that are able to store an
entire syncframe may choose to process only crc2. These decoders would not begin processing block 0 of a syncframe
until the entire syncframe is received.

Table 6.34: 5/8_framesize table; number of words in the first 5/8 of the syncframe

frmsizecod Nominal bit-rate fs =32 kHz fs = 44,1 kHz fs = 48 kHz
(kbit/s) 5/8 framesize 5/8 framesize 5/8_framesize
000000 (0) 32 60 42 40
000001 (0) 32 60 43 40
000010 (1) 40 75 53 50
000011 (1) 40 75 55 50
000100 (2) 48 90 65 60
000101 (2) 48 90 65 60
000110 (3) 56 105 75 70
000111 (3) 56 105 76 70
001000 (4) 64 120 86 80
001001 (4) 64 120 87 80
001010 (5) 80 150 108 100
001011 (5) 80 150 108 100
001100 (6) 96 180 130 120
001101 (6) 96 180 130 120
001110 (7) 112 210 151 140
001111 (7) 112 210 152 140
010000 (8) 128 240 173 160
010001 (8) 128 240 173 160
010010 (9) 160 300 217 200
010011 (9) 160 300 217 200
010100 (10) 192 360 260 240
010101 (10) 192 360 261 240
010110 (11) 224 420 303 280
010111 (11) 224 420 305 280
011000 (12) 256 480 347 320
011001 (12) 256 480 348 320
011010 (13) 320 600 435 400
011011 (13) 320 600 435 400
011100 (14) 384 720 521 480
011101 (14) 384 720 522 480
011110 (15) 448 840 608 560
011111 (15) 448 840 610 560
100000 (16) 512 960 696 640
100001 (16) 512 960 696 640
100010 (17) 576 1080 782 720
100011 (17) 576 1080 783 720
100100 (18) 640 1200 870 800
100101 (18) 640 1200 871 800

6.10.2 Checking bit stream consistency

It is always possible that an AC-3 syncframe could have valid sync information and valid CRCs, but otherwise be
undecodable. This condition may arise if a syncframeis corrupted such that the CRC word is nonetheless valid, or in
the case of an encoder error (bug). One safeguard against thisis to perform some error checking tests within the AC-3
decoder and bit stream parser. Despite its coding efficiency, there are some redundancies inherent in the AC-3 hit
stream. If the AC-3 bit stream contains errors, a number of illegal syntactical constructions are likely to arise.
Performing checks for theseillegal constructs will detect a great many significant error conditions.
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Thefollowing isalist of known bit stream error conditions. In some implementations it may be important that the
decoder be able to benignly deal with these errors. Specifically, decoders may wish to ensure that these errors do not
cause reserved memory to be overwritten with invalid data, and do not cause processing delays by looping with illegal
loop counts. Invalid audio reproduction may be allowable, so long as system stability is preserved:

1) (blknum ==0) &&
(cplstre == 0);

2) (cplinu==1) &&
(fewer than two channels in coupling);

3) (cplinu==1) &&
(cplbegf > (cplendf+2));

4) (cplinu==1) &&
((blknum == 0) || (previous cplinu == 0)) &&
(chincpl[n] == 1) &&
(cplcoe[n] == 0);

5)  (blknum == 0) &&
(acmod == 2) &&
(rematstr == 0);

6) (cplinu==1) &&
((blknum == 0) || (previous cplinu == 0)) &&
(cplexpstr == 0);

7)  (cplinu==1) &&
((cplbegf = previous cplbedf) || (cplendf != previous cplendf)) &&
(cplexpstr == 0);

8) (blknum ==0) &&
(chexpstr[n] == 0);

9) (nchmant[n] != previous nchmant[n]) &&
(chexpstr[n] == 0);

10) (blknum == 0) &&
(Ifeon == 1) &&
(Ifeexpstr == 0);

11) (chincpl[n] == 0) &&
(chbwcod[n] > 60);

12) (blknum ==0) &&
(baie == 0);

13) (blknum == 0) &&
(snroffste == 0);

14) (blknum == 0) &&
(cplinu == 1) &&
(cplleake == 0);

15) (cplinu==1) &&
(expanded length of cpl delta bit allocation > 50);

16) expanded length of delta bit allocation[n] > 50;
17) compositely coded 5-level exponent value > 124;
18) compositely coded 3-level mantissa value > 26;
19) compositely coded 5-level mantissavalue > 124;

20) compositely coded 11-level mantissavalue > 120;
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21) bit stream unpacking continues past the end of the syncframe.

Note that some of these conditions (such as numbers 17 to 20) can only be tested for at low-levels within the decoder
software, resulting in a potentially significant MIPS impact. So long as these conditions do not affect system stability,
they do not need to be specifically prevented.

7 Encoding the AC-3 bit stream

7.1 Introduction

The following clauses provides some guidance on AC-3 encoding. Since AC-3 is specified by the syntax and decoder
processing, the encoder is not precisely specified. The only normative requirement on the encoder is that the output bit
stream follows the AC-3 syntax. Encoders of varying levels of sophistication may be produced. More sophisticated
encoders may offer superior audio performance, and may make operation at lower hit rates acceptable. Encoders are
expected to improve over time. All decoders will benefit from encoder improvements. The encoder described in the
following clauses, while basic in operation, provides good performance. The description which follows indicates several
avenues of potential improvement. A flow diagram of the encoding process is shown in Figure 7.1.

7.2 Summary of the encoding process

7.2.1 Input PCM

7211 Input word length

The AC-3 encoder accepts audio in the form of PCM words. The internal dynamic range of AC-3 alows input word
lengths of up to 24 bitsto be useful.

7.21.2 Input sample rate

Theinput samplerateislocked to the output bit rate so that each AC-3 syncframe contains 1536 samples of audio per
channdl. If theinput audio is availablein a PCM format at a different sample rate than that required, sample rate
conversion is performed to conform the sample rate.

7.2.1.3 Input filtering

Individual input channels may be high-pass filtered. Removal of DC components of signals can allow more efficient
coding since datarate is not used up encoding DC. However, thereis the risk that signals which do not reach 100 %
PCM level before high-pass filtering will exceed 100 % level after filtering, and thus be clipped. A typical encoder
would high-pass filter the input signals with a single pole filter at 3 Hz.

The Ife channel should be low-pass filtered at 120 Hz. A typical encoder would filter the Ife channel with an 8th order
dliptic filter with a cut-off frequency of 120 Hz.
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7.2.2 Transient detection

Transients are detected in the full-bandwidth channelsin order to decide when to switch to short length audio blocks to
improve pre-echo performance. High-pass filtered versions of the signals are examined for an increase in energy from
one sub-block time-segment to the next. Sub-blocks are examined at different time scales. If atransient is detected in
the second half of an audio block in a channel, that channel switches to a short block. A channel that is block-switched
uses the d45 exponent strategy.

The transient detector is used to determine when to switch from along transform block (length 512), to the short block
(length 256). It operates on 512 samples for every audio block. Thisis done in two passes, with each pass processing
256 samples. Transient detection is broken down into four steps:

. Sep 1.  high-passfiltering;
. Sep 2:  segmentation of the block into submultiples;

. Sep 3. peak amplitude detection within each sub-block segment; and
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. Sep 4:  threshold comparison.

The transient detector outputs a flag blksw[n] for each full-bandwidth channel, which when set to "one" indicates the
presence of atransient in the second half of the 512 length input block for the corresponding channel.

Sep 1: High-pass filtering:
The high-pass filter is implemented as a cascaded biquad direct form 11 1IR filter with a cut-off of 8 kHz.
Sep 2: Block segmentation:

The block of 256 high-pass filtered samples are segmented into a hierarchical tree of levelsin which level 1 represents
the 256 length block, level 2 istwo segments of length 128, and level 3 is four segments of length 64.

Sep 3: Peak detection

The sample with the largest magnitude is identified for each segment on every level of the hierarchical tree. The peaks
for asingle level are found as follows:

P[i][K] = max(x(n))
forn= (512 x (k-1) / 2j), (512 x (k-1) / 2)) + 1, ...(512 x k / 2j) - 1
and k =1, ...2%-1;

where:

x(n) = the nth sample in the 256 length block
j =1, 2, 3isthe hierarchical level number
k = the segment number within level |

Note that P[j][0], (i.e. k = 0) is defined to be the peak of the last segment on level j of the tree calculated immediately
prior to the current tree. For example, P[3][4] in the preceding treeis P[3][0] in the current tree.

Sep 4: Threshold comparison:

Thefirst stage of the threshold comparator checksto seeif thereis significant signal level in the current block. Thisis
done by comparing the overall peak value P[1][1] of the current block to a"silence threshold". If P[1][1] is below this
threshold then along block is forced. The silence threshold value is 100/32 768. The next stage of the comparator
checks the relative peak levels of adjacent segments on each level of the hierarchical tree. If the peak ratio of any two
adjacent segments on a particular level exceeds a pre-defined threshold for that level, then aflag is set to indicate the
presence of atransient in the current 256 length block. The ratios are compared as follows:

mag(P[][k]) x T[] > mag(P[i][(k-1)])
where:

TI[j] isthe pre-defined threshold for level j, defined as:
T[1]=01

T[2] = 0,075

T[3]=0,05

If thisineguality is true for any two segment peaks on any level, then atransient isindicated for the first half of the

512 length input block. The second pass through this process determines the presence of transients in the second half of
the 512 length input block.
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7.2.3 Forward transform

7.23.1 Windowing

The audio block is multiplied by a window function to reduce transform boundary effects and to improve frequency
selectivity in the filter bank. The values of the window function are included in Table 6.33. Note that the 256
coefficients given are used back-to-back to form a 512-point symmetrical window.

7.2.3.2 Time to frequency transformation

Based on the block switch flags, each audio block is transformed into the frequency domain by performing one
N = 512 point transform, or two N = 256 point transforms. Let x[n] represent the windowed input time sequence. The
output frequency sequence, X, [K] is defined by:

N-1
XplK] = _WZ Z x[n]cos(j—; (2n + 1)(2k + 1) + %(Zk + 1)1+ oc)j for 0< k< N/2
n=0

where:
. o = -1 for the first short transform.
. 0O for the long transform.

° +1 for the second short transform.

7.2.4 Coupling strategy

7.2.4.1 Basic encoder

For a basic encoder, a static coupling strategy may be employed. Suitable coupling parameters are:

cpl begf 6; /* coupling starts at 10,2 kHz */

cpl endf 12; /* coupling channel ends at 20,3 kHz */

cpl bndstrc =90, 0, 1, 1, 0, 1, 1, 1;

cplinu =1; /* coupling always on */

/* all non-block sw tched channels are coupled */

for(ch=0; ch<nfchans; ch++) if(blksw{ch]) chincpl[ch] = 0; else chincpl[ch] = 1.

Coupling coordinates for all channels may be transmitted for every other block, i.e. blocks O, 2, and 4. During blocks 1,
3, and 5, coupling coordinates are reused.

7.2.4.2 Advanced encoder

More advanced encoders may make use of dynamically variable coupling parameters. The coupling frequencies may be
made variable based on bit demand and on a psychoacoustic model which compares the audibility of artefacts caused by
bit starvation versus those caused by the coupling process. Channels with arapidly time varying power level may be
removed from coupling. Channels with slowly varying power levels may have their coupling coordinates sent less
often. The coupling band structure may be made dynamic.

7.2.5 Form coupling channel

7.25.1 Coupling channel

The most basic encoder can form the coupling channel by simply adding all of the individual channel coefficients
together, and dividing by 8. The division by 8 prevents the coupling channel from exceeding avalue of 1. Slightly more
sophisticated encoders can alter the sign of individual channels before adding them into the sum so asto avoid phase
cancellations.
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7.25.2 Coupling coordinates

Coupling coordinates are formed by taking magnitude ratios within of each coupling band. The power in the origina
channel within a coupling band is divided by the power in the coupling channel within the coupling band, and the
square root of thisisthen computed. This magnitude ratio becomes the coupling coordinate. The coupling coordinates
are converted to floating point format and quantized. The exponents for each channel are examined to seeif they can be
further scaled by 3, 6, or 9. This generates the 2-bit master coupling coordinate for that channel. (The master coupling
coordinates allow the dynamic range represented by the coupling coordinate to be increased.)

7.2.6 Rematrixing

Rematrixing is active only in the 2/0 mode. Within each rematrixing band, power measurements are made on the

L, R, L+R, and L-R signals. If the maximum power isfound in the L or R channels, the rematrix flag is not set for that
band. If the maximum power isfound in the L+R or L-R signal, then the rematrix flag is set. When the rematrix flag for
aband is set, the encoder codes L+R and L-R instead of L and R. Rematrixing is described in clause 6.5.

1.2.7 Extract exponents

The binary representation of each frequency coefficient is examined to determine the number of leading zeros. The
number of leading zeros (up to a maximum of 24) becomes the initial exponent value. These exponents are extracted
and the exponent sets (one for each block for each channel, including the coupling channel) are used to determine the
appropriate exponent strategies.

7.2.8 Exponent strategy

For each channel, the variation in exponents over frequency and time is examined. There is a trade-off between fine
frequency resolution, fine time resolution, and the number of bits required to send exponents. In general, when
operating at very low bit rates, it is necessary to trade-off time vs. frequency resolution.

In abasic encoder a simple agorithm may be employed. First, ook at the variation of exponents over time. When the
variation exceeds a threshold new exponents will be sent. The exponent strategy used is made dependent on how many
blocks the new exponent set is used for. If the exponents will be used for only asingle block, then use strategy d45. If
the new exponents will be used for 2 or 3 blocks, then use strategy d25. If the new exponents will be used for 4, 5, or
6 blocks, use strategy d15.

7.2.9 Dither strategy

The encoder controls, on a per channel basis, whether coefficients which will be quantized to zero bits will be
reproduced with dither. The intent is to maintain approximately the same energy in the reproduced spectrum even if no
bits are allocated to portions of the spectrum. Depending on the exponent strategy, and the accuracy of the encoded
exponents, it may be beneficial to defeat dither for some blocks.

A basic encoder can implement asimple dither strategy on a per channel basis. When blksw[ch] is 1, defeat dither for
that block and for the following block.

7.2.10 Encode exponents

Based on the selected exponent strategy, the exponents of each exponent set are pre-processed. d25 and d45 exponent
strategies require that a single exponent be shared over more than one mantissa. The exponents will be differentially
encoded for transmission in the bit stream. The difference between successive raw exponents does not necessarily
produce legal differential codes (maximum value of £2) if the slew rate of the raw exponentsis greater than that
allowed by the exponent strategy. Pre-processing adjusts exponents so that transform coefficients that share an exponent
have the same exponent and so that differentials are legal values. The result of this processing is that some exponents
will have their values decreased, and the corresponding mantissas will have some leading zeros.

The exponents are differentially encoded to generate the encoded spectral envelope. As part of the encoder processing, a
set of exponentsis generated which is equal to the set of exponents which the decoder will have when it decodes the
encoded spectral envelope.
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7.2.11 Normalize mantissas

Each channel's transform coefficients are normalized by left shifting each coefficient the number of times given by its
corresponding exponent to create normalized mantissas. The original binary frequency coefficients are left shifted
according to the exponents which the decoder will use. Some of the normalized mantissas will have leading zeros. The
normalized mantissas are what are quantized.

7.2.12 Core bit allocation

A basic encoder may use the core bit allocation routine with all parameters fixed at nominal default values.

sdcycod = 2;

fdcycod = 1;

sgaincod = 1;

dbpbcod = 2;

floorcod = 4;

cplfgaincod = 4;

fgaincod[ch] = 4;

Ifegaincod = 4;

cplsnroffst = fsnroffst[ch] = Ifesnroffst = fineoffset.

Since the bit allocation parameters are static, they are only sent during block 0. Delta bit allocation is not used, so
deltbaie = 0. The core bit allocation routine (described in clause 6.2) is run, and the coarse and fine SNR offsets are
adjusted until all available bits in the syncframe are used up. The coarse SNR offset adjustsin 3 dB increments, and the
fine offset adjustsin 3/16 dB increments. Bits are allocated globally from a common bit pool to al channels. The
combination of csnroffst and fineoffset which uses the largest number of bits without exceeding the syncframe sizeis
chosen. Thisinvolves an iterative process. When, for a given iteration, the number of bits exceeds the pool, the SNR
offset is decreased for the next iteration. On the other hand, if the allocation is less than the pool, the SNR offset is
increased for the next iteration. When the SNR offset is at its maximum without causing the allocation to exceed the
pool, theiterating is complete. The results of the bit allocation routine are the final values of csnroffst and fineoffset,
and the set of bit allocation pointers (baps). The SNR offset values are included in the bit stream so that the decoder
does not need to iterate.

7.2.13 Quantize mantissas

The baps are used by the mantissa quantization block. There is abap for each individual transform coefficient. Each
normalized mantissais quantized by the quantizer indicated by the corresponding bap. Asymmetrically quantized
mantissas are quantized by rounding to the number of bitsindicated by the corresponding bap. Symmetrically quantized
mantissas are quantized through the use of atable look-up. Mantissas with baps of 1, 2, and 4 are grouped into triples or
duples.

7.2.14 Pack AC-3 syncframe

All of the datais packed into the encoded AC-3 syncframe. Some of the quantized mantissas are grouped together and
coded by a single codeword. The output format is dependent on the application. The syncframe may be output in a
burst, or delivered as a serial data stream at a constant rate.
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Annex A (normative):
AC-3 bit streams in the MPEG-2 multiplex

A.0  Scope

This annex contains specifications on how to combine one or more AC-3 bit streamsinto the ATSC
(Recommendation ITU-R BT.1300 [i.5], System A) or DVB (Recommendation ITU-R BT.1300 [i.5],
System B) MPEG-2 transport stream (1SO/IEC 13818-1 [i.4]).

A.l Introduction

The AC-3 bit stream isincluded in an MPEG-2 multiplex bit stream in much the same way an MPEG-1 audio stream
would be included. The AC-3 bit stream is packetized into PES packets. An MPEG-2 multiplex bit stream containing
AC-3 bit streams shall meet al constraints described in the STD model in clause A.2.6. It is necessary to
unambiguously indicate that an AC-3 stream is, in fact, an AC-3 stream (and not an MPEG audio stream). The MPEG-2
standard does not explicitly indicate codes to be used to indicate an AC-3 stream. Also, the MPEG-2 standard does not
have an audio descriptor adequate to describe the contents of the AC-3 hit stream in the PSI tables.

The AC-3 audio access unit (AU) or presentation unit (PU) isan AC-3 syncframe. The AC-3 syncframe contains
1536 audio samples. The duration of an AC-3 access (or presentation) unit is 32 ms for audio sampled at 48 kHz,
approximately 34,83 msfor audio sampled at 44,1 kHz, and 48 ms for audio sampled at 32 kHz.

The items which need to be specified in order to include AC-3 within the MPEG-2 bit stream are: stream_type,
stream_id, AC-3 audio descriptor, and, for system A only, registration descriptor. The registration descriptor is not
required in System B since the AC-3_descriptor is regarded as a public descriptor in this system. The 1SO 639-1 [i.1]
language descriptor may be employed to indicate language. Some constraints are placed on the PES layer for the case
of multiple audio streams intended to be reproduced in exact sample synchronism. In System A (ATSC) the AC-3 audio
descriptor istitled "AC-3_audio_stream_descriptor” whilein System B (DVB) the AC-3 audio descriptor istitled
"AC-3_descriptor". It should be noted that the syntax of these descriptors differs significantly between the two
systems.

A.2  Detailed specification for System A (ATSC)

A.2.1 Stream_type

The value of stream_type for AC-3 shall be 0x81.

A.2.2 Stream id

The value of stream_id in the PES header shall be 0xBD (indicating private_stream_1). Multiple AC-3 streams may
share the same value of stream_id since each stream is carried with aunique PID value. The mapping of values of PID
to stream_type isindicated in the transport stream programme map table (PMT).
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A.2.3 Registration_descriptor

The syntax of the AC-3 registration_descriptor is shown below. The AC-3 registration_descriptor shall be included
inthe TS_programme_map_section.

Table A.2.0a
Syntax No. of bits Mnemonic

regi stration_descriptor()
{

dESCriPtor _tag .. oottt 8 ui mebf

descriptor_length ... ... 8 ui mebf

format _identifier ... ... .. 32 ui nmebf
}
descriptor_tag - 0XO05.
descriptor_length - 0X04.
format _identifier - The AC3 format_identifier is 0X41432D33 ("AC-3").

A.2.4 AC-3 audio_descriptor

The AC-3 audio_stream_descriptor alows information about individual AC-3 bit streams to be included in the
programme specific information (PSI) tables. Thisinformation is useful to enable decision making as to the appropriate
AC-3 stream(s) that are present in the current broadcast to be directed to the audio decoder, and also to enable the
announcement of characteristics of audio streams that will be included in future broadcasts. Note that horizontal linesin
table A.2.0b indicate allowabl e termination points for the descriptor.

Table A.2.0b
Syntax No. of bits Mnemonic
AC- 3_audi o_stream descriptor ()
{
descriptor_tag 8 ui msbf
descriptor_|length 8 ui msbf
sanpl e_rate_code 3 bsl bf
bsid 5 bsl! bf
bit_rate_code 6 bsl bf
surround_node 2 bsl bf
bsnod 3 bsl bf
num channel s 4 bsl| bf
full _svc 1 bsl bf
| angcod 8 bs| bf
i f(numchannels == 0) /* 1+1 node */
{
| angcod2 8 bsl bf
}
i f(bsmod < 2)
{
mai ni d 3 ui msbf
priority 2 bsl! bf
reserved 3 '111'
}
el se asvcfl ags 8 bsl bf
textlen 7 ui mebf
text _code 1 bsl bf
for(i =0; i < n i++)
text[i] 8 bsl! bf
}
| anguage_f | ag 1 bsl! bf
| anguage_flag_2 1 bsl| bf
reserved 6 ‘111111
i f(language_flag == 1) {l anguage} 3x8 ui msbf
i f(language_flag_2 == 1) {language_2} 3x8 ui mbsf
for(i =0; i < n; i++)
addi tional _info[i] nx8 bsl! bf
}
}
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descriptor_tag - The value for the AC-3 descriptor_tag is 0x81.

descriptor_length - Thisisan 8-bit field specifying the number of bytes of the descriptor immediately following

descriptor_length field.

sample_rate_code - Thisis a 3-hit field which indicates the sample rate of the encoded audio. The indication may be
of one specific sample rate, or may be of a set of values which include the sample rate of the encoded audio (see

Table A.2.1).

Table A.2.1: Sample_rate_code table

sample _rate code Sample rate (kHz)
000 48
001 44,1
010 32
011 Reserved
100 48 or 44,1
101 48 or 32
110 44,1 or 32
111 48 or 44,1 or 32

bsid - Thisis ab-bit field which is set to the same value as the bsid field in the AC-3 bit stream.

bit_rate code - Thisisa6-hit field. The lower 5 bitsindicate a nominal bit rate. The MSB indicates whether the

indicated bit rateis exact (MSB = 0) or an upper limit (MSB = 1) (see Table A.2.2).

Table A.2.2: Bit_rate_code table

bit_rate_code Exact bit rate bit_rate_code Bit rate upper limit
(kbit/s) (kbit/s)
000000 (0) 32 100000 (32) 32
000001 (1) 40 100001 (33) 40
000010 (2) 48 100010 (34) 48
000011 (3) 56 100011 (35) 56
000100 (4) 64 100100 (36) 64
000101 (5) 80 100101 (37) 80
000110 (6) 96 100110 (38) 96
000111 (7) 112 100111 (39) 112
001000 (8) 128 101000 (40) 128
001001 (9) 160 101001 (41) 160
001010 (10) 192 101010 (42) 192
001011 (11) 224 101011 (43) 224
001100 (12) 256 101100 (44) 256
001101 (13) 320 101101 (45) 320
001110 (14) 384 101110 (46) 384
001111 (15) 448 101111 (47) 448
010000 (16) 512 110000 (48) 512
010001 (17) 576 110001 (49) 576
010010 (18) 640 110010 (50) 640

dsurmod - Thisis a2-bit field which may be set to the same value as the dsurmod field in the AC-3 bit stream, or

which may be set to "00" (not indicated) (see Table A.2.3).

Table A.2.3: dsurmod table

surround_mode Meaning
00 Not indicated
01 NOT Dolby® surround encoded
10 Dolby® surround encoded
11 Reserved
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bsmod - Thisisa 3-hit field which is set to the same value as the bsmod field in the AC-3 bit stream.

num_channels - Thisisa4-bit field which indicates the number of channelsin the AC-3 hit stream. Whenthe MSB is
0, the lower 3 bits are set to the same value as the acmod field in the AC-3 bit stream. When the MSB field is 1, the
lower 3 bits indicate the maximum number of encoded audio channels (counting the Ife channel as 1). If the value of
acmod inthe AC-3 hit stream is "000" (1 + 1 mode), then the value of num_channels shall be set to "0000" (see
Table A.2.4).

Table A.2.4: Num_channels table

num_channels Audio coding mode num_channels Number of encoded

(acmod) channels

0000 1+1 1000 1

0001 1/0 1001 <2

0010 2/0 1010 <3

0011 3/0 1011 <4

0100 2/1 1100 <5

0101 3/1 1101 <6

0110 2/2 1110 Reserved

0111 3/2 1111 Reserved

full_svc - Thisisa 1-bit field which indicates whether or not this audio serviceisafull service suitable for presentation,
or whether this audio serviceis only apartial service which should be combined with another audio service before
presentation. This bit should be set to a"1" if thisaudio service is sufficiently complete to be presented to the listener
without being combined with another audio service (for example, avisually impaired service which contains al
elements of the programme; music, effects, dialogue, and the visual content descriptive narrative). This bit should be set
toa"0" if the service is not sufficiently complete to be presented without being combined with another audio service
(e.g. avisualy impaired service which only contains a narrative description of the visual programme content and which
needs to be combined with another audio service which contains music, effects, and dialogue).

langcod - Thisisan 8-hit field which is set to the same value as the langcod field in the AC-3 bit stream. If the
AC-3 hit stream langcod field is not present, then this 8-bit field shall be set to OXFF if present.

langcod?2 - Thisis an 8-bit field which is set to the value of the langcod2 field in the AC-3 bit stream. If the AC-3 bit
stream langcod? field is not present, then this 8-bit field shall be set to OXFF if present.

NOTE 1. Thelangcod and langcod? fields are not (that is, are no longer) used to indicate language.
The 1SO 639 [i.1] language descriptor is used to indicate language. However, the AC-3 audio descriptor
may optionally include the ISO_639_language code, see below "language" and "language 2" fields.

mainid - Thisis a 3-bit field which contains a number in the range 0 - 7 which identifies a main audio service. Each
main service should be tagged with a unique number. Thisvalue is used as an identifier to link associated services with
particular main services.

priority - Thisisa2-hit field that indicates the priority of the audio service. Thisfield allows aMain audio service
(bsmod equal to 0 or 1) to be marked as the primary audio service. Other audio services may be explicitly marked or
not specified. Table A.2.5 shows how thisfield is encoded.

Table A.2.5: Priority Field Coding

Bit Field Meaning
00 reserved
01 Primary Audio
10 Other Audio
11 Not specified

asvcflags - Thisisan 8-bit field. Each bit (0 - 7) indicates with which main service(s) this associated serviceis
associated. The left most bit, bit 7, indicates whether this associated service may be reproduced along with main service
number 7. If the bit has avaue of 1, the service is associated with main service number 7. If the bit has avalue of 0, the
service is not associated with main service number 7.

textlen - Thisisan unsigned integer which indicates the length, in bytes, of a descriptive text field which follows.
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text_code - Thisisa1-bit field which indicates how the following text field is encoded. If thisbitisa"1", thetext is
encoded as 1-byte characters using the | SO Latin-1 alphabet (1SO 8859-1 [i.3]). If thisbitisa"0", the text is encoded
with 2-byte unicode characters.

text[i] - The text field may contain a brief textual description of the audio service.

language_flag - Thisisa1-bit flag that indicates whether or not the 3-byte language field is present in the descriptor.
If thishitissetto"1", then the 3-byte language field is present. If this bit is set to "0", then the language field is not
present.

language_flag_2 - Thisisa 1-bit flag that indicates whether or not the 3-byte language_2 field is present in the
descriptor. If thisbit is set to "1", then the 3-byte language_2 field is present. If thisbit is set to "0", then the
language_2 field is not present. This bit shall always be set to "0", unless the num_channels field is set to "0000"
indicating the audio coding mode is 1+1 (dual mono). If the num_channels field is set to "0000" then this bit may be
set to "1" and the language_2 field may be included in this descriptor.

language - Thisfield is a 3-byte language code per SO 639-2/B [i.2] defining the language of this audio service. If the
AC-3 stream audio coding mode is 1+1 (dual mono), thisfield indicates the language of the first channel (channel 1, or
"left" channel).The language field shall contain a three-character code as specified by 1SO 639-2/B [i.2]. Each
character is coded into 8 bits according to SO 8859-1 [i.3] (1SO Latin-1) and inserted in order into the 24-bit field. The
coding isidentical to that used inthe ISO_639 _language code valueinthe ISO_639 language descriptor specifiedin
ISO/IEC 13818-1[i.4].

language_2 - Thisfield isonly present if the AC-3 stream audio coding mode is 1+1 (dual mono). Thisfieldisa
3-byte language code per SO 639-2/B [i.2] defining the language of the second channel (channel 2, or "right" channel)
in the AC-3 bit stream. Thelanguage_2 field shall contain athree-character code as specified by 1SO n order into the
24-hit field. The coding isidentical to that used inthe ISO_639_language code value in the

ISO_639 language descriptor specified in 1ISO/IEC 13818-1 [i.4].

additional_info[j] - Thisis a set of additional bytes filling out the remainder of the descriptor. The purpose of these
bytesis not currently defined. Thisfield is provided to allow the ATSC to extend this descriptor. No other useis
permitted.

NOTE 2: Inthe event that there isa single Main service that alternates between different languages, the
SO 639-1 [i.1] Language descriptor may be used to communicate that additional information.

A.2.5 1SO_639 language code

ThelSO_639_language_code descriptor allows a stream to be tagged with the 24-bit 1SO 639-1 [i.1] language code.

A.2.6 STD audio buffer size

For an MPEG-2 transport stream, the T-STD model defines the main audio buffer size BS, as:

BS;, = BSyux * BSgec t BSon
where:

BS;ux = 736 bytes
BS,n: PES header overhead
BSyec: access unit buffer

MPEG-2 specifies afixed value for BS,, (3584 bytes) and indicates that any excess buffer may be used for additional
multiplexing.

When an AC-3 hit stream is carried by an MPEG-2 transport stream, the transport stream shall be compliant with a
main audio buffer size of:

BSW = BSrnux + Bspad + Bsdec
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where:

BS, . = 736 bytes

The value of BS;,, employed shall be that of the highest bit rate supported by the system (i.e. the buffer sizeis not
decreased when the audio bit rate is less than the maximum value allowed by a specific system). The 64 bytesin BS,4
are available for BS,;, and additional multiplexing. This constraint makes it possible to implement decoders with the
minimum possible memory buffer.

A.3  Specification for System B (DVB)

NOTE: Transport of AC-3 bit streamsin an MPEG-2 Transport Stream that conforms to System B is defined in
ETSI TS101 154 [i.6] and ETSI EN 300 468 [i.7].

A4 PES constraints

A.4.0 Introduction

The following clauses apply to both System A and System B.

A.4.1 Encoding

In some applications, the audio decoder may be capable of simultaneously decoding two bit streams containing different
programme elements, and then combining the programme elements into a complete programme.

Most of the programme elements are found in the main audio service. Another programme element (such as a narration
of the picture content intended for the visually impaired listener) may be found in the associated audio service.

In order to have the audio from the two bit streams reproduced in exact sample synchronism, it is necessary for the
original audio bit stream encoders to have encoded the two audio programme elements frame synchronoudly; i.e. if
audio stream 1 has sample 0 of frame n taken at time t 0, then audio stream 2 should also have frame n beginning with
its sample O taken the identical timetO. If the encoding of multiple audio servicesis done frame and sample
synchronous, and decoding is intended to be frame and sample synchronous, then the PES packets of these audio
services shall contain identical values of PTS which refer to the audio access units intended for synchronous decoding.

Audio services intended to be combined together for reproduction shall be encoded at an identical sample rate.

A.4.2 Decoding

If audio access units from two audio services which are to be simultaneously decoded have identical values of PTS
indicated in their corresponding PES headers, then the corresponding audio access units shall be presented to the audio
decoder for simultaneous synchronous decoding. Synchronous decoding means that for corresponding audio

frames (access units), corresponding audio samples are presented at the identical time.

If the PTS values do not match (indicating that the audio encoding was not frame synchronous) then the audio

frames (access units) of the main audio service may be presented to the audio decoder for decoding and presentation at
the time indicated by the PTS. An associated service which is being simultaneously decoded may have its audio frames
(access units), which arein closest time alignment (as indicated by the PTS) to those of the main service being
decoded, presented to the audio decoder for simultaneous decoding. In this case the associated service may be
reproduced out of sync by as much as 1/2 of aframe time. (Thisistypically satisfactory; avisually impaired narration
does not require highly precise timing).
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A.4.3 Byte-alignment

The AC-3 bit stream shall be byte-aligned within the MPEG-2 data stream. This means that theinitial 8 bits of an AC-3
syncframe shall reside in a single byte which is carried by the MPEG-2 data stream.
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Annex B (informative):
Void
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Annex C (informative):
AC-3 karaoke mode

C.0 Scope

This annex contains specifications for how karaoke-aware and karaoke-capable AC-3 decoders should reproduce
karaoke AC-3 bit streams. A minimum level of functionality is defined which allows a karaoke-aware decoder to
produce an appropriate 2/0 or 3/0 default output when presented with a karaoke mode AC-3 hit stream. An additional
level of functionality is defined for the karaoke-capable decoder so that the listener may optionally control the
reproduction of the karaoke bit stream.

C.1 Introduction

The AC-3 karaoke mode has been defined in order to alow the multi-channel AC-3 bit stream to convey audio channels
designated as L, R (e.g. 2-channel stereo music), M (e.g. guide melody), and V1, V2 (e.g. one or two vocal tracks). This
annex does not specify the contentsof L, R, M, V1, and V2, but does specify the behaviour of AC-3 decoding
equipment when receiving a karaoke bit stream containing these channels. An AC-3 decoder which is karaoke-capable
will alow the listener to optionally reproduce the V1 and V2 channels, and may allow the listener to adjust the relative
levels (mixing balance) of the M, V1, and V2 channels. An AC-3 decoder which is karaoke-aware will reproduce the L,
R, and M channels, and will reproduce the V1 and V2 channels at alevel indicated by the encoded bit stream. The
2-channel karaoke-aware decoder will decode the karaoke bit stream using the Lo, Ro downmix. The L and R channels
will be reproduced out of the left and right outputs, and the M channel will appear as a phantom centre. The precise
level of the M channel is determined by cmixlev which is under control of the programme provider. The level of the

V1 and V2 channels which will appear in the downmix is determined by surmixlev, which is under control of the
programme provider. A single V channel (V1 only) will appear as a phantom centre. A pair of V channels (V1 and V2)
will be reproduced with V1 in left output and V2 in right output. The 5-channel karaoke-aware decoder will reproduce
the L, R channels out of the left and right outputs, and the M channel out of the centre output. A single V channel

(V1 only) will be reproduced in the centre channel output. A pair of V implementation of the flexible karaoke-capable
decoder is not specified; it isleft up to the implementation as to the degree of adjustability to be offered to the listener.

C.2 Detailed specification

C.2.1 Karaoke mode indication

AC-3 hit streams are indicated as karaoke type when bsmod ="111" and acmod >0 x 2.

C.2.2 Karaoke mode channel assignment

The channel assignments for both the norma mode and the karaoke mode are shown in Table C.2.1.

Table C.2.1: Channel Array Ordering

acmod |Audio Coding Mode | Normal Channel |Karaoke Channel
Assignment Assignment
(bsmod !'="111") | (bsmod ="111")
010 2/0 L,R L,R
011 3/0 L,C,R L,M,R
100 2/1 L,R, S L,R,V1
101 3/1 L,C,R, S L,M,R,V1
110 2/2 L,R, Ls,Rs L, R, V1 V2
111 3/2 L,C R, Ls,Rs L, M,R, V1, V2
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C.2.3 Reproduction of karaoke mode bit streams

C.2.3.0 Introduction

This clause contains the specifications which should be met by decoders which are designated as karaoke-aware or
karaoke-capable. The following general equations indicate how the AC-3 decoder's output channels, L, Cy, R, are

formed from the encoded channelsL, M, R, V1, V2.
Typicaly, the surround loudspeakers are not used when reproducing karaoke bit streams.

L,=L+axVl+bxV2+cxM
Cy=dxVli+exV2+fxM

Ryk=R+gxV1+hxV2+ixM

C.2.3.1 Karaoke-aware decoder

The values of the coefficients a-i, which are used by karaoke-aware decoders, are givenin Table C.2.2. Values are
shown for both 2-channel (2/0) and multi-channel (3/0) reproduction. For each of these situations, a coefficient set is
shown for the case of asingle encoded V channel (V1 only) or two encoded V channels (V1, V2). The actual
coefficients used need to be scaled downwards so that arithmetic overflow does not occur if all channels contributing to
an output channel happen to be at full scale. Monophonic reproduction would be obtained by summing the left and right
output channels of the 2/0 reproduction. Any AC-3 decoder will produce the appropriate output if it is set to perform an
Lo, Ro 2-channel downmix.

Table C.2.2: Coefficient values for karaoke-aware decoders

Coefficient 2/0 Reproduction | 3/0 Reproduction
1 Vocal 2 Vocals |1 Vocal 2 Vocals
a 0,7 x slev slev 0,0 slev
b 0,0 0,0
c clev clev 0,0 0,0
d slev 0,0
e 0,0
f 1,0 1,0
g 0,7 x slev 0,0 0,0 0,0
h - slev - slev
i clev clev 0,0 0,0

C.2.3.2 Karaoke-capable decoders

Karaoke-capable decoders allow the user to choose to have the decoder reproduce none, one, or both of the V channels.
The default coefficient values for the karaoke-capable decoder are given in Table C.2.3. When the listener selectsto
have none, one, or both of the V channels reproduced, the default coefficients are givenin Table C.2.3. Vaues are
shown for both 2-channel (2/0) and multi-channel (3/0) reproduction, and for the cases of user selected reproduction of
no V channel (None), one V channel (either V1 or V2), or both V channels (V1+V2). The M channel and asingle

V channel are reproduced out of the centre output (phantom centre in 2/0 reproduction), and apair of V channels are
reproduced out of the left (V1) and right (V2) outputs. The actual coefficients used need to be scaled downwards so that
arithmetic overflow does not occur if al channels contributing to an output happen to be at full scale.

Table C.2.3: Default coefficient values for karaoke-capable decoders

Coefficient 2/0 Reproduction 3/0 Reproduction
None V1 V2 V1+V2 None Vi V2 V1+V2
a 0,0 0,7 0,0 1,0 0,0 0,0 0,0 1,0
b 0,0 0,0 0,7 0,0 0,0 0,0 0,0 0,0
c clev clev clev clev 0,0 0,0 0,0 0,0
d 0,0 1,0 0,0 0,0
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Coefficient 2/0 Reproduction 3/0 Reproduction
None V1 V2 V1+V2 None Vi V2 V1+V2
e 0,0 0,0 1,0 0,0
f 1,0 1,0 1,0 1,0
g 0,0 0,7 0,0 0,0 0,0 0,0 0,0 0,0
h 0,0 0,0 0,7 1,0 0,0 0,0 0,0 1,0
i clev clev clev clev 0,0 0,0 0,0 0,0

Additional flexibility may be offered optionally to the user of the karaoke decoder. For instance, the coefficients a, d,
and g might be adjusted to allow the V1 channel to be reproduced in a different location and with a different level.
Similarly the level and location of the V2 and M channels could be adjusted. The details of these additional optional
user controls are not specified and are left up to the implementation. Also left up to the implementation is what use
might be made of the L, R outputs of the 5-channel decoder, which would naturally reproduce the V1, V2 channels.
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Annex D (normative):
Alternate bit stream syntax

D.0 Scope

This annex contains specifications for an aternate bit stream syntax that may be implemented by some AC-3 encoders
and interpreted by some AC-3 decoders. The new syntax redefines certain bit stream information (bsi) fields to carry
new meanings. It is not necessary for decoders to be aware of this alternate syntax in order to properly reconstruct an
audio soundfield; however those decoders that are aware of this syntax will be able to take advantage of the new system
features described in this annex. This alternate bit stream syntax isidentified by setting the bsid to avalue of 6. This
annex is normative to the extent that when bsid is set to the value of 6, the alternate syntax elements shall have the
meaning described in this annex. Thus this annex may be considered normative on encoders that set bsid to 6. This
annex isinformative for decoders. Interpretation and use of the new syntactical elementsis optional for decoders. The
new syntactical elements defined in this annex are placed in the two 14-bit fields that are defined as timecodl and
timecod?2 in clause 4 (these fields have never been applied for their originally anticipated purpose).

D.1  Specification

D.1.1 Indication of alternate bit stream syntax

An AC-3 hit stream shall have the alternate bit stream syntax described in this annex when the bit stream identification
(bsid) field is set to 6.

D.1.2 Alternate bit stream syntax specification

Syntax Word Size
bsi ()
{
DS O o 5
DS . 3
ACIDA o o 3
if((acmpd & 0x1) && (acnod != 0x1)) /* if 3 front channels */ {cmixlev} ................... 2
if(acnod & Ox4) /* if a surround channel exists */ {surmixlev} ....... ... . ... ... ... ... .... 2
if(acnod == 0x2) /* if in 2/0 node */ {dsurnod} .......... .. . . ... 2
=T o 1
i Al NOr M 5
[0 110 =P 1
L (CONMPrE) {COMPI Y o 8
| ANGCOOE . .o 1
if(langcode) {1angcod} . ..... ... 8
AUAPN O0I & oo e 1
i f (audprodie)
MXL BVl 5
L 1010 90 V2 2

if(acnod == 0) /* if 1+1 node (dual nono, so sone itens need a second val ue) */

{

i Al NOr MR 5
[ 101 22 = 1
L (COMPr2€) {COMPI 2} o 8
L ANGCOO2E . o 1
if(langcod2e) {l angCod2} .. ... 8
AUAPr O0i 26 . . o 1
i f (audpr odi 2e)
M XD BVl 2 5
F OO Y P o o e 2
}
COPYT T Gt D 1
OF i GBS 1
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Syntax Word Size
XDST L 1
i f(xbsile)

A XD Lo e 2
Lt Cm Xl BV e 3
Lt SUr M XL BV L e 3
L Or OCM Xl BV L 3
L Or OSUI M Xl BV o 3
}
XS 28 1
i f(xbsi 2e)
{
ASUN EXITDA . . o e 2
dheadphonnDd . ... 2
A CONVE Y P . 1
XD ST 2 e 8
ENCT NT O L e 1
}
AdADST & . 1

i f (addbsi e)

AddDST | e 6
addbsi (addbsil +1) x 8

}
} /* end of bsi */

D.1.3 Description of alternate syntax bit stream elements

D.1.3.0 Introduction

The following clauses describe the meaning of the alternate syntax bit stream elements. Elements not specifically
described retain the same meaning as specified in clause 4, except as noted in the alternate bit stream constraints clause
above.

D.1.3.1 xbsile: Extra bit stream information #1 exists, 1 bit

If thisbit isal, the following 14 bits contain extra bit stream information.

D.1.3.2 dmixmod: Preferred stereo downmix mode, 2 bits

This 2-bit code, as shown in Table D.1.1, indicates the type of stereo downmix preferred by the mastering engineer.
This information may be used by the decoder to automatically configure the type of stereo downmix, but may also be
overridden or ignored. If dmixmod is set to the reserved code, the decoder should still reproduce audio. The reserved
code may be interpreted as "not indicated".

Table D.1.1: Preferred Stereo Downmix Mode

dmixmod Indication
00 Not indicated
01 Lt/Rt downmix preferred
10 Lo/Ro downmix preferred
11 Reserved

NOTE:  The meaning of this field is only defined as described if the audio
coding mode is 3/0, 2/1, 3/1, 2/2 or 3/2. If the audio coding mode is
1+1, 1/0 or 2/0 then the meaning of this field is reserved.

D.1.3.3 ltrtcmixlev: Lt/Rt centre mix level, 3 bits

This 3-bit code, shown in Table D.1.2, indicates the nominal down mix level of the centre channel with respect to the
left and right channelsin an Lt/Rt downmix.
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Table D.1.2: Lt/Rt Centre Mix Level

Itrtcmixlev Clev

000 1,414 (+3,0 dB)

001 1,189 (+1,5 dB)

010 1,000 (0,0 dB)

011 0,841 (-1,5 dB)

100 0,707 (-3,0 dB)

101 0,595 (-4,5 dB)

110 0,500 (-6,0 dB)

111 0,000 (-inf dB)

NOTE: The meaning of this field is only defined as described if the audio coding mode is

3/0, 3/1 or 3/2. If the audio coding mode is 1+1, 1/0, 2/0, 2/1 or 2/2 then the meaning
of this field is reserved.

D.1.3.4 ltrtsurmixlev: Lt/Rt surround mix level, 3 bits

This 3-bit code, shown in Table D.1.3, indicates the nominal down mix level of the surround channels with respect to
the left and right channelsin an Lt/Rt downmix. If one of the reserved valuesis received, the decoder should use avaue
of 0,841 for dlev.

Table D.1.3: Lt/Rt Surround Mix Level

Itrtsurmixlev Slev

000 Reserved

001 Reserved

010 Reserved

011 0,841 (-1,5 dB)

100 0,707 (-3,0 dB)

101 0,595 (-4,5 dB)

110 0,500 (-6,0 dB)

111 0,000 (-inf dB)

NOTE: The meaning of this field is only defined as described if the audio coding mode is 2/1,

3/1, 2/2 or 3/2. If the audio coding mode is 1+1, 1/0, 2/0 or 3/0 then the meaning of
this field is reserved.

D.1.3.5 lorocmixlev: Lo/Ro centre mix level, 3 bits

This 3-bit code, shown in Table D.1.4, indicates the nominal down mix level of the centre channel with respect to the
left and right channelsin an Lo/Ro downmix.

Table D.1.4: Lo/Ro Centre Mix Level

lorocmixlev Clev

000 1,414 (+3,0 dB)

001 1,189 (+1,5 dB)

010 1,000 (0,0 dB)

011 0,841 (-1,5 dB)

100 0,707 (-3,0 dB)

101 0,595 (-4,5 dB)

110 0,500 (-6,0 dB)

111 0,000 (-inf dB)

NOTE: The meaning of this field is only defined as described if the audio coding mode is 3/0,

3/1 or 3/2. If the audio coding mode is 1+1, 1/0, 2/0, 2/1 or 2/2 then the meaning of
this field is reserved.
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D.1.3.6 lorosurmixlev: Lo/Ro surround mix level, 3 bits
This 3-bit code, shown in Table D.1.5, indicates the nominal down mix level of the surround channels with respect to

the left and right channelsin an Lo/Ro downmix. If one of the reserved values is received, the decoder should use a
value of 0,841 for slev.

Table D.1.5: Lo/Ro Surround Mix Level

lorosurmixlev Slev

000 Reserved

001 Reserved

010 Reserved

011 0,841 (-1,5 dB)

100 0,707 (-3,0 dB)

101 0,595 (-4,5 dB)

110 0,500 (-6,0 dB)

111 0,000 (-inf dB)

NOTE:  The meaning of this field is only defined as described if the audio coding mode is

2/1, 3/1, 2/2 or 3/2. If the audio coding mode is 1+1, 1/0, 2/0 or 3/0 then the meaning
of this field is reserved.

D.1.3.7 xbsi2e: Extra bit stream information #2 exists, 1 bit

If thisbit isal, the following 14 bits contain extra bit stream information.

D.1.3.8 dsurexmod: Dolby® Surround EX® mode, 2 bits

This 2-bit code, as shown in Table D.1.6, indicates whether or not the programme has been encoded in Dolby

Surround EX®, Dolby Pro Logic® I1x or Dolby Pro Logic® I1z. Thisinformation is not used by the decoder, but may be
used by other portions of the audio reproduction equipment.

Table D.1.6: Dolby Surround EX® Mode

dsurexmod Indication
00 Not indicated
01 Not Dolby Surround EX®, Dolby Pro Logic® lix or Dolby Pro Logic® Iz encoded
10 Dolby Surround EX® or Dolby Pro Logic® lix encoded
11 Dolby Pro Logic® Iz encoded
NOTE:  The meaning of this field is only defined as described if the audio coding mode is 2/2
or 3/2. If the audio coding mode is 1+1, 1/0, 2/0, 3/0, 2/1 or 3/1 then the meaning of
this field is reserved.

D.1.3.9 dheadphonmod: Dolby® Headphone mode, 2 bits

This 2-bit code, as shown in Table D.1.7, indicates whether or not the programme has been Dolby®
Headphone-encoded. Thisinformation is not used by the decoder, but may be used by other portions of the audio
reproduction eguipment. If dheadphonmod is set to the reserved code, the decoder should still reproduce audio. The
reserved code may be interpreted as "not indicated”.

Table D.1.7: Dolby® Headphone Mode

dheadphonmod Indication
00 Not indicated
01 Not Dolby® Headphone encoded
10 Dolby® Headphone encoded
11 Reserved

NOTE: The meaning of this field is only defined as described if the audio coding mode is
2/0. If the audio coding mode is 1+1, 1/0, 3/0, 2/1, 3/1, 2/2 or 3/2 then the
meaning of this field is reserved.
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D.1.3.10 adconvtyp: A/D converter type, 1 bit
This 1-bit code, as shown in Table D.1.8, indicates the type of A/D converter technology used to capture the PCM

audio. Thisinformation is not used by the AC-3 decoder, but may be used by other portions of the audio reproduction
equipment. If the type of A/D converter used is not known, the " Standard” setting should be chosen.

Table D.1.8: A/D Converter Type

Adconvtyp |Indication
"0" Standard
"1" HDCD

D.1.3.11 xbsi2: Extra bit stream information, 8 bits

Thisfield isreserved for future assignment. Encoders shall set these bitsto all O's.

D.1.3.12 encinfo: Encoder information, 1 bit

Thisfield isreserved for use by the encoder, and is not used by the decoder.

D.2  Decoder processing

D.2.0 Introduction

There are two types of decoders: those that recognize the alternate syntax (compliant decoders), and those that do not
(legacy decoders). This clause specifies how each type of decoder will process bit streams that use the alternate bit
stream syntax. | mplementation of compliant decoding is optional.

D.2.1 Compliant decoder processing

D.2.1.1 Two-channel downmix selection

In the case of atwo-channel downmix, compliant decoders should allow the end user to specify which two-channel
downmix is chosen. Three separate options should be allowed: Lt/Rt downmix, Lo/Ro downmix, or automatic selection
of either Lt/Rt or Lo/Ro based on the preferred downmix mode parameter dmixmod.

D.2.1.2 Two-channel downmix processing

Once a particular two-channel downmix has been selected, compliant decoders should use the new centre mix level and
surround mix level parameters associated with the selected downmix type (assuming they are included in the bit
stream). If Lt/Rt downmix is selected, compliant decoders should use the Itrtcmixlev and Itrtsurmixlev parameters (if
included). If Lo/Ro downmix is selected, compliant decoders should use the lorocmixlev and lorosurmixlev parameters
(if included). If these parameters are not included in the bit stream, then downmixing should be performed as defined in
the original specification.

D.2.1.3 Informational parameter processing

Compliant decoders should provide a means for informational parameters (e.g. dsurexmod, dheadphonmod, etc.) to
be accessed by external system components. Note that these parameters do not otherwise affect decoder processing.
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D.2.2 Legacy decoder processing

Legacy decoders do not recognize the alternate bit stream syntax, but rather interpret these bit fields according to their
original definitionsin clause 4. The extra bit stream information words (xbsile, xbsi2e, dmixmod, etc.) are interpreted
astime code words (timecod1le, timecodl, timecod2e, and timecod?2).

As described in clause 4, the time code words do not affect the decoding processin legacy decoders. As aresult, the
aternate bit stream syntax can be safely decoded without causing incorrect decoder processing. However, legacy
decoders will not be able to take advantage of new functionality provided by the alternate syntax.

D.3  Encoder processing

D.3.0 Introduction

This clause describes processing steps and requirements associated with encoders that create bits streams according to
the alternate bit stream syntax.

D.3.1 Encoder processing steps

D.3.1.1 Dynamic range overload protection processing

If the alternate bit stream syntax is used, the dynamic range overload protection function within the encoder shall
account for potential overload in either legacy or compliant decoders, using any downmix mode. No assumption should
be made that compliant decoders will necessarily use the preferred downmix mode.

D.3.2 Encoder requirements

D.3.2.1 Legacy decoder support

In order to support legacy decoder operations, it is necessary to continue to specify valid values for bit stream
information parameters that are made obsol ete by the alternate bit stream syntax. For example, the new ltrtcmixlev,
Itrtsurmixlev, lorocmixlev, and lorosurmixlev fields (if included in the aternate bit stream) override the functionality
of the previously defined cmixlev and surmixlev fields. Nonetheless, alternate bit stream syntax encoders shall
continue to specify valid values for the cmixlev and surmixlev fields.

D.3.2.2 Original bit stream syntax support

Encoding equipment that is capable of creating bit streams according to the alternate bit stream syntax shall aso
provide an option that allows for creation of bit streams according to the present document not including this annex.
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Annex E (normative):
Enhanced AC-3

E.O Scope

This annex defines the audio coding a gorithm denoted as Enhanced AC-3 ("E-AC-3") and the alterations to the

AC-3 bit stream necessary to convey E-AC-3 data along with a reference decoding process. E-AC-3 bit streams are
similar in nature to standard AC-3 bit streams but are not backwardly compatible (i.e., they are not decodable by
standard AC-3 decoders). This annex specifies either directly or by reference the bit stream syntax of E-AC-3. When an
AC-3 bit stream carries E-AC-3 bit stream syntax, it is referred herein to as an E-AC-3 bit stream.

E.1  Bit stream syntax and semantics specification

E.1.1 Indication of Enhanced AC-3 bit stream syntax

An AC-3 hit stream isindicated as using the Enhanced AC-3 bit stream syntax described in this annex when the bit
stream identification (bsid) field is set to 16. To enable differentiation between an AC-3 bit stream and an E-AC-3 bit
stream, the bsid field is placed the same number of bits from the beginning of the syncframe as defined in the syntax
below.

E.1.2 Syntax specification

E.1.2.0 E-AC-3_bit_stream and syncframe

Unless otherwise specified, all bit stream elements shall have the same meaning and purpose as described in the body
and Annex D of the present document. Single bit boolean values shall be treated as '1' equals TRUE. A continuous
audio bit stream consists of a sequence of synchronization frames.

Syntax
E- AC-3_bit_stream()

whi | e(true)

syncfranme() ;

} /* end of bit stream*/

The syncframe consists of the syncinfo, bsi and audfrm fields, up to 6 coded audblk fields, the auxdata field, and
the errorcheck field.

Syntax
syncframe()

syncinfo() ;

bsi () ;

audfrm() ;

for(blk = 0; blk < nunber_of _bl ocks_per_syncfrane; bl k++)

audbl k() ;
auxdata() ;

errorcheck() ;
} /* end of syncfranme */

Each of the bit stream elements, and their length, are itemized in the following pseudo code. Note that all bit stream
elements arrive most significant bit first, or left bit first, in time.
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E.1.2.1 syncinfo - Synchronization information

Syntax Word size
synci nfo()

SYNCWOE O o oottt e 16
} /* end of syncinfo */

E.1.2.2 Dbsi - Bit stream information

Syntax Word size
bsi ()
{
LS S8 1057/ 2
SUDST I A O . .o oo 3
FE Bl Z . e 11
F S COO . . 2
NUMDI KSCOO . . .o 2
ACITDA . . 3
7= 1
01 5
di Al MO M. L 5
[ 151 = 1
P (conPre) {COMPr Y oo 8
if(acnod == 0x0) /* if 1+1 node (dual nono, so sone itens need a second val ue) */
di @l NOT M 5
COMPE 2 . oot ettt e et e e e e 1
T (CONMPr2e) {COMPr 2} Lo 8

}
if(strnmtyp == 0x1) /* if dependent stream */
{

CANITB P . . . . 1
if(chanmape) {chanmap} . .. ... 16
}
MOXITHAL € . . . o 1
if(mxndate) /* mxing nmetadata */
if(acnod > 0x2) /* if nmore than 2 channels */ {dmixmod} ....... ... ... ... .. . . . . 2
if((acmod & 0x1) && (acmod > 0x2)) /* if three front channels exist */
{
Lt Cm Xl BV o oo 3
L OrOCm Xl BV . oo 3

if(acnmod & 0x4) /* if a surround channel exists */

Lt rt SUN M Xl BV L . 3
L Or OSUr M Xl BV .o 3

}
if(lfeon) /* if the LFE channel exists */

Lfem Xl eVeode . ... e 1
if(lfem xlevcode) {Ifem xlevcod} ... ... . 5

}
if(strntyp == 0x0) /* if independent stream */
{

POMBCl B L o 1
Pf(pgnecl @) {PaMBCl ) . oo 6
if(acnod == 0x0) /* if 1+1 node (dual nopno, so sone itens need a second val ue) */
POl 20 . 1
i f(pgmscl 2e) {POMBCl 2} . . 6
XL POIMB ] B L . 1
if(extpgnscle) {extpagnBCl } ..o 6
M XA o 2

i f(m xdef == 0x1) /* mxing option 2 */

Pr M XCIPS Bl 1
Ar O C 1
Pr M XCIPS Cl o 3
else if(mxdef == 0x2) /* mixing option 3 */ {mixdata} ........... ... .. ... .. ... 12
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Syntax Word size
el se if(mxdef == 0x3) /* mxing option 4 */
MoXAET | BN 5
M OXAAE B2 . .. oo 1
i f (m xdata2e)
{
Prem XCIPSel ..o 1
Ar CST C 1
Prem XCNPSCl . ..o 3
ext pgmM SCl e ..o 1
if(extpgm scle) {extpgm scl} ... . 4
EXt PONMTSCl € . oo 1
if(extpgntscle) {extpgnTscl} .. ... 4
EXt PONT SCl @ L o o 1
if(extpgnrscle) {extpgnrscl} ... 4
ext pgml SSCl @ . . oo 1
if(extpgm sscle) {extpgm sscl} ... ... 4
EXt PONT SSCl @ L L oo 1
if(extpgnrsscle) {extpgnrsscl} . ... 4
extpgm fesCl e ... 1
if(extpgm fescle) {extpgm fescl} ... ... . . . . 4
AIM XS Cl B L. 1
if(dmxscle) {dm Xscl} .. 4
addche . ... 1
i f (addche)
{
Xt POMBUXLSCl € . o oo 1
i f(extpgmauxlscle) {extpgmauxlscl} ..... ... . . . . 4
Xt POMBUX2SCl € L o oo 1
i f(extpgmaux2scle) {extpgmaux2scl} ..... ... . . . . 4
}
MoXAat @3€ . . . 1
i f(m xdat a3e)
{
SPChdat . ... 5
addspchdat e . ... ... 1
i f (addspchdat e)
{
SPChAAt L . . . . 5
SPChaNLAt t . . .. 2
addspchdat 1e . ... ... 1
i f (addspdat 1e)
SPChAat 2 . . . 5
SpChan2att . ... ... .. 3
}
} }
moxdata .. ... (8*(m xdefl en+2)) - no. mxdata bits
moxdat af i |l . 0-7
if(acmod < 0x2) /* if nmono or dual nono source */
{
AN Nf 0 . . e 1
i f (pani nf oe)
PANMBAN . . . ot e e e e e e 8
PaNI Nf O L. 6
if(acnod == 0x0) /* if 1+1 node (dual nono - sone itens need a second val ue) */
{
PaNI Nf 026 . . 1
i f(pani nfo2e)
{
PANMBANZ . . o ot e e e 8
PaNi Nf 02 . . 6
}
}
frmm XCf gi NfOe . L 1
if(frmm xcfginfoe) /* mxing configuration information */
{
i f (nunbl kscod == 0x0) {blkmixcfginfo[O]} ....... ... ... . 5
el se

for(blk = 0; blk < nunber_of _bl ocks_per_sync_frane; bl k++)
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Syntax Word size
bl kmi xcfginfoe ... .. 1
i f (bl km xcfginfoe){blkm xcfginfo[blkl} ...... .. .. .. . . . . . . 5
}
}
}
}
}
I Nf oAt € . . 1
if(infondate) /* informational metadata */
{
DS . . 3
COPY I OGNt D L L 1
OF T DS L 1
if(acmod == 0x2) /* if in 2/0 node */
ASUN MDA . . 2
dheadphonmDd . . ... 2
if(acnod >= 0x6) /* if both surround channels exist */ {dsurexmod} ...................... 2
AUAPE O € L . o 1
i f (audprodi e)
XL BVl 5
L0 0T 0 V4 o 2
AOCONVE Y L o 1
if(acnod == 0x0) /* if 1+1 node (dual nono, so sone itens need a second val ue) */
{
AUAPI 001 28 . . o 1
i f (audpr odi 2e)
{
M X BVl 2 5
[ OO Y P L ot e e e 2
AdCONVEY P2 Lo 1
}
if(fscod < 0x3) /* if not half sanple rate */ {sourcefscod} ........... .. ... ... ... ..... 1
}
if( (strntyp == 0x0) && (nunmbl kscod !'= 0x3) ) {convsync} ........... ... .. . ... 1
if(strnmtyp == 0x2) /* if bit streamconverted fromAC 3 */
{
i f (nunbl kscod == 0x3) /* 6 bl ocks per syncframe */ {blkid = 1}
el se (bl Ki A} .. 1
if(blkid) {frmsizecod} ... ... 6
addbsi e . . .. 1
i f (addbsi e)
addbsi | ..o 6
addbsi ... (addbsi | +1) x8

}
} /* end of bsi */

E.1.2.3 audfrm - Audio frame

Syntax Word size
audfrm()
/* these fields for audio frame exist flags and strategy data */
i f (nunbl kscod == 0x3) /* six blocks per syncframe */
OX PSS T B o o 1
ANt B L L 1
}
el se
{
expstre =1
ahte = 0
SNEOf f St ST Lo e 2
EFANS PRI OCE . . . et e e e e e 1
Bl K S . 1
dithflage . . ... . 1
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Syntax Word size

DA DO . . . e

F o Qai NCOME . . .

Abaf | de .

SKi Pf L e . e

SPXAL L BN . . ottt
/* these fields for coupling data */

if(acmod > 0x1)

{
cplstre[0] =1
CPL T UL O] oot
for(blk = 1; blk < nunber_of _bl ocks_per_sync_frane; bl k++)
CPl St Bl K] .o
if(eplstre[blk] == 1) {cplinu[bl K]} ...
el se {cplinu[blk] = cplinu[blk-1]}
}
}
el se

for(blk = 0; blk < nunber_of _bl ocks_per_sync_frane; bl k++) {cplinu[blk] = 0}

/* these fields for exponent strategy data */
i f(expstre)

for(blk = 0; blk < nunber_of _bl ocks_per_sync_frame; bl k++)

if(cplinu[blk]l] == 1) {cplexpstr[bl K]} ...
for(ch = 0; ch < nfchans; ch++) {chexpstr[blk][ch]} ... ... ... . . . . . . . .

}
}
el se
{
ncpl bl ks = 0

for(blk = 0; blk < nunber_of _bl ocks_per_sync_frane; bl k++) {ncpl bl ks += cplinu[bl K]}

if( (acmod > 0x1) && (ncplblks > 0) ) {frncplexpstr} ...
for(ch = 0; ch < nfchans; ch++) {frnthexpstrchl} ... ... ... . . . . . . . . . . .
/* cplexpstr[bl k] and chexpstr[blk][ch] derived fromtable | ookups - see Table E. 1.8*/

}
if(lfeon)
for(blk = 0; blk < nunber_of _bl ocks_per_sync_frane; bl k++) {Ifeexpstr[blk]} .............

/* These fields for converter exponent strategy data */
if(strntyp == 0x0)

if(numbl kscod = 0x3) {CONVEXPSt I e} ..o
el se {convexpstre = 1}
i f(convexpstre == 1)

for(ch = 0; ch < nfchans; ch++) {convexpstr[ch]} ...... ... .. . . . . . . . . . . . . .

}

}
/* these fields for AHT data */
i f(ahte)

/* coupling can use AHT only when coupling in use for all blocks */
/* ncplregs derived fromcplstre and cpl expstr - see clause E. 2.4.2 */
if( (ncplblks == 6) & (ncplregs ==1) ) {cplahtinu} ...... ... .. . . . . . . . i,
el se {cplahtinu = 0}
for(ch = 0; ch < nfchans; ch++)

/* nchregs derived fromchexpstr - see clause E. 2.4.2 */
if(nchregs[ch]l == 1) {chahtinu[ch]} ... ...
el se {chahtinu[ch] = 0}

}
if(lfeon)
/* nlferegs derived fromlfeexpstr - see clause E. 2.4.2 */

if(nlferegs == 1) {Ifeahtinu} ... ...
el se {Ifeahtinu = 0}

}
}
/* these fields for audio frame SNR of fset data */
if(snroffststr == 0x0)

~

Frmesnr Of f St .. e
FrE SNr Of f St L e
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Syntax Word size

/* these fields for audio frame transi ent pre-noise processing data */
i f(transproce)

for(ch = 0; ch < nfchans; ch++)

Chi NtransproC] Ch] . ... 1
i f(chintransproc[ch])
{
transproCl OCL Ch] ... 10
transprocl eN[ Ch] ..o 8
}

}

/* These fields for spectral extension attenuation data */
i f(spxattene)

for(ch = 0; ch < nfchans; ch++)

Chinspxatt en[ Ch] .. ... 1
i f(chinspxatten[ch])
spxattencod[ Ch] . ... .. 5
}
}
/* these fields for block start information */
if (nunbl kscod !'= 0x0) {blkstrtinfoe} ........ ... ... . 1

el se {bl kstrtinfoe = 0}
i f(blkstrtinfoe)

/* nblkstrtbits determined fromfrnsiz (see clause E. 1.3.2.27) */
bl KStrtinf o . . nbl kstrtbits

/* these fields for syntax state initialization */
for(ch = 0; ch < nfchans; ch++)

1
1

firstspxcos[ch]
firstcpl cos[ch]

firstcplleak = 1
} /* end of audfrm*/

E.1.2.4 audblk - Audio block

Syntax Word size
audbl k()
{
/* these fields for block switch and dither flags */
i f (bl kswe)
for(ch = 0; ch < nfchans; ch++) {blkswichl} ... ... ... . . . . 1
}
el se

for(ch = 0; ch < nfchans; ch++) {bl kswfch] = 0}
}
i f (dithflage)

for(ch 0; ch < nfchans; ch++) {dithflag[ch]} ..... ... . . . . . 1

}

el se
for(ch = 0; ch < nfchans; ch++) {dithflag[ch] = 1} /* dither on */

/* these fields for dynam c range control */

dynrnge 1
ifldynrnge) {dynrng} .. ... 8
if(acmod == 0x0) /* if 1+1 node */
QYN NG 2 . o ottt 1
ifldynrng2e) {dynrng2} . ... 8

/* these fields for spectral extension strategy information */
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Syntax Word size
if(blk == 0) {spxstre = 1}
el Se {SPXSET ) L oo 1

i f(spxstre)

SPXI MU & et e e e e e 1
i f (spxinu)

i f(acnod == 0x1)

chinspx[0] =1

el se

for(ch = 0; ch < nfchans; ch++) {chinspx[ch]} ...... ... . . . 1
}
SPX St T f L 2
SPXDEOE 3
SPXENAL 3

i f (spxbegf < 6) {spx_begi n_subbnd = spxbegf + 2}

el se {spx_begi n_subbnd = spxbegf * 2 - 3}

i f(spxendf < 3) {spx_end_subbnd = spxendf + 5}

el se {spx_end_subbnd = spxendf * 2 + 3}

SPX NSt I L . . . 1
i f (spxbndstrce)

for(bnd = spx_begi n_subbnd+1; bnd < spx_end_subbnd ; bnd++) {spxbndstrc[bnd]} ..... 1
}
}
else /* lspxinu */
{

for(ch = 0; ch < nfchans; ch++)
chinspx[ch] =0
firstspxcos[ch] =1
}
}

/* these fields for spectral extension coordinates */
i f (spxinu)

for(ch = 0; ch < nfchans; ch++)
i f(chinspx[ch])
{
if(firstspxcos[ch])

spxcoe[ch] =1
firstspxcos[ch] =0

}
else /* Ifirstspxcos[ch] */ {spxcoe[ch]} ... ... ... . . . . . . . . . . 1
i f (spxcoe[ch])
{
SPXBI NA] CR] Lo 5
MBEr SPXCO[ Ch] 2
/* nspxbnds determ ned from spx_begi n_subbnd, spx_end_subbnd, and spxbndstrc[ ] */
for(bnd = 0; bnd < nspxbnds; bnd++)
{
spxcoexp[ Ch]l [bnd] . .. ..o 4
spxcomant [ch]l [bnd] . ... .. 2
}

el se /* !chinspx[ch] */

firstspxcos[ch] =1
}
}

/* These fields for coupling strategy and enhanced coupling strategy information */
if(cplstre[blk])

if (cplinu[blk])
{
ECPl I MU . 1

if (acnmpd == 0x2)
{
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Syntax Word size
chincpl[0] =1
chincpl[1] =1
el se
{ .
for(ch = 0; ch < nfchans; ch++) {chincpl[ch]} ... ... . . 1
}
if (ecplinu == 0) /* standard coupling in use */
{
if(acmod == 0x2) {phsflginu} /* if in 2/0 mode */ ...... ... .. ... ... .. ... .. ... ... ... 1
Cpl begf o 4
if (spxinu ==0) /* if SPX not in use */
Pl eNdf L e 4
else /* SPX in use */
if (spxbegf < 6)
/* note that in this case the value of cplendf may be negative */
cpl endf = spxbegf - 2
}
el se
cpl endf = (spxbegf * 2) - 7
}
}
/* ncpl subnd = 3 + cplendf - cpl begf */
CPl bNAStrCe . .o 1
i f(cpl bndstrce)
for(bnd = 1; bnd < ncpl subnd; bnd++) {cplbndstrc[bnd]} ........ ... ... ... ... .. .. 1
}
el se /* enhanced coupling in use */
{
ecpl begf o 4

else /* lcplinu[blk] */

{

i f(ecpl begf < 3) {ecpl_begi n_subbnd = ecpl begf * 2}

el se if(ecpl begf < 13) {ecpl _begi n_subbnd = ecpl begf + 2}
el se {ecpl _begi n_subbnd = ecpl begf * 2 - 10}

if (spxinu ==0) /* if SPX not in use */

eCpl eNdf . . 4
ecpl _end_subbnd = ecplendf + 7

else /* SPX in use */
if (spxbegf < 6)
ecpl _end_subbnd = spxbegf + 5
}

el se

ecpl _end_subbnd = spxbegf * 2
}

eCpl bNdstrCe . ..o 1
if (ecplbndstrce)

for(sbnd = max(9, ecpl_begi n_subbnd+1); sbnd < ecpl _end_subbnd; sbnd++)

ecpl bndstrclsbnd] . ... 1
}

}
} /* ecplinu[blk] */

for(ch = 0; ch < nfchans; ch++)

chincpl[ch] =0
firstcplcos[ch] =1

firstcplleak = 1
phsflginu = 0
ecplinu = 0;
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}

} /* cplstre[blk] */
/* These fields for coupling coordinates */

if(cplinu[blk])

if(ecplinu == 0) /* standard coupling in use */

for(ch = 0; ch < nfchans; ch++)
i f(chincpl[ch])
if (firstcplcos[ch])

cplcoe[ch] =1
firstcplcos[ch] =0

else /* Ifirstcplcos[ch] */ {cplcoe[ch]l} ... ... ... .. . . . . . . . . . . . . . . . . 1
i f(cplcoe[ch])
{
netrcpl col Ch]l .. o 2
/* ncpl bnd derived from ncpl subnd and cpl bndstrc */
for(bnd = 0; bnd < ncpl bnd; bnd++)

cplcoexp[chl [bnd] ... ... 4
cplcomant[ch]l [bnd] . ... ... 4

}
} /* cplcoe[ch] */
else /* Ichincpl[ch] */

firstcplcos[ch] = 1;

}
} /* ch */
if((acmod == 0x2) && phsflginu & (cplcoe[0] || cplcoe[1l]))
{
for(bnd = 0; bnd < ncplbnd; bnd++) {phsflg[bnd]} ...... ... . . 1
}
el se /* enhanced coupling in use */
{
firstchincpl = -1
reserved 1

for(ch = 0; ch < nfchans; ch++)
if(chincpl[ch])
{

if(firstchincpl == -1) {firstchincpl = ch}
if(firstcplcos[ch])
{
ecpl parante[ch] =1
if (ch > firstchincpl) {rsvdfieldse[ch] = 1}
el se {rsvdfieldse[ch] = 0}
firstcplcos[ch] =0

else /* Ifirstcplcos[ch] */

{
ecpl paramle] Ch] ... ... 1

if(ch > firstchincpl) {rsvdfieldse[ch]l} 1
el se {rsvdfieldse[ch] = 0}

}
i f (ecpl parante[ch])

/* necpl bnd derived from ecpl _begi n_subbnd, ecpl _end_subbnd, and ecpl bndstrc */
for(bnd = 0; bnd < necpl bnd; bnd++) {ecplanmp[ch][bnd]} ...................... 5

%f(rsvdfieldse[cM)
{ Freserved . ... ... 9 x (necplbnd - 1)
%f(ch > firstchincpl) {reserved} 1
el se /* Ichincpl[ch] */
firstcplcos[ch] =1

}
} /* ch */
} /* ecplinu[blk] */
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} /* cplinu[blk] */
/* these fields for rematrixing operation in the 2/0 node */
if(acnmod == 0x2) /* if in 2/0 node */
{
if (blk == 0) {rematstr = 1}
el Se (Mt Str} Lo 1
if(rematstr)

/* nremat bd determ ned fromcplinu, ecplinu, spxinu, cplbegf, ecplbegf and spxbegf */
for(bnd = 0; bnd < nrematbd; bnd++) {rematflg[bnd]} ....... ... ... ... ... ... ... ... .. ... 1
}

/* this field for channel bandw dth code */
for(ch = 0; ch < nfchans; ch++)

if(chexpstr[blk][ch] != reuse)
if(('chincpl[ch]) && (!chinspx[ch])) {chbwcod[ch]} ... ... ... ... .. . . . . . .. 6

/* these fields for exponents */
if(cplinu[blk]) /* exponents for the coupling channel */

if(cplexpstr[blk] != reuse)
Pl DS X .« o 4
/* ncplgrps derived from cpl expstr, cplbegf, cplendf, ecplinu, ecpl_begin_subbnd, and ecpl _end_subbnd */
for(grp = 0; grp< ncplgrps; grp++) {cplexps[agrpl} ...« oo 7
}

for(ch = 0; ch < nfchans; ch++) /* exponents for full bandw dth channels */

i f(chexpstr[blk][ch] != reuse)

EXPS[ Ch] [ 0] .ot e 4
/* nchgrps derived fromchexpstr[ch], and endnant[ch] */
for(grp = 1; grp <= nchgrps[ch]; grp++) {exps[chl[grpl} ... . .. 7
gai NFNGL CR] Lo 2
}
if(lfeon) /* exponents for the |ow frequency effects channel */
if(lfeexpstr[blk] != reuse)
L fEeXPS O] . oottt 4
nl fegrps = 2
for(grp = 1; grp <= nlfegrps; grp++) {lIfeexps[agrpl} ...« 7
}
/* these fields for bit-allocation parametric information */
i f (banode)
baie 1
i f(baie)
{
SOCY COM . . ottt 2
Oy OO . 2
SO NCOU . . 2
ADPDC OO . .. 2
F L O0r COO . o 3
}
}
el se
{
sdcycod = 0x2
fdcycod = Ox1

sgai ncod = 0x1
dbpbcod = 0x2
floorcod = 0x7

}
if(snroffststr == 0x0)
if(cplinu[blk]) {cplfsnroffst = frnfsnroffst}

for(ch = 0; ch < nfchans; ch++) {fsnroffst[ch] = frnfsnroffst}
if(lfeon) {Ifefsnroffst = frnfsnroffst}

el se
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/*

{
if(blk == 0) {snroffste = 1}
el se {SNrof f St @) ... 1
if(snroffste)

CSNIOf f St Lo 6
i f(snroffststr == 0x1)
{

bl Kf SNr Of f St .o 4

cpl fsnrof fst = bl kf snroffst
for(ch = 0; ch < nfchans; ch++) {fsnroffst[ch] = bl kfsnroffst}
| fefsnroffst = bl kfsnroffst

else if(snroffststr == 0x2)

if(eplinu[blk]) cplfsnroffst .. ... . . . . . 4
for(ch = 0; ch < nfchans; ch++) {fsnroffst[{ch]} ...... ... .. ... . . . .. . . . . . .. . .... 4
if(lfeon) Ifefsnroffst ... .. . e 4
}
}
if(frnfgaincode) {fgaincode} ...... ... .. .. ... 1

el se {fgaincode = 0}
i f(fgai ncode)

if(eplinu[blk]l) {cplfgaincod} ..... ... 3

for(ch = 0; ch < nfchans; ch++) {fgaincod[ch]} ...... ... . . . . . . . . . . . . 3

if(lfeon) {Ifefgaincod} .. ... ... 3
el se

if(cplinu[blk]) {cplfgaincod = 0x4}
for(ch= 0; ch < nfchans; ch++) {fgaincod[ch] = 0x4}
if(lfeon) {Ifefgaincod = 0x4}

}

if(strnmtyp == 0x0)

{

CONVSNE Of f St @ L L 1
if(convsnroffste) {convsnrof f st} ... 10

}
i f(cplinu[blk])
if (firstcplleak)

cplleake = 1
firstcplleak = 0

else /* !firstcplleak */

CPl A L . 1
}
if(cplleake)

Ol f L aK L 3
CPl Sl aK .. 3

}

these fields for delta bit allocation information */
i f (dbafl de)

del thai @ . . 1
i f (del tbaie)
{
if(eplinu[blk]) {cpldeltbae}l ... ... 2
for(ch = 0; ch < nfchans; ch++) {deltbae[ch]} ... ... ... . . . . . 2

i f (cplinul bl k])

i f(cpl del t bae==new i nfo follows)

Cpldel tNSeg . ... oo 3
for(seg = 0; seg <= cpl deltnseg; seg++)
cpldel tof f St Seg] . ..ot 5
Cpldel tl en[Seg] .. ..o 4
cpldel thal Seg] .. ..o 3
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for(ch = 0; ch < nfchans; ch++)

i f(del tbae[ch] ==new i nfo follows)

del tnseg[ Chl . ... 3
for(seg = 0; seg <= deltnseg[ch]; seg++)
deltof fst[Chl[Seg] . ... 5
del tlen[Chl [Seg] ... 4
del thal Chl [Seg] . ..ot 3

}

}
} /* if(deltbaie) */
Y/* if(dbaflde) */
/* these fields for inclusion of unused dunmmy data */
i f(skipflde)

SKI Pl B L 1
i f(skiple)
SKI Pl 9
SKI PE L0 L skipl x 8

}

/* these fields for quantized mantissa val ues */
got_cplchan = 0
for(ch = 0; ch < nfchans; ch++)
i f(chahtinu[ch] == 0)
for(bin = 0; bin < nchmant[ch]; bin++) {chmant[ch][bin]} ......... ... ... ... ...... (0-16)
}
el se if(chahtinu[ch] == 1)

{
ChgagmOA] Ch] . .. 2

i f( (chgagrnod[ch] > 0x0) && (chgagmod[ch] < 0x3) )

for(n = 0; n < chgagsections[ch]; n++) {chgaqgain[ch][n]} ... ... .. ... .. . ... .. ... 1
élse i f (chgagnod[ ch] == 0x3)

for(n = 0; n < chgagsections[ch]; n++) {chgaqgain[ch][n]} ... ... ... . ... ... ... ... 5
for(bin = 0; bin < nchmant[ch]; bin++)

i f (chgagbi n[ch][bin])

for(n = 0; n < 6; nt+t) {pre_chmant[n][chl[bin]} ..... ... ... ... ... ... .... (0-16)
}
el se {pre_chmant[O0][ch][bin]} ... ... (0-9)
chahtinu[ch] = -1 /* AHT info for this audio frame has been read - do not read again */

}
if(cplinu[blk] &% chincpl[ch] && !got_cpl chan)
i f(cplahtinu == 0)

for(bin = 0; bin < ncplmant; bin++) {cplmant[bin]} ...... ... ... ... ... ... ... ... (0-16)
got_cplchan =1

else if(cplahtinu == 1)

Cpl gagmDd . . ... 2
if( (cplgagnod > 0x0) && (cpl gagnmod < 0x3) )

for(n = 0; n < cplgagsections; n++) {cplgaqgain[n]} ........ ... ... ... ... ... ... 1
Llse i f(cplgagnod == 0x3)

for(n = 0; n < cplgagsections; n++) {cplgaqgain[n]} ....... ... .. ... ... .. .. ... .. 5
for(bin = 0; bin < ncplmant; bin++)

i f(cpl gagbi n[ bin])
{
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for(n = 0; n < 6; nt+t) {pre_cplmant[n][bin]} ... ... ... .. .. .. ... ... ... (0-16)
}
else {pre_cplmant[0][bin]} ... ... (0-9)
got_cplchan =1
cplahtinu = -1 /* AHT info for this audio frame has been read - do not read again */
el se {got_cplchan = 1}
}
if(lfeon) /* mantissas of |ow frequency effects channel */
if(lfeahtinu == 0)
for(bin = 0; bin < nlfemant; bin++) {Ifemant[bin]} ...... ... ... ... ... ... ... ... ... (0-16)
else if(lfeahtinu == 1)
{
[ fegagmDd . ..o 2
if( (Ifegagnod > 0x0) && (Ifegagnod < 0x3) )
for(n = 0; n < |fegagsections; n++) {lfegaqgain[nl} ..... ... ... ... . . . . . 1
}
el se if(lfegagnod == 0x3)
for(n = 0; n < |fegagsections; n++) {lfegaqgain[nl} ..... ... ... ... . . . . 5
for(bin = 0; bin < nlfemant; bin++)
i f(lfegagbin[bin])
for(n =0; n < 6; nt+t) {pre_lfemant[n][bin]} ... ... ... .. . . ... (0-16)
else {pre_lfemant[O][bin]} ... ... .. (0-9)
|feahtinu = -1 /* AHT info for this audio frame has been read - do not read again */
}
}
} /* end of audblk */
E.1.2.5 auxdata - Auxiliary data
Syntax Word size
auxdat a()
AUXD TS Lo nauxbits
i f (auxdat ae)
AUXAAL Al . .. 14
AUXAAL B8 . . . oo 1
} /* end of auxdata */
E.1.2.6 errorcheck - Error detection code
Syntax Word size
errorcheck()
{
BN NT O . L 1
[ 16
} /* end of errorcheck */
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E.1.3 Description of Enhanced AC-3 bit stream elements

E.1.3.0 Introduction

In the definition of some semantic elements relationships with other elements are described for clarity.
E.1.3.1 Dbsi - Bit stream information

E.1.3.11 strmtyp - Stream type - 2 bits

The 2-bit strmtyp code, as shown in Table E.1.1, indicates the stream type.

Table E.1.1: Stream type

strmtyp Indication
00 Type 0
01 Type 1
10 Type 2
11 Type 3

The stream types are defined as follows:

Type 0: These frames comprise an independent stream or substream. The programme may be decoded independently of
any other substreams that might exist in the bit stream.

Type 1: These frames comprise a dependent substream. The programme shall be decoded in conjunction with the
independent substream with which it is associated.

Type 2: These frames comprise an independent stream or substream that was previously coded in AC-3. Type 2 streams
shall be independently decodable, and may not have any dependent streams associated with them.

Type 3: Reserved.

E.1.3.1.2 substreamid - Substream identification - 3 bits

The 3-bit substreamid field indicates the substream identification parameter. The substream identification parameter
can be used, in conjunction with additional bit stream metadata, to enable carriage of a single programme of more than
5.1 channels, multiple programmes of up to 5.1 channels, or a mixture of programmes with up to 5.1 channels and
programmes with greater than 5.1 channels.

All Enhanced AC-3 bit streams shall contain an independent substream assigned substream ID 0. The independent
substream assigned substream ID 0 shall be the first substream present in the bit stream. If an AC-3 bit stream is present
in the Enhanced AC-3 bit stream, then the AC-3 bit stream shall be treated as an independent substream assigned
substream 1D 0.

Enhanced AC-3 hit streams may also contain up to 7 additional independent substreams assigned substream ID's 1 to 7.
Independent substream ID's shall be assigned sequentially in the order the independent substreams are present in the bit
stream. Independent substreams 1 to 7 shall contain the same number of blocks per syncframe and be encoded at the
same sample rate as independent substream O.

Each independent substream may have up to 8 dependent substreams associated with it. Dependent substreams shall
immediately follow the independent substream with which they are associated. Dependent substreams are assigned
substream ID's 0 to 7, which shall be assigned sequentially according to the order the dependent substreams are present
in the bit stream. Dependent substreams O to 7 shall contain the same number of blocks per syncframe and be encoded
at the same sample rate as the independent substream with which they are associated.

For more information about usage of the substreamid parameter, please refer to clause E.2.8.
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E.1.3.1.3 frmsiz - Frame size - 11 bits
The frmsiz field indicates a value one less than the overall size of the coded syncframe in 16-bit words. That is, this
field may assume a value ranging from 0 to 2 047, and these values correspond to syncframe sizes ranging from 1 to

2 048. Note that some values at the lower end of this range may not be valid, as they may not represent enough words to
convey a complete syncframe. It isthe responsibility of the encoder to ensure that this does not occur in practice.

E.1.3.14 fscod - Sample rate code - 2 bits

The fscod field contains a 2-bit code indicating sample rate according to Table E.1.2.

Table E.1.2: Sample rate codes

fscod Sample Rate (kHz)
00 48
01 44,1
10 32
11 reserved

E.1.3.15 numblkscod - Number of audio blocks - 2 bits

numblkscod: The 2-bit numblkscod code, as shown in Table E.1.3, indicates the number of audio blocks per
syncframe.

Table E.1.3: Number of audio blocks per syncframe

numblkscod Indication
00 1 block per syncframe
01 2 blocks per syncframe
10 3 blocks per syncframe
11 6 blocks per syncframe

E.1.3.1.6 bsid - Bit stream identification - 5 bits

The bsid field has avalue of "10000" (=16) in this version of the present document. Future modifications of the present
document may define other values. Values of bsid smaller than 16 and greater than 10 shall be used for versions of
E-AC-3 which are backward compatible with version 16 decoders. Decoders which can decode version 16 shall be able
to decode version numbers less than 16 and greater than 10. Additionally, because E-AC-3 decoders shall also be able
to decode AC-3 bit streams, E-AC-3 decoders shall be able to decode versions 0 through 8. If the present document is
extended by the addition of additional elements or features that are not compatible with decoders that can decode
version 16, avalue of bsid greater than 16 will be used. Decoders built to this version of the standard would likely not
be able to decode versions with bsid greater than 16. Additionally, decoders built to this version of the standard shall
not decode bit streams with bsid = 9 or 10. Thus, decoders built to the present document shall mute if the value of bsid
is9, 10, or greater than 16, and shall decode and reproduce audio if the value of bsid is0to 8, or 11 to 16.

E.1.3.1.7 chanmape - Custom channel map exists - 1 bit

If the chanmape bit is set to '0', the channel map for a dependent substream is defined by the audio coding mode
(acmod) and LFE on (Ifeon) parameters. If thisbitisa 1, the following 16 bits define the custom channel map for this
dependent substream.

Only dependent substreams can have a custom channel map.

ETSI



128 ETSI TS 102 366 V1.4.1 (2017-09)

E.1.3.1.8 chanmap - Custom channel map - 16 bits

The 16-bit chanmap field shall specify the custom channel map for a dependent substream. The channel locations
supported by the custom channel map are as defined in Table E.1.4. Shaded entriesin Table E.1.4 represent channel
locations present in the independent substream with which the dependent substream is associated. Non-shaded entriesin
Table E.1.4 represent channel |ocations not present in the independent substream with which the dependent substream is
associated. These channel locations are defined in SMPTE 428-3 [i.8].

Table E.1.4: Custom channel map locations

chanmap bit Location
0 (MSB) Left

1 Centre
2 Right
3 Left Surround
4 Right Surround
5 Lc/Rc pair
6 Lrs/Rrs pair
7 Cs
8 Ts
9 Lsd/Rsd pair
10 Lw/Rw pair
11 Vhl/Vhr pair
12 Vhc
13 Lts/Rts pair
14 LFE2
15 LFE

The custom channel map indicates which coded channels are present in the dependent substream and the order of the
coded channels in the dependent substream. Bit 0, which indicates the presence of the left channel, is stored in the most
significant bit of the chanmap field. For each channel present in the dependent substream, the corresponding location bit
in the chanmap is set to 1. The order of the coded channelsin the dependent substream is the same as the order of the
enabled location bitsin the chanmap. For example, if bits 0, 3, and 4 of the chanmap field are set to 1, and the
dependent stream is coded with acmod = 3 and Ifeon = 0, the first coded channel in the dependent stream is the Left
channel, the second coded channel is the Left Surround channel, and the third coded channel is the Right Surround
channel. When the enabled location bit in the chanmap field refersto a pair of channels, this defines the channel
location of two adjacent channels in the dependent substream. For example, if bits 3, 4 and 6 of the chanmap field are
set to 1, and the dependent stream is coded with acmod = 6 and Ifeon = 0, the first coded channel in the dependent
stream is the Left Surround channel, the second coded channel is the Right Surround channel, and the third and fourth
channels are the Left Rear Surround and Right Rear Surround channels. The number of channel locations indicated by
the chanmap field shall equal the total number of coded channels present in the dependent substream, as indicated by
the acmod and Ifeon bit stream parameters.

For more information about usage of the chanmap parameter, please refer to clause E.2.8.

E.1.3.1.9 mixmdate - Mixing Meta-data exists - 1 bit

If the mixdatae bit is set to "1', mixing and mapping information follows in the bit stream.

E.1.3.1.10 [femixlevcode - LFE mix level code exists - 1 bit

If the Ifemixlevcode bit is set to '1', the LFE mix level code shall follow in the bit stream. If Ifemixcodeis set to '0', the
LFE mix level code shall not be present in the bit stream, and LFE downmixing shall be disabled.

E.1.3.1.11 Ifemixlevcod - LFE mix level code - 5 bits

the 5-bit Ifemixlevcod field specifies the level at which the LFE channel is mixed into the Left and Right channels
during downmixing. The LFE mix level (in dB) shall be derived from the LFE mix level code according to the
following formula:

LFE mix level (dB) = 10 - Ifemixlevcod
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Asthe valid values for the LFE mix level code are 0 to 31, the valid values for the LFE mix level are therefore
+10 to -21 dB. For more information on LFE mixing, please refer to clause E.2.9.

E.1.3.1.12 pgmscle - Programme scale factor exists - 1 bit

If the pgmscle bit is set to '1', the programme scale factor word shall follow in the bit stream. If pgmscleis set to '0', the
programme scale factor shall be 0 dB (no scaling).

E.1.3.1.13 pgmscl - Programme scale factor - 6 bits

The pgmscl field specifies a scale factor that shall be applied to the programme during decoding. Valid values are
0to 63. The value 0 shall be interpreted as mute, and the values 1-63 interpreted as -50 dB to +12 dB of scalingin 1 dB

steps.
E.1.3.1.14 pgmscl2e - Programme scale factor #2 exists - 1 bit

The pgmscl2e field shall have the same meaning as pgmscle, except that it applies to the second audio channel when
acmod indicates two independent channels (dual mono 1+1 mode).

E.1.3.1.15 pgmscl2 - Programme scale factor #2 - 6 bits

The pgmscl2 field shall have the same meaning as pgmscl, except that it applies to the second audio channel when
acmod indicates two independent channels (dual mono 1+1 mode).

E.1.3.1.16 extpgmscle - External programme scale factor exists - 1 bit

If the extpgmscle bit is set to '1', the external programme scale factor word shall follow in the bit stream. If it iSO, the
external programme scale factor word shall be 0 dB (no scaling).

E.1.3.1.17 extpgmscl - External programme scale factor - 6 bits

In some applications, two bit streams or independent substreams may be decoded and mixed together. The 6-bit
extpgmscl field specifies a scale factor that shall be applied to an external programme during decoding of the external
programme. An external programme is defined as a programme that is carried in a separate hit stream or independent
substream from the bit stream or independent substream carrying this instance of extpgmscl. The extpgmscl field shall
use the same scale as pgmscl.

E.1.3.1.18 mixdef - Mix control field length - 2 bits

The 2-bit mixdef code, as shown in Table E.1.5, shall indicate the mode and parameter field lengths for additional
mixing control data carried in the syncframe.

Table E.1.5: Mix control field length

mixdef Indication
00 mixing option 1, no additional bits
01 mixing option 2, 5 bits
10 mixing option 3, 12 bits reserved
11 mixing option 4, 16-264 bits reserved by mixdeflen

E.1.3.1.19 premixcmpsel - Premix compression word select - 1 bit

If the premixcmpsel bit is set to ‘0, the dynrng field is used in the premix compression process, otherwise the compr
field is used in the premix compression process. The premixcmpsel bit should be set to '0'.
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E.1.3.1.20 drcsrc - Dynamic range control word source for the mixed output - 1 bit

If thedrcsrc field is set to '0', the dynrng and compr fields of the external programme (i.e. a programme that is carried
in a separate bit stream or independent substream) are used to provide dynamic range control data that may be applied
to the output of the programm mixing process, otherwise the dynrng and compr fields from the current substream are
used. The drcsrc field should be set to '0'.

E.1.3.1.21 premixcmpscl - Premix compression word scale factor - 3 bits

The 3-bit premixcmpscl field indicates the amount of scaling, as shown in Table E.1.6, to be applied to the dynrng and
compr fields selected for application to the Main Programme audio before mixing. The premixcmpscl field should be
set to ‘000",

Table E.1.6: Premix compression word scale factor

premixcmpscl Scale Factor
000 0 % (no compression)
001 16,7 %
010 33,3 %
011 50 %
100 66,7 %
101 83,3 %
111 100 % (maximum compression)

NOTE: Whenthe mixdef field isset to '01', '10' or '11', the drcsrc, premixcmpsel and premixcmpscl fields are
present in the bitstream. However they should be set to the recommended values, as decoders are not
required to use them. These fields were originally defined to support a mixing model that was capable of
using DRC as well as gain adjustment to control the mixing process.

E.1.3.1.22 mixdeflen - Length of mixing parameter data field - 5 bits

The 5-bit mixdeflen field defines the mixing data field size for the most flexible mixing control mode.
mixdeflen = {0, 1, 2, 3 ... 31) corresponds to mixdata field length={2, 3,4, 5 ... 33} bytes.

E.1.3.1.23 mixdata - Mixing parameter data - (5 to 264) bits

The mixdata field contains control parameters for mixing the programme and external programme streams during
decoding.

E.1.3.1.24 mixdata2e - Mixing parameters for individual channel scaling exist - 1 bit

If the mixdata2e field is set to 1, mixing parameters to scale individual channelsin an external programme containing
up to 7.1 audio channels shall follow in the bit stream.

E.1.3.1.25 extpgmiscle - External programme left channel scale factor exists - 1 bit

If the extpgmlscle field is set to '1', the extpgmlscl field shall follow in the bit stream. If the external programme does
not contain aleft channel, thisfield shall be set to 0.

E.1.3.1.26 extpgmiscl - External programme left channel scale factor - 4 bits

The 4-bit extpgmlscl field specifies a scale factor that shall be applied to the left channel of the external programme
during mixing. If the extpgmscl field is present in the bit stream, the total gain applied to the left channel of the
external programme shall be equal to the sum of the gain values indicated by the extpgmscl and extpgmlscl fields. The
extpgmiscl field shall be interpreted as shown in Table E.1.7.
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Table E.1.7: external programme left channel scale factor

extpgmiscl | Left channel scale factor(dB)

0 -1

1 -2

2 -3

3 -4

4 -5

5 -6

6 -8

7 -10

8 -12

9 -14

10 -16

11 -19

12 -22

13 -25

14 -28

15 -infinity (mute)

E.1.3.1.27 extpgmcscle - External programme centre channel scale factor exists - 1 bit

If the extpgmcscle field is set to '1', the extpgmcscl field shall follow in the bit stream. If the external programme
does not contain a centre channel, this field shall be set to '0'.

E.1.3.1.28 extpgmcscl - External programme centre channel scale factor - 4 bits

The 4-bit extpgmcscl field specifies a scale factor that shall be applied to the centre channel of the external programme
during mixing. If the extpgmscl field is present in the bit stream, the total gain applied to the centre channel of the
external programme shall be equal to the sum of the gain values indicated by the extpgmscl and extpgmcscl fields.
Thisfield shall be coded and interpreted in the same way as extpgmiscl (per Table E.1.7).

E.1.3.1.29 extpgmrscle - External programme right channel scale factor exists - 1 bit

If the extpgmrscle field is set to '1', the extpgmrscl fieldshall follow in the bit stream. If the external programme does
not contain aright channel, thisfield shall be set to '0'.

E.1.3.1.30 extpgmrscl - External programme right channel scale factor - 4 bits

The 4-hit extpgmrscl field specifies a scale factor that shall be applied to the right channel of the external programme
during mixing. If the extpgmscl field is present in the bit stream, the total gain applied to the right channel of the
external programme shall be equal to the sum of the gain valuesindicated by the extpgmscl and extpgmrscl fields.
Thisfield is coded and interpreted in the same way as extpgmiscl (per Table E.1.7).

E.1.3.1.31 extpgmisscle - External programme left surround channel scale factor exists -
1 bit

If the extpgmisscle field is set to '1', the extpgmlsscl field shall follow in the bit stream. If the external programme
does not contain aleft surround or mono surround channel, this field shall be set to '0'.

E.1.3.1.32 extpgmlsscl - External programme left surround channel scale factor - 4 bits

The 4-hit extpgmisscl field specifies a scale factor that shall be applied to the left surround or mono surround channel
of the external programme during mixing. If the extpgmscl field is present in the bit stream, the total gain applied to
the left surround channel of the external programme shall be equal to the sum of the gain values indicated by the
extpgmscl and extpgmisscl fields. Thisfield shall be coded and interpreted in the same way as extpgmiscl

(per Table E.1.7).
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E.1.3.1.33 extpgmrsscle - External programme right surround channel scale factor
exists - 1 bit

If the extpgmrsscle field is set to '1', the extpgmrsscl field shall follow in the bit stream. If the external programme
does not contain aright surround channel, this field shall be set to '0'.

E.1.3.1.34 extpgmrsscl - External programme right surround channel scale factor - 4 bits

The 4-bit extpgmrsscl field specifies a scale factor that shall be applied to the right surround channel of the external
programme during mixing. If the extpgmscl field is present in the bit stream, the total gain applied to the right surround
channel of the external programme shall be the sum of the gain valuesindicated by the extpgmscl and extpgmrsscl
fields. Thisfield shall be coded and interpreted in the same way as extpgmiscl (per Table E.1.7).

E.1.3.1.35 extpgmlfescle - External programme LFE channel scale factor exists - 1 bit

If the extpgmlfescle field is set to '1', the extpgmlfescl field shall follow in the bit stream. If the external programme
does not contain a LFE channel, thisfield shall be set to '0'.

E.1.3.1.36 extpgmlfescl - External programme LFE channel scale factor - 4 bits

The 4-hit extpgmifescl field specifies a scale factor that shall be applied to the LFE channel of the external programme
during mixing. If the extpgmscl field is present in the bit stream, the total gain applied to the LFE channel of the
external programme shall be equal to the sum of the gain valuesindicated by the extpgmscl and extpgmlifescl fields.
Thisfield is coded and interpreted in the same way as extpgmiscl (per Table E.1.7).

E.1.3.1.37 dmixscle - External programme downmix scale factor exists - 1 bit

If the dmixscle field is set to '1', the dmixscl field shall follow in the bit stream.

E.1.3.1.38 dmixscl - External programme downmix scale factor - 4 bits

The dmixscl field specifies a scale factor that can be applied to a multichannel external programme that has been
downmixed to two channels before individual channel scale factors could be applied. If the extpgmscl field is present
in the bit stream, the total gain that shall be applied to the downmixed externa programme shall be the sum of the gain
valuesindicated by the extpgmscl and dmixscl fields. This scale factor shall only be applied when the external
programme has been downmixed before individual channel scale factors could be applied. Thisfield shall be coded and
interpreted in the same way as extpgmlscl (per Table E.1.7).

NOTE: Thedmixscl parameter is useful in the case where the main audio has been downmixed to 2-channels
inside the AC-3/E-AC-3 decoder, and only two channels are being delivered to the audio mixer. In this
situation, individual channel scaling factors that are carried in the E-AC-3 bit stream for the purpose of
scaling the decoded multichannel main audio can no longer be applied to their corresponding channelsin
the audio mixer, as these channels have already been downmixed. The dmixscl parameter allows for
additional attenuation to be applied to the downmixed main audio when necessary.

E.1.3.1.39 addche - Scale factors for additional external programme channels exist -
1 bit

When the addche field is set to '1', the extpgmaux1scle and extpgmaux2scle fields shall follow in the bit stream. If
the external programme does not contain channel locations other than L, C, R, Ls, Rsand LFE, thisfield shall be set to
‘0.

E.1.3.1.40 extpgmauxlscle - External programme first auxiliary channel scale factor
exists - 1 bit

If the extpgmauxlscle field is set to '1', the extpgmauxlscl field shall follow in the stream.
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E.1.3.1.41 extpgmauxlscl - External programme first auxiliary channel scale factor -
4 bits

The 4-hit extpgmauxl1scl field specifies a scale factor that shall be applied to the first auxiliary channel of the external
programme during mixing. If the extpgmscl field is present in the bit stream, the total gain applied to the first auxiliary
channel of the external programme shall be equal to the sum of the gain values indicated by the extpgmscl and
extpgmauxlscl fields. Thisfield shall be coded and interpreted in the same way as extpgmlscl (per Table E.1.7).

E.1.3.1.42 extpgmaux2scle - External programme second auxiliary channel scale factor
exists - 1 bit

If the extpgmaux2scle field is set to '1', the extpgmaux1scl field shall follow in the bit stream. If the external
programme does not contain more than 6.1 channels of audio, the extpgmaux2scle field shall be set to '0' when present
in the bit stream.

E.1.3.1.43 extpgmaux2scl - External programme second auxiliary channel scale factor -
4 bits

The 4-bit extpgmaux2scl field specifies a scale factor that shall be applied to the second auxiliary channel of the
external programme during mixing. If the extpgmscl field is present in the bit stream, the total gain applied to the
second auxiliary channel of the external programme shall be equal to the sum of the gain valuesindicated by the
extpgmscl and extpgmaux2scl fields. Thisfield shall be coded and interpreted in the same way as extpgmlscl
(per Table E.1.7).

E.1.3.1.44 mixdata3e - Mixing parameters for speech processing exist - 1 bit
If the mixdata3e field is set to '1', information for controlling speech enhancement processing followsin the bit stream.

NOTE: Thefollowing fields are placeholders for as yet undefined data to enhance speech intelligibility.

E.1.3.1.45 spchdat - Speech enhancement processing data - 5 bits

The 5-bit spchdat field contains speech enhancement processing parameters, the values of which are determined by the
degree to which afirst channel or pair of channels of the programme are dominated by speech.

E.1.3.1.46 addspchdate - Additional speech enhancement processing data exists - 1 bit

If the addspchdate field is set to '1', additional information for controlling speech enhancement processing followsin
the bit stream.

E.1.3.1.47 spchdatl - Additional speech enhancement processing data - 5 bits

The 5-bit spchdatl field contains speech enhancement processing parameters, the values of which are determined by
the degree to which a second channel or pair of channels of the programme are dominated by speech.

E.1.3.1.48 spchanlatt - Speech enhancement processing attenuation data - 2 bits

The 2-hit spchanlatt field shall define which channelsin the programme are designated as containing speech
information and whether channels not containing speech information may be attenuated.

E.1.3.1.49 addspchdatle - Additional speech enhancement processing data
exists - 1 bit

If the addspchdatle field is set to '1', additional information for controlling speech enhancement processing followsin
the bit stream.
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E.1.3.1.50 spchdat2 - Additional speech enhancement processing data - 5 bits

The 5-bit spchdat2 field contains speech enhancement processing parameters, the values of which are determined by
the degree to which athird channel or pair of channels of the programme are dominated by speech.

E.1.3.1.51 spchan2att - Speech enhancement processing attenuation data - 3 bits

The 3-hit spchan2att field shall define which additional channelsin the programme are designated as containing
speech information and whether channels not contai ning speech information may be attenuated.

E.1.3.1.52 mixdatafill - Mixdata field fill bits - O to 7 bits

This mixdatafill field is a variable length field that shall be used to round up the size of the mixdata field to the nearest
byte. All bits within mixdatafill shall be set to '0'".

E.1.3.1.53 paninfoe - Pan information exists - 1 bit

If the paninfoe bit is set to '1', panning information shall follow in the bit stream. If paninfoe is set to '0', the panned
position of the programme shall be interpreted as "centre”.

E.1.3.1.54 panmean - Pan mean direction index - 8 bits

The 8-hit panmean field shall define the mean angle of rotation index relative to the centre position for a panned mono
programm source in atwo dimensional sound field. A value of O indicates the panned mono programme points toward
the centre speaker location (defined as 0 degrees). The index indicates 1,5 degree increments in a clockwise rotation.
Values 0 to 239 represent 0 to 358,5 degrees, while values 240 to 255 are reserved.

E.1.3.1.55 paninfo - reserved - 6 bits

The 6-bit paninfo field is reserved for future mixing applications.

E.1.3.1.56 paninfo2e - Pan information exists - 1 bit

If the paninfo2e bit is set to '1', panning information #2 shall follow in the bit stream. If paninfo2eis set to '0', the
panned position of the programme shall be interpreted as " centre”.

E.1.3.1.57 panmean2 - Pan mean direction index - 8 bits

The 8-hit panmean2 field shall have the same meaning as panmean, except that it applies to the second audio channel
when acmod indicates two independent channels (dual mono 1+1 mode).

E.1.3.1.58 paninfo2 - reserved - 6 bits

The 6-hit paninfo2 field is reserved for future mixing applications.

E.1.3.1.59 frmmixcfginfoe - Frame mixing configuration information exists - 1 bit

The frmmixcfginfoe bit indicates whether mixing configuration information that appliesto the entire syncframe follows
in the bit stream. If the frmmixcfginfoe bit is set to '0', no frame mixing configuration information shall follow in the bit
stream. If the frmmixcfginfoe bit is set to 1, frame mixing configuration information shall follow in the bit stream.

E.1.3.1.60 blkmixcfginfoe - Block mixing configuration information exists - 1 bit

The blkmixcfginfoe bit indicates whether block mixing configuration information follows in the bit stream. If the flag
is set to 0, no block mixing configuration information follows in the bit stream. If the flag is set to 1, block mixing
configuration information follows in the bit stream. In the case where the number of blocks per syncframeis 1, the
value of this bit shall be inferred as'1' and the bit shall not be present in the bit stream.
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E.1.3.1.61  blkmixcfginfo[blk] - Block mixing configuration information - 5 bits

The blkmixcfginfo[blk] field contains block mixing configuration information for the designated audio block.

E.1.3.1.62 infomdate - Informational metadata Exists - 1 bit

If the infomdate bit is set to '1', informational metadata shall follow in the bit stream. The semantics for bsmod,
copyrightb, origbs, dsurexmod, audprodie, mixlevel, roomtyp, adconvtyp, audprodi2e, roomtyp2, and
adconvtyp?2 fields are given in clauses 4.4.2 and D.1.3 above, and the semantics for sourcefscod are givenin
clause E.1.3.1.63.

E.1.3.1.63 sourcefscod - Source sample rate code - 1 bit

If the sourcefscod bit isa 1, the source material was sampled at twice the sample rate indicated by fscod.

E.1.3.1.64 convsync - Converter synchronization flag - 1 bit

The convsync bit shall be used for synchronization by a device that converts an Enhanced AC-3 bit stream to an AC-3
bit stream.

E.1.3.1.65 blkid - Block identification - 1 bit

If strmtyp indicates a Type 2 bit stream, the blkid bit shall be set to '1' to indicate that the first block in this Enhanced
AC-3 syncframe was the first block in the original AC-3 syncframe.

E.1.3.2 audfrm - Audio frame

E.1.3.2.1 expstre - Exponent strategy syntax enabled - 1 bit

If the expstre bitisset to '1', the fields that carry the full exponent strategy syntax shall be present in each audio block.
If thisbit is set to '0', then the exponent strategy shall be as specified by the frame-based exponent strategy defined in
clausesE.1.3.2.12 and E.1.3.2.13.

E.1.3.2.2 ahte - Adaptive hybrid transform enabled - 1 bit

If an Adaptive Hybrid Transform is used to code at |east one of the independent channels, the coupling channel, or the
LFE channel in the current audio frame, the ahte bit shall be set to '1'. If the entire audio frame is coded using the bit
alocation and quantization model as described in clause 6, this bit shall be set to '0'.

E.1.3.2.3 snroffststr - SNR offset strategy - 2 bits

The snroffstr field shall indicate the SNR offset strategy using one of the values defined in Table E.1.8.

Table E.1.8: SNR offset strategy

snroffststr Indication
00 SNR offset strategy 1
01 SNR offset strategy 2
10 SNR offset strategy 3
11 Reserved

SNR Offset Strategy 1: When SNR Offset Strategy 1 is used, one coarse SNR offset value and one fine SNR offset
value are transmitted in the bit stream. These SNR offset values are used for every channel of every block in the audio
frame, including the coupling and LFE channels.
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SNR Offset Strategy 2: When SNR Offset Strategy 2 is used, one coarse SNR offset value and one fine SNR offset
value are transmitted in the bit stream as often as once per block. The fine SNR offset valueis used for every channel in
the block, including the coupling and LFE channels. For blocks in which coarse and fine SNR offset values are not
transmitted in the bit stream, the decoder shall reuse the coarse and fine SNR offset values from the previous block. One
coarse and one fine SNR offset value shall be transmitted in block 0.

SNR Offset Strategy 3: When SNR Offset Strategy 3 is used, coarse and fine SNR offset values are transmitted in the
bit stream as often as once per block. Separate fine SNR offset values are transmitted for each channel, including the
coupling and LFE channels. For blocks in which coarse and fine SNR offset values are not transmitted in the bit stream,
the decoder shall reuse the coarse and fine SNR offset values from the previous block. Coarse and fine SNR offset
values shall be transmitted in block 0.

E.1.3.24 transproce - Transient pre-noise processing enabled - 1 bit

If at least one channel in the current audio frame contains transient pre-noise processing data, the transproce bit shall
be set to '1'. If transient pre-noise processing is not being utilized in this audio frame, this bit shall be set to '0".

E.1.3.25 blkswe - Block switch syntax enabled - 1 bit

If the blkswe bit isset to '1', full block switch syntax shall be present in each audio block.

E.1.3.2.6 dithflage - Dither flag syntax enabled - 1 bit

If the dithflage bit is set to "1, full dither flag syntax shall be present in each audio block.

E.1.3.2.7 bamode - Bit allocation model syntax enabled - 1 bit

If the bamode bit isset to 1", full bit allocation syntax shall be present in each audio block.

E.1.3.2.8 frmfgaincode - Fast gain codes enabled - 1 bit

If fast gain codes (per clauses 4.4.3.39, 4.4.3.41 and 4.4.3.43) are transmitted in the bit stream, frmfgaincode shall be
setto '1'. If no fast gain codes are transmitted in the bit stream, this bit shall be set to '0". and default fast gain code
values (see clause 7.2.12) are used for every channel of every block in the audio frame.

E.1.3.2.9 dbaflde - Delta bit allocation syntax enabled - 1 bit

If the dbaflde bit isset to "1, full delta bit alocation syntax shall be present in each audio block.

E.1.3.2.10 skipflde - Skip field syntax enabled - 1 bit

If the skipflde bit isset to '1', full skip field syntax shall be present in each audio block.

E.1.3.2.11 spxattene - Spectral extension attenuation enabled - 1 bit

If at least one channel in the current audio frame contains spectral extension attenuation data, the spxattene bit shall be
setto '1'. If spectral extension attenuation processing is not being utilized in the audio frame, this bit shall be set to '0'.

E.1.3.2.12 frmcplexpstr - Frame based coupling exponent strategy - 5 bits

The 5-hit frmcplexpstr field shall specify the coupling channel exponent strategy for all audio blocks, as defined in
Table E.1.9. Note that exponent strategies D15, D25 and D45 are as defined in clause 6.1.2. "R" indicates that
exponents from the previous block shall be reused.

E.1.3.2.13 frmchexpstr[ch] - Frame based channel exponent strategy - 5 bits
The 5-bit frmchexpstr[ch] field specifies the channel exponent strategy for all audio blocks, as defined in Table E.1.9.

Note that exponent strategies D15, D25 and D45 are as defined in clause 6.1.2. "R" indicates that exponents from the
previous block shall be reused.
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E.1.3.2.14 convexpstre - Converter exponent strategy exists - 1 bit

If the convexpstre bit isset to '1', exponent strategy data used by the E-AC-3 to AC-3 converter shall follow in the bit

stream. Exponent strategy is required to be provided once every 6 blocks.

E.1.3.2.15 convexpstr[ch] - Converter channel exponent strategy - 5 bits

The 5-hit convexpstr[ch] field shall specify the exponent strategy, as defined in Table E.1.9, for each full bandwidth
channel of each block of an AC-3 syncframe converted from a set of 1 or more E-AC-3 frames.

Table E.1.9: Frame exponent strategy combinations

frmcplexpstr Audio Block Number

0 1 2 3 4 5
0 D15 R R R R R
1 D15 R R R R D45
2 D15 R R R D25 R
3 D15 R R R D45 D45
4 D25 R R D25 R R
5 D25 R R D25 R D45
6 D25 R R D45 D25 R
7 D25 R R D45 D45 D45
8 D25 R D15 R R R
9 D25 R D25 R R D45
10 D25 R D25 R D25 R
11 D25 R D25 R D45 D45
12 D25 R D45 | D25 R R
13 D25 R D45 | D25 R D45
14 D25 R D45 | D45 D25 R
15 D25 R D45 | D45 D45 D45
16 D45 D15 R R R R
17 D45 D15 R R R D45
18 D45 D25 R R D25 R
19 D45 D25 R R D45 D45
20 D45 D25 R D25 R R
21 D45 D25 R D25 R D45
22 D45 D25 R D45 D25 R
23 D45 D25 R D45 D45 D45
24 D45 D45 | D15 R R R
25 D45 D45 | D25 R R D45
26 D45 D45 | D25 R D25 R
27 D45 D45 | D25 R D45 D45
28 D45 D45 | D45 | D25 R R
29 D45 D45 | D45 | D25 R D45
30 D45 D45 | D45 | D45 D25 R
31 D45 D45 | D45 | D45 D45 D45

E.1.3.2.16 cplahtinu - Coupling channel AHT in use - 1 bit

If the cplahtinu bit is set to '1', the coupling channel shall be coded using an Adaptive Hybrid Transform. If thisbit is

set to '0', conventiona coupling channel coding shall be used.

E.1.3.2.17 chahtinu[ch] - Channel AHT in use - 1 bit

If the chahtinu[ch] bit is set to '1', channel ch shall be coded using an Adaptive Hybrid Transform. If this bit is set to

‘0", conventional channel coding shall be used.

E.1.3.2.18 Ifeahtinu - LFE channel AHT in use - 1 bit

If the Ifeahtinu bit is set to '1', the LFE channel shall be coded using an Adaptive Hybrid Transform. If this bit is set to

'0', conventional LFE channel coding shall be used.
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E.1.3.2.19 frmcsnroffst - Frame coarse SNR offset - 6 bits

The frmcsnroffst field shall contain the frame coarse SNR offset value. Valid values are 0-63, which shall be
interpreted as an offset value of -45 dB to 144 dB in 3 dB steps. This coarse SNR offset value shall be used for every
channel of every block in the audio frame, including the coupling and LFE channels.

E.1.3.2.20 frmfsnroffst - Frame fine SNR offset - 4 bits

The frmfsnroffst field shall contain the frame fine SNR offset value. Valid values are 0-15, which shall be interpreted
as an offset value of 0 dB to 2,8125 dB in 0,1875 dB steps. This fine SNR offset value shall be used for every channel
of every block in the audio frame, including the coupling and LFE channels.

E.1.3.2.21 chintransproc[ch] - Channel in transient pre-noise processing - 1 bit

If the chintransproc[ch] bit is '1', then the corresponding full bandwidth audio channel is required to have associated
transient pre-noise processing data.

E.1.3.2.22 transprocloc[ch] - Transient location relative to start of frame - 10 bits

The transprocloc[ch] field shall provide the location of the transient relative to the start of the current audio frame. The
transient location (in samples) shall be calculated by multiplying this value by 4. It is possible for the transient to be
located in alater audio frame and therefore this number can exceed the number of PCM samples contained within the
current audio frame.

E.1.3.2.23 transproclen[ch] - Transient processing length - 8 bits

The transproclen[ch] field shall provide the transient pre-noise processing length in samples, relative to the location of
the transient provided by the value of transprocloc[ch].

E.1.3.2.24 chinspxatten[ch] - Channel in spectral extension attenuation processing -
1 bit

If the chinspxatten[ch] bit is set to '1', the channel indicated by the index ch shall be coded using spectral extension
attenuation processing. If this bit is set to '0', the channel indicated by the index ch shall not be coded using spectral
extension attenuation processing.

E.1.3.2.25 spxattencod[ch] - Spectral extension attenuation code - 5 bits

The 5-hit spxattencod|[ch] field shall specify the index into Table E.2.12 from which spectral extension attenuation
values for the channel indicated by the index ch are to be derived.

E.1.3.2.26 blkstrtinfoe - Block start information exists - 1 bit

If the blkstrtinfoe bit is set to '1', block start information shall follow in the bit stream. If this bit is set to '0', block start
information shall not follow in the bit stream.

E.1.3.2.27 Dblkstrtinfo - Block start information - nblkstrtbits

The blkstrtinfo field shall contain the block start information. The number of bits of block start information shall be
given by the formula:

nblkstrtbits = (numblks - 1) x (4 + ceiling (log, (words_per_syncframe)))
where:

. numblksis equal to the number of blocks in the frame as indicated by the value of humblkscod per
TableE.1.3;

. ceiling(n) is a function that rounds the fractional number n up to the next higher integer.
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For example:
. celling(2,1) =3
e logy(n) isthe base 2 logarithm of n

. words _per_syncframe=frmsiz+ 1

E.1.3.2.28 firstspxcos|ch] - First spectral extension coordinates states - 1 bit

The firstspxcos[ch] field determines the state of when new spectral extension coordinates shall be present in the bit
stream. If firstspxcos[ch] is set to '1', the spxcoe[ch] bit is assumed to be '1' for the current block and is not transmitted
in the bit stream.

E.1.3.2.29 firstcplcos[ch] - First coupling coordinates states - 1 bit

Thefirstcplcos[ch] field determines the state of when new coupling coordinates shall be present in the bit stream. If
firstcplcos[ch] is set to '1', the cplcoe[ch] bit is assumed to be '1' for the current block and is not transmitted in the bit
stream.

E.1.3.2.30 firstcplleak - First coupling leak state - 1 bit

The firstcplleak field determines the state of when new coupling leak values shall be present in the bit stream. If
firstcplleak is set to '1', the cplleake bit is assumed to be '1' for the current block and is not transmitted in the bit
stream.

E.1.3.3 audblk - Audio block

E.1.3.3.1 spxstre - Spectral extension strategy exists - 1 bit

If the spxstre bit isset to 1", spectral extension information shall follow in the bit stream. If it is set to '0', new spectral
extension information shall not be present, and spectral extension parameters previously sent shall be reused.

E.1.3.3.2 spxinu - Spectral extension in use - 1 bit

If spxinu bit is set to '1', then the spectral extension technique shall be used in this block. If thisbit is set to ‘0", then the
spectral extension technique shall not be used in this block.

E.1.3.3.3 chinspx[ch] - Channel using spectral extension - 1 bit

If the chinspx[ch] bit is set to '1', the channel indicated by the index ch shall utilize spectral extension. If the bit is set to
‘0", then this channel shall not utilize spectral extension.

E.1.3.34 spxstrtf - Spectral extension start copy frequency code - 2 bits

The 2-hit spxstrtf field shall be used to derive the number of the lowest frequency sub-band of the spectral extension
copy region. See Table E.2.11 for the definition of the spectral extension sub-bands.

E.1.3.35 spxbegf - Spectral extension begin frequency code - 3 bits

The 3-bit spxbedf field shall be used to derive the number of the lowest frequency sub-band of the spectral extension
region. Theindex of the first active spectral extension sub-band shall be equal to spx_begin_subbnd and shall be
calculated as shown in the folloiwng pseudo-code:

if (spxbegf < 6) {spx_begin_subbnd = spxbegf + 2}
else {spx_begin_subbnd = spxbegf x 2 - 3}
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E.1.3.3.6 spxendf - Spectral extension end frequency code - 3 bits

The 3-bit spxendf field shall be used to derive a number one greater than the highest frequency sub-band of the spectral
extension region. The index of one greater than the highest active spectral extension sub-band shall be equal to
spx_end_subbnd and shall be calculated as shown in the following pseudo-code:

if (spxendf < 3) {spx_end_subbnd = spxendf + 5}
else {spx_end_subbnd = spxendf x 2 + 3}

E.1.3.3.7 spxbndstrce - Spectral extension band structure exist - 1 bit

If the spxbndstrce bit is set to '1', the spectral extension band structure shall follow. If it isset to '0" in the first block
using spectral extension, the default spectral extension band structure shall be used. If it isset to ‘0" in any other block,
the band structure from the previous block shall be reused. The default banding structure defspxbndstrc[] is shown in
Table E.1.10.

Table E.1.10: Default spectral extension banding structure

SpX defspxbndstrc[]
sub-band #

OO (N || |W|IN|F|O

P (O|R|(O|R|O|FR Ok |O|O|O|0|O|0o|O|0

E.1.3.3.8 spxbndstrc[bnd] - Spectral extension band structure - 1 bit to 14 bits

The spxbndstrc[bnd] data structure shall determine the grouping of subbands in spectral extension, and operatesin the
same fashion as the coupling band structure. For each subband:

. A '0' shall represent the beginning of a new band.
e A '1l'shdl indicate that the subband shall be combined into the previous band.

Note that it is assumed that the first band begins at the first subband. Therefore, the first band is assumed to be ‘0" and
not sent. The first band in the structure corresponds to the second subband.

E.1.3.3.9 spxcoe[ch] - Spectral extension coordinates exist - 1 bit

If the spxcoe bit is set to '1', spectral extension coordinate information shall follow. If it is set to '0', the spectral
extension coordinates from the previous block shall be used.

E.1.3.3.10 spxbInd[ch] - Spectral extension blend - 5 bits

The 5-hit spxblnd[ch] field shall be used to determine, for the channel indicated by the index ch, the noise blending
factor (translated signal mixed with random noise) for the spectral extension process.
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E.1.3.3.11 mstrspxco[ch] - Master spectral extension coordinate - 2 bits

The 2-bit mstrspxco[ch] field shall be used to establish, for the channel indicated by the index ch, a gain factor
(increasing the dynamic range) for the spectral extension coordinates as shown in Table E.1.11.

Table E.1.11: Master Spectral Extension Coordinate

mstrspxco[ch] |spxco[ch][bnd] gain multiplier
00 1
01 23
10 26
11 29

E.1.3.3.12 spxcoexp[ch][bnd] - Spectral extension coordinate exponent - 4 bits

Each spectral extension coordinate is composed of a 4-bit exponent and a 2-bit mantissa. The spxcoexp[ch][bnd] field
shall be set to the value of the 4-bit spectral extension coordinate exponent for the channel [ch] and band [bnd]. The
index [ch] shall only exist for those channels that are in spectral extension. The index [bnd] will range from zero to
nspxbnds.

E.1.3.3.13 spxcomant[ch][bnd] - Spectral extension coordinate mantissa - 2 bits

The spxcomant[ch][bnd] field shall be set to the value of the 2-bit spectral extension coordinate mantissa for the
channel [ch] and band [bnd]. The index [ch] shall only exist for those channels that are in spectral extension. The index
[bnd] will range from zero to nspxbnds.

E.1.3.3.14 ecplinu - Enhanced coupling in use - 1 bit

If the ecplinu bit is set to '1', enhanced coupling shall be used for the current block. If thisbit is set to '0', standard
coupling shall be used for the current block.

E.1.3.3.15 cplbndstrce - Coupling banding structure exist - 1 bit

If the cplbndstrce bit isset to '1', the coupling banding structure shall follow. If it isset to ‘0" in the first block using
coupling, the default coupling banding structure shall be used. If it isset to '0" in any other block, the banding structure
from the previous block is reused. The default coupling banding structure defcplbndstrc[] shall be as shownin
TableE.1.12.

Table E.1.12: Default coupling banding structure

couple defcplbndstrc[]
sub-band #

OO (N[O |W|IN|FL|O

RlR|k|kk|ok|r|lolk|lolo|lo|o|lo|o|o
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E.1.3.3.16 ecplbegf - Enhanced coupling begin frequency code - 4 bits

The 4-bit ecplbegf field shall be used to derive the number of the first (lowest frequency) active enhanced coupling
sub-band) as shown in Table E.2.8. The index of the first active enhanced coupling sub-band shall be equal to
ecpl_begin_subbnd and shall be calculated as shown in the following pseudo-code:

if (ecplbegf < 3) {ecpl_begin_subbnd = ecplbegf x 2}
Elseif (ecplbegf < 13) {ecpl_begin_subbnd = ecplbegf + 2}
Else{ecpl_begin_subbnd = ecplbegf x 2 - 10}

E.1.3.3.17 ecplendf - Enhanced coupling end frequency code - 4 bits

The 4-hit ecplendf field shall be used to derive a number one greater than the highest frequency sub-band of the
enhanced coupling region as shown in Table E.2.8. The index of one greater than the highest active enhanced coupling
sub-band shall be equal to ecpl_end_subbnd and shall be calculated as shown in the foll owing pseudo-code:

if (spxinu == 0) {ecpl_end_subbnd = ecplendf + 7}
Elseif (spxbegf < 6) {ecpl_end_subbnd = spxbegf + 5}
Else{ecpl_end_subbnd = spxbegf x 2}

E.1.3.3.18 ecplbndstrce - Enhanced coupling banding structure exists - 1 bit

If the ecplbndstrce bit is set to '1', the enhanced coupling banding structure shall follow. If it isset to '0" in the first
block using enhanced coupling, the default enhanced coupling band structure shall be used. If it is set to '0" in any other
block, the banding structure from the previous block shall be reused. The default enhanced coupling banding structure
defecplbndstrc[] shall be as shownin Table E.1.13.

Table E.1.13: Default enhanced coupling banding structure

Enhanced Coupling | defecplbndstrc|]
Sub-Band #
Oto8
9
10
11
12
13
14
15
16
17
18
19
20
21

PRk lolk|lk|k|lo|lk|lor|lok|lo

E.1.3.3.19 ecplbndstrc[sbnd] - Enhanced coupling band (and sub-band) structure - 1 bit

There are 22 enhanced coupling sub-bands defined in Table E.2.7, each containing either 6 or 12 frequency coefficients.
The fixed 12-bin wide enhanced coupling sub-bands 8 and above are converted into enhanced coupling bands, each of
which may be wider than (a multiple of) 12 frequency bins. Sub-bands O through 7 are never grouped together to form
larger enhanced coupling bands, and are thus each considered enhanced coupling bands. Each enhanced coupling band
may contain one or more enhanced coupling sub-bands. Enhanced coupling coordinates are transmitted for each
enhanced coupling band. Each band's enhanced coupling coordinate shall be applied to al the coefficientsin the
enhanced coupling band.
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The enhanced coupling band structure shall indicate which enhanced coupling sub-bands shall be combined into wider
enhanced coupling bands. When ecplbndstrc[sbnd] is set to '0', the sub-band number [sbnd] shall not be combined
into the previous band to form a wider band, but shall start a new 12-bin wide enhanced coupling band. When
ecplbndstrc[sbnd] is set to '1', then the sub-band [sbnd] shall be combined with the previous band, making the
previous band 12 bins wider. For each successive value of ecplbndstre that is set to '1', the indexed sub-band [sbnd]
shall be combined into the current band. When another ecplbndstrc value of 0 is received, then a new band shall be
formed, beginning with the 12 bins of the indexed sub-band.

The set of ecplbndstrc[sbnd] values can be considered as an array. Each bit in the array corresponds to a specific
enhanced coupling sub-band in ascending frequency order. The elements of the array corresponding to the sub-bands up
to and including ecpl_begin_subbnd or 8 (whichever is greater), are always zero, and as the ecplbndstrc bits for
these sub-bands are known to be zero, they are not transmitted. Furthermore, if there is only one enhanced coupling
sub-band above sub-band 7, then no ecplbndstrc bits are sent.

The total number of enhanced coupling bands, necplbnd, may be computed as shown in the following pseudo-code:
necplbnd = ecpl_end_subbnd - ecpl_begin_subbnd;

necplbnd = ecplbndstrc[ecpl_begin_subbnd] + ... + ecplbndstrc[ecpl_end_subbnd -1]

E.1.3.3.20 ecplparamle[ch] - Enhanced coupling parameters 1 exist - 1 bit

Enhanced coupling parameters are used to derive the enhanced coupling coordinates which indicate, for a given channel
and within a given enhanced coupling band, the fraction of the enhanced coupling channel frequency coefficients to use
to re-create the individual channel frequency coefficients. Enhanced coupling parameters are conditionally transmitted
in the bit stream. If new values are not delivered, the previously sent values remain in effect. See clause E.2.5 for
further information on enhanced coupling.

Each enhanced coupling coordinate is derived from a 5-bit amplitude value. If ecplparamle[ch] isset to '1', the
amplitudes for the corresponding channel [ch] exist and shall follow in the bit stream. If the bit is set to ‘0", the
previously transmitted amplitudes for this channel shall be reused. Amplitudes for all channels that are in enhanced
coupling shall always be transmitted in the first block in which enhanced coupling is enabled.

E.1.3.3.21 ecplamp[ch][bnd] - Enhanced coupling amplitude scaling - 5 bits

The ecplamp[ch][bnd] field shall be set to the value of the enhanced coupling amplitude for channel [ch] and band
[bnd]. The index [ch] shall exist only for those channels that are in enhanced coupling. The index [bnd] shall range
from 0 to necplbnds - 1. See clause E.2.5.5 for more information on how to interpret enhanced coupling parameters.

E.1.3.3.22 rsvdfieldse - reserved fields exist - 1 bit

If the rsvdfieldse bit is set to '1', anumber of reserved bits follow in the bit stream. The number of reserved bits shall
be equal to 9 x (necplbnd - 1), where necplbnd is calculated as shown in clause E.1.3.3.19.

E.1.3.3.23 blkfsnroffst - Block fine SNR offset - 4 bits

The 4-hit blkfsnroffst field shall specify the fine SNR offset value that shall be used by all channels, including the
coupling and LFE channels.

E.1.3.3.24 fgaincode - Fast gain codes exist - 1 bit
If the fgaincode bit is set to '1', fast gain codes for each channel shall be transmitted in the bit stream. If this parameter

isset to '0"in the first block of the frame, no fast gain codes shall be transmitted in the bit stream, and default fast gain
codes (as specified in clause E.1.2.4) shall be used for al blocksin the frame.

E.1.3.3.25 convsnroffste - Converter SNR offset exists - 1 bit

If the convsnroffste bit isset to'1', a SNR offset value for use by an Enhanced AC-3 to AC-3 conversion process shall
follow.
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E.1.3.3.26 convsnroffst - Converter SNR offset - 10 bits

The 10-bit convsnroffst field shall specify the SNR offset required to convert the current syncframe to a compliant
AC-3 syncframe.

E.1.3.3.27 chgagmod|ch] - Channel gain adaptive quantization mode - 2 bits

The 2-hit chgagmod|ch] field shall specify which one of four possible quantization modesis used for mantissasin the
channel indicated by ch. If the value of chgagmod[ch] is set to 0, conventional scalar quantization shall be used for
channel ch. Otherwise, gain adaptive quantization shall be used and chgaggain[ch][n] fields shall follow in the bit
stream.

E.1.3.3.28 chgaqgain[ch][n] - Channel gain adaptive quantization gain - 1 bit or 5 bits

The chgaqgain[ch][n] field shall signal the adaptive quantizer gain value or val ues associated with one or more
exponents. If the value of chgagmod[ch] iseither 1 or 2, chgaqggain[ch][n] shall be 1 bit in length, signalling two
possible gain states. If the value of chgagmod|ch] is 3, chgaqgain[ch][n] shall be 5 bitsin length, representing a
triplet of gains coded compositely. In this case, each gain shall signal three possible gain states.

E.1.3.3.29 pre_chmant[n][ch][bin] - Pre channel mantissas - 0 to 16 bits

The pre_chmant[n][ch][bin] field values shall represent the channel mantissas coded either with scalar, vector or gain
adaptive quantization.

E.1.3.3.30 cplgagmod - Coupling channel gain adaptive quantization mode - 2 bits

The 2-hit cplgagmod field shall specify which one of four possible quantization modes is used for mantissasin the
coupling channel. If the value of cplgagmod is 0, conventional scalar quantization is used. Otherwise, gain adaptive
guantization is used and cplgaqgain[n] fields shall follow in the bit stream.

E.1.3.3.31 cplgaqgain[n] - Coupling gain adaptive quantization gain - 1 bit or 5 bits

The cplgaggain[n] field shall signal the adaptive quantizer gain value or values associated with one or more exponents.
If the value of cplgagmod is either 1 or 2, cplgaqgain[n] is 1 bit in length, signalling two possible gain states. If the
value of cplgagmod is 3, cplgaggain[n] is 5 bitsin length, representing a triplet of gains coded compositely. In this
case, each gain shall signal three possible gain states.

E.1.3.3.32 pre_cplmant[n][bin] - Pre coupling channel mantissas - 0 bits to 16 bits

The pre_cplmant[n][bin] field values shall represent the coupling channel mantissas coded either with scalar, vector or
gain adaptive quantization.

E.1.3.3.33 Ifegagmod - LFE channel gain adaptive quantization mode - 2 bits

The 2-hit Ifegagmod field shall specify which one of four possible quantization modes is used for mantissasin the LFE
channel. If the value of Ifegagmod is set to 0, conventional scalar quantization is used. Otherwise, gain adaptive
guantization shall be used and Ifegaggain[n] fields shall follow in the bit stream.

E.1.3.3.34 Ifegaqgain[n] - LFE gain adaptive quantization gain - 1 bit or 5 bits

The Ifegaqgain[n] field shall signal the adaptive quantizer gain value or val ues associated with one or more exponents.
If the value of Ifegagmod is set to either 1 or 2, Ifegaqgain[n] shall be 1 bit in length, signalling two possible gain
states. If the value of Ifegagmod is set to 3, Ifegaggain[n] shall be 5 bitsin length, representing atriplet of gains coded
compositely. In this case, each gain signals three possible gain states.

E.1.3.3.35 pre_Ifemant[n][bin] - Pre LFE channel mantissas - O bits to 16 bits

The pre_Ifemant[n][bin] field values shall represent the LFE channel mantissas coded either with scalar, vector or gain
adaptive quantization.
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E.2  Decoder processing

E.2.0 Introduction

This clause specifies how Enhanced AC-3 decoders shall process bit streams that use the Enhanced AC-3 bit stream
syntax.

E.2.1 Glitch-free switching between different stream types

Enhanced AC-3 decoders should be designed to switch between all supported bit stream types without introducing
audible clicks, pops or mutes.

E.2.2 Error detection and concealment

Enhanced AC-3 decoders are required to implement error detection based on the bit stream CRC word. Enhanced AC-3
bit streams contain only one CRC word, which covers the entire syncframe. When decoding bit streams that use the
Enhanced AC-3 hit stream syntax, Enhanced AC-3 decoders shall verify the CRC word prior to decoding any of the
blocksin the syncframe.

If the CRC word for an Enhanced AC-3 bit stream is found to be invalid, al blocksin the syncframe shall be substituted
with an appropriate error concealment signal. For most applications, this can be easily accomplished by simply
repeating the last known-good block (before the overlap-add window process).

E.2.3 Modifications to previously defined parameters

E.2.3.0 Introduction

A number of previously defined parameters are utilized differently in this annex than as previously specified. The
following modifications apply to devices decoding bit streams adhering to the syntax specified in this annex.

E.2.3.1 cplendf - Coupling end frequency code

With the addition of the spectral extension tool, the determination of the coupling end frequency code has changed, as
shown in clause E.1.2.4. When spectral extension processing isin use (spxinu == 1), the coupling end frequency code
parameter (cplendf) is not transmitted in the bit stream. Instead, it is derived from the spectral extension begin
frequency code parameter (spxbegf). It should be noted that when spectral extension processing isin use, the range of
allowable values of the coupling end frequency code parameter changes from 0 to 15 to -2 to 7. All subsequent
operations referencing the coupling end frequency code parameter remain valid and are unchanged.

E.2.3.2 nrematbd - Number of rematrixing bands

With the addition of the spectral extension and enhanced coupling tools, the determination of the number of rematrixing
bands had changed. The following pseudo code demonstrates how to determine nrematbd.

Pseudo Code
if (cplinu)
{

if (ecplinu)

if (ecplbegf == 0) {nrematbd = 0}
else if (ecplbegf == 1) {nrenathbd 1}
else if (ecplbegf == 2) {nrenathbd 2}
else if (ecplbegf < 5) {nremathd = 3}
el se {nrematbd = 4}

}

el se /* standard coupling */

if (cplbegf == 0) {nrematbd = 2}
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Pseudo Code

else if (cplbegf < 3) {nrematbd = 3}
el se {nrematbd = 4}

}
else if (spxinu)
{
if (spxbegf < 2) {nrematbd = 3}
el se {nrematbd = 4}
}
el se
{
nrematbd = 4
}

E.2.3.3 endmant - End mantissa

With the addition of the spectral extension and enhanced coupling tools, the determination of the end mantissa bin
number has changed. The following pseudo-code demonstrates how to determine endmant|ch].

Pseudo Code
if (ecplinu)
endmant [ ch] = ecpl subbndt ab[ ecpl _begi n_subbnd]
}
el se
if ((spxinu) & (cplinu == 0)) {endmant[ch] = spxbandtabl e[ spx_begi n_subbnd]
el se
{
/* see clause 6.1.3*%/
}

E.2.3.4 nchmant - Number of fobow channel mantissas

Although not previoudly stated in any version of the present document, the parameter nchmant[ch] is equivalent to the

parameter endmant[ch].

E.2.3.5 ncplgrps - Number of coupled exponent groups

With the addition of the enhanced coupling tool, the determination of the number of coupled exponent groups has
changed. The following pseudo-code demonstrates how to determine ncplgrps.

Pseudo Code

if (ecplinu)

ecpl startmant = ecpl subbndt ab[ ecpl _begi n_subbnd] ;
ecpl endmant = ecpl subbndt ab[ ecpl _end_subbnd] ;
if (cplexpstr == D15) {ncplgrps = (ecpl endnant - ecplstartmant) / 3}

else if (cplexpstr == D25) {ncplgrps = (ecpl endmant - ecplstartmant) / 6}
else if (cplexpstr == D45) {ncplgrps = (ecpl endmant - ecplstartmant) / 12}
el se /* standard coupling */
{
/* see clause 6.1.3 */
}
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E.2.4 Adaptive Hybrid Transform processing

E.2.4.1 Overview

The AHT is composed of two linear transforms connected in cascade. The first transform isidentical to that employed
in AC-3 - awindowed Modified Discrete Cosine Transform (MDCT) of length 128 or 256 frequency samples. This
feature provides compatibility with legacy AC-3 decoders without the need to return to the time domain in the decoder.
For frames containing audio signals which are not time-varying in nature (stationary), a second transform can optionally
be applied by the encoder, and inverted by the decoder. The second transform is composed of a hon-windowed, hon-
overlapped Discrete Cosine Transform (DCT Type I1). When this DCT is employed, the effective audio transform
length increases from 256 to 1 536 audio samples. Thisresultsin significantly improved coding gain and perceptual
coding performance for stationary signals.

The AHT transform is enabled by setting the ahte bit stream parameter to 1. If ahte is 1, at least one of the independent
channels, the coupling channel, or the LFE channel has been coded with AHT. The chahtinu[ch], cplahtinu, and
Ifeahtinu bit stream parameters are used to indicate which channels are channels coded with AHT.

In order to realize gains made available by the AHT, the AC-3 scalar quantizers have been augmented with two new
coding tools. When AHT isin use, both 6-dimensional vector quantization (V Q) and gain-adaptive quantization (GAQ)
are employed. VQ is employed for the largest step sizes (coarsest quantization), and GAQ is employed for the smallest
stepsizes (finest quantization). The selection of quantizer step size is performed using the same parametric bit allocation
method as AC-3, except the conventional bit allocation pointer (bap) tableis replaced with a high-efficiency bap table
(hebapl]). The hebap[] table employs finer-granul arity than the conventional bap table, enabling more efficient
allocation of bits.

E.2.4.2 Bit stream helper variables

Several helper variables need to be computed during the decode process in order to decode a syncframe containing at
least one channel using AHT (ahte = 1). These variables are not transmitted in the bit stream itself, but are computed
from other bit stream parameters. The first helper variables of thistype are denoted in the bit stream syntax as
ncplregs, nchregs(ch], and niferegs. The method for computing these variables is presented in the following three
sections of pseudo code. Generally speaking, the nregs variables are set equal to the number of times exponents are
transmitted in the syncframe.

Pseudo Code

/* only conpute ncplregs if coupling in use for all 6 blocks */
ncplregs = 0;

/* AHT is only available in 6 block node (nunbl kscod ==0x3) */
for(blk = 0; blk < 6; blk++)

if( (cplstre[blk] == 1) || (cplexpstr[blk] != reuse) )
{

ncpl regs++;

Pseudo Code
for(ch = 0; ch < nfchans; ch++)

{

nchregs[ch] = 0;
/* AHT is only available in 6 block node (nunbl kscod ==0x3) */
for(blk = 0; blk < 6; blk++)

if(chexpstr[blk][ch] != reuse)

nchr egs[ ch] ++;

ETSI



148 ETSI TS 102 366 V1.4.1 (2017-09)

Pseudo Code

nl feregs = 0;

/* AHT is only available in 6 block node (nunbl kscod ==0x3) */
for(blk = 0; blk < 6; blk++)

if( Ifeexpstr[blk] != reuse)

nl f er egs++;

A second set of helper variables are required for identifying which and how many mantissas employ GAQ. The arrays
identifying which bins are GAQ coded are called chgagbin[ch][bin], cplgagbin[bin], and Ifegagbin[bin]. Since the
number and position of GA Q-coded mantissas varies from syncframe to syncframe, these variables need to be
computed after the corresponding hebap([] array is available, but prior to mantissa unpacking. This procedure is shown
in pseudo-code below.

Pseudo Code
if(cplahtinu == 0)

for(bin = cplstrtmant; bin < cpl endmant; bin++)

cpl gagbi n[bin] = 0;

}
el se
if (cplgagnmod < 2)
endbap = 12;
}
el se
endbap = 17;
cpl activegagbi ns = 0;
for(bin = cplstrtmant; bin < cpl endmant; bin++)
{
i f(cpl hebap[bin] > 7 && cpl hebap[bin] < endbap)
cpl gagbi n[bin] = 1; /* Gain word is present */
cpl acti vegagbi ns++;
}
el se if (cpl hebap[bin] >= endbap)
cpl gagbin[bin] = -1; /* Gain word is not present */
el se
cpl gagbi n[bin] = 0;
}
}

Pseudo Code
for(ch = 0; ch < nfchans; ch++)

{

i f(chahtinu[ch] == 0)
for(bin = 0; bin < endmant[ch]; bin++)
chgagbi n[ch][bin] = O;
}

el se

if (chgagnmod < 2)

endbap = 12;
}
el se

endbap = 17;
}
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Pseudo Code
chactivegagbi ns[ch] = 0;
for(bin = 0; bin < endmant[ch]; bin++)

i f(chhebap[ch][bin] > 7 && chhebap[ch][bin] < endbap)

chgagbin[ch][bin] =1; /* Gain word is present */
chacti vegagbi ns[ ch] ++;

}
el se if (chhebap[ch][bin] >= endbap)

chgagbi n[ ch] [ bi n]

-1; /* Gain word not present */
el se

chgagbi n[ ch] [ bi n]

I
e

Pseudo Code
if(lfeahtinu == 0)

for(bin = 0; bin < |feendmant; bin++)

| fegagbi n[bin] = 0;

}
}
el se
if (Ifegagmod < 2)
endbap = 12;
}
el se
endbap = 17;
| feacti vegagbi ns = 0;
for(bin = 0; bin < |feendmant; bin++)
{
if(lfehebap[bin] > 7 && |fehebap[bin] < endbap)
{
| fegagbi n[bin] = 1; /* Gain word is present */
| f eacti vegagbi ns++;
}
else if (Ifehebap[bin] >= endbap)
| fegagbin[bin] = -1; /* Gain word is not present */
el se
| f egagbi n[bin] = 0;
}
}

Inafinal set of helper variables, the number of gain wordsto be read from the bit stream is computed. These variables
are called chgagsections|ch], cplgagsections, and Ifegaqsections for the independent channels, coupling channel,
and LFE channel, respectively. They denote the number of GAQ gain words transmitted in the bit stream, and are
computed as shown in the following pseudo code.

Pseudo Code
if(cplahtinu == 0)

cpl gagsections = 0;
el se
{
swi t ch(cpl gagnod)

{

case 0: /* No GAQ gai ns present */
{
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Pseudo Code

cpl gagsections = 0;
br eak;
} .
case 1: /* GAQgains 1 and 2 */
case 2: /* GAQgains 1 and 4 */
{
cpl gagsections = cpl activegagbins; /* cplactivegagbins was conputed earlier */
br eak;

}
case 3: /* GAQgains 1, 2, and 4 */
{
cpl gagsections = cpl activegagbins / 3;

if (cplactivegagbins % 3) cpl gagsecti ons++;
br eak;
}

Pseudo Code

for(ch = 0; ch <nfchans; ch ++)
i f(chahtinu[ch] == 0)
chgagsections[ch] = 0;
el se
{swi tch(chgaqnod[ ch])

case 0: /* No GAQ gai ns present */

{
chgagsections[ch] = 0;
br eak;

} .

case 1: /* GAQgains 1 and 2 */

case 2: /* GAQgains 1 and 4 */

{
chgagsections[ch] = chactivegagbi ns[ch];
/* chactivegaqbi ns[ch] was conmputed earlier */
br eak;

}
case 3: /* GAQgains 1, 2, and 4 */

{
chgagsections[ch] = chactivegagbi ns[ch] / 3;
if (chactivegagbins[ch] % 3) chgagsecti ons[ch] ++;
br eak;

}

Pseudo Code

if(lfeahtinu == 0)
| f egagsections = 0;

el se

{
sungagbi ns = 0;
for(bin = 0; bin < |feendmant; bin++)

{
sungagbi ns += | f egagbi n[ bi n] ;
swi t ch(| f egagnod)
case 0: /* No GAQ gai ns present */

| f egagsections = 0;
br eak;

}
case 1: /* GAQgains 1 and 2 */
case 2: /* GAQgains 1 and 4 */

| f egagsections = | feactivegagbins; /* |feactivegagbins was conputed earlier */
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Pseudo Code
br eak;

}
case 3: /* GAQgains 1, 2, and 4 */

| fegagsections = |feactivegagbins / 3;
if(lfeactivegaghins % 3) |fegagsecti ons++;
br eak;

If the gagmod bit stream parameter bits are set to 0, conventional scalar quantization is used in place of GAQ coding. If
the gagmod bits are set to 1 or 2, a 1-bit gain is present for each mantissa coded with GAQ. If the gagmod bits are set to
3, the GAQ gains for three individual mantissas are compositely coded as a 5-bit word.

E.2.4.3 Bit allocation

E.2.4.3.0 Introduction

When AHT isin use for any independent channel, the coupling channel, or the LFE channel, higher coding efficiency is
achieved by allowing quantization noise to be allocated with higher precision. The higher precision allocationis
achieved using a combination of a new bit alocation pointer look up table and vector quantization. The following
clauses describe the changes to the bit allocation routines defined in clause 6.2 in order to achieve higher precision
allocation.

E.243.1 Parametric bit allocation

If the ahtinu flag is set for any independent channel, the coupling channel, or the LFE channel then the bit allocation
routine (defined in clause 6.2.2) for that channel is modified to incorporate the new high efficiency bit allocation
pointers. When AHT isin use, the exponents are first decoded and the PSD, excitation function, and masking curve are
calculated. The delta bit allocation, if present in the bit stream, is then applied (in accordance with clause 6.2.2.6). The
final computation of the bit allocation, however, is modified as follows:

The high efficiency bit alocation array (hebap[]) is now computed. The masking curve, adjusted by the snroffset and
then truncated, is subtracted from the fine-grain psd[] array. The difference is right shifted by 5 bits, limited, and then
used as an address into the hebaptab(] to find the final bit allocation and quantizer type applied to the mantissas. The
hebaptabl[] array is shown in Table E.2.1.

At the end of the bit allocation procedure, shown in the following pseudo-code, the hebap(] array contains a series of
5-bit pointers. The pointers indicate how many bits have been allocated to each mantissa and the type of quantizer
applied to the mantissas. The correspondence between the hebap pointer and quantizer type and quantizer levelsis
shownin Table E.2.2.
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Pseudo Code
if(ahtinu == 1) /* cpl AHTi nu, chAHTi nu[ch], or |feAHTinu */

start ;
maskt ab[ start]

lastbin = min(bndtab[j] + bndsz[j]), end);
mask[j] -= snroffset ;

mask[j] -= floor ;

if (mask[j] < 0)

mask[j] =0 ;

mask[j] &= O0x1feO ;

mask[j] += floor ;

for (k =i; k < lastbin; k++)

{
addr ess (psd[i] - mask[j]) >> 5 ;
addr ess m n(63, max(0, address)) ;
hebap[i] = hebapt ab[ addr ess]
i++

J+

}
while (end > lastbhin) ;
}

el se

start ;
maskt ab[ start]

lastbin = min(bndtab[j] + bndsz[j], end);
mask[j] -= snroffset ;

mask[j] -= floor ;

if (mask[j] < 0)

mask[j] = 0 ;

mask[j] &= Ox1feO ;

mask[j] += floor ;

for (k =i; k < lastbin; k++)

{
addr ess (psd[i] - mask[j]) >> 5 ;
addr ess m n(63, max(0, address)) ;
bap[i] = baptab[ address]
| ++

}

J+

}
while (end > lasthin) ;

Notethat if AHT isnot in use for agiven independent channel, the coupling channel, or the LFE channel, then the bit
allocation procedure and resulting bap[] arrays for that channel are the same as described in clause 6.2.

E.2.4.3.2 Bit allocation tables

Table E.2.1: High efficiency bit allocation pointers, hebaptab([]

Address | hebaptab[address] |Address | hebaptab[address]
0 0 32 14
1 1 33 14
2 2 34 14
3 3 35 15
4 4 36 15
5 5 37 15
6 6 38 15
7 7 39 16
8 8 40 16
9 8 41 16
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Address | hebaptab[address] |Address | hebaptab[address]
10 8 42 16
11 8 43 17
12 9 44 17
13 9 45 17
14 9 46 17
15 10 47 18
16 10 48 18
17 10 49 18
18 10 50 18
19 11 51 18
20 11 52 18
21 11 53 18
22 11 54 18
23 12 55 19
24 12 56 19
25 12 57 19
26 12 58 19
27 13 59 19
28 13 60 19
29 13 61 19
30 13 62 19
31 14 63 19

Table E.2.2: Quantizer type, quantizer level, and mantissa bits vs. hebap

E.2.4.4 Quantization

E.2.44.0 Introduction

hebap | Quantizer Type |Levels |Mantissa Bits
0 NA NA 0
1 VQ NA (2/6)
2 VQ NA (3/6)
3 VQ NA (4/6)
4 VQ NA (5/6)
5 vVQ NA (7/6)
6 VQ NA (8/6)
7 VQ NA (9/6)
8 symmetric + GAQ 7 3
9 symmetric + GAQ | 15 4
10 symmetric + GAQ | 31 5
11 symmetric + GAQ | 63 6
12 symmetric + GAQ | 127 7
13 symmetric + GAQ | 255 8
14 symmetric + GAQ | 511 9
15 symmetric + GAQ | 1 023 10
16 symmetric + GAQ | 2 047 11
17 symmetric + GAQ | 4 095 12
18 symmetric + GAQ [16,383 14
19 symmetric + GAQ [65,535 16

Depending on the bit allocation pointer (hebap) calculated in clause E.2.4.2, the mantissa values are either coded using
vector quantization or gain adaptive quantization. The following clauses describe both of these coding techniques.

E.2441 Vector quantization

Vector quantization is a quantization technique that takes advantage of similarities and patternsin an ordered series of
values, or vector, to reduce redundancy and hence improve coding efficiency. For AHT processing, 6 mantissa values
across blocks within a single spectral bin are grouped together to create a 6-dimensional Euclidean space.
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If AHT isin use and the bit allocation pointer is between 1 and 7 inclusive, then vector quantization (VQ) isused to
encode the mantissas. The range of hebap valuesthat use VQ are shown in Table E.2.2. If VQ is applied to a set of

6 mantissa values then the data in the bit stream represents an N bit index into a 6-dimensional look up table, where N is
dependent on the hebap value as defined in Table E.2.2. The vector tables are shown in clause E.3; the valuesin the
vector tables are represented as 16-bit, signed values.

If a hebap value is within the VQ range, the encoder selects the best vector to transmit to the decoder by locating the
vector which minimizes the Euclidean distance between the actual mantissa vector and the table vector. The index of
the closest matching vector is then transmitted to the decoder.

In the decoder, the index is read from the bit stream and the mant val ues are replaced with the values from the
appropriate vector table.

E.2.44.2 Gain adaptive quantization

Gain-Adaptive Quantization (GAQ) isamethod for quantizing mantissas using variable-length codewords. In the
encoder, the technique is based upon conditionally amplifying one or more of the smaller and typically more frequently
occurring transform coefficient mantissasin one DCT block, and representing these with a shorter length code. Larger
transform coefficients are not gain amplified, but are transmitted using longer codes since these occur relatively
infrequently for typical audio signals. The gain words selected by the encoder, one per GAQ-coded DCT block of
length six, are packed together with the mantissa codewords and transmitted as side information. With this system, the
encoder can adapt to changing local signal statistics from audio frame to audio frame, and/or from channel to channel.
Since a coding mode using constant-length output symbolsisincluded as a subset, gai n-adaptive quantization cannot
cause a hoticeable coding loss compared to the fixed-length codes used in AC-3.

In the decoder, the individual gain words are unpacked first, followed by a bit stream parsing operation (using the gains)
to reconstruct the individual transform coefficient mantissas. To compensate for amplification applied in the encoder,
the decoder applies an attenuation factor to the small mantissas. The level of large mantissas is unaffected by these gain
factors in both the encoder and decoder.

The decoder structure for gain-adaptive quantization is presented in Figure E.2.1. Decoder processing consists of a bit
stream deformatter connected in cascade with the switched gain attenuation element, labelled as 1/G, in the figure. The

three inputs to the deformatter are the packed mantissa bit stream, the hebap[] output from the parametric bit alocation,
and the gaqgain(] array received from the encoder. The hebap(] array is used by the deformatter to determine if the
current (kt") DCT block of six mantissas to be unpacked is coded with GAQ, and if so, what the small and large
mantissa bit lengths are. The gaggain(] array is processed by the deformatter to produce the gain attenuation element
corresponding to each DCT mantissa block identified in the bit stream. The switch position is also derived by the
deformatter for each GAQ-coded mantissa. The switch position is determined from the presence or absence of a unique
bit stream tag, as discussed in the next paragraph. When the deformatting operation is complete, the dequantized and
level -adjusted mantissas are available for the next stage of processing.

hebap[K] Tag Not
ap Present .
N Qs*(xw) / Gy
—’ :
. |
. GAQ Mantissa y .
—gaqga|n[n] Deformeatting VG Dequantlged GAQ
Mantissas

—’ /\ : -1 X

Packed T QU (%)

Present
mantissa I
pits and gagmod

Figure E.2.1: Flow diagram for GAQ mantissa dequantization
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As ameans for signalling the two mantissa lengths to the decoder, quantizer output symbols for large mantissas are
flagged in the bit stream using a unique identifier tag. In Enhanced AC-3, the identifier tag is the quantizer symbol
representing a full-scale negative output (e.g. the “100" symbol for a 3-bit two's complement quantizer). Ina
conventional mid-tread quantizer, this symbol is often deliberately unused since it results in an asymmetric quantizer
characteristic. In gain-adaptive quantization, this symbol is employed to indicate the presence of alarge mantissa. The
tag length is equal to the length of the small mantissa codeword (computed from hebap[] and gaggain[]), alowing
unique bit stream decoding. If an identifier tag is found, additional bits immediately following the tag (also of known
length) convey the quantizer output level for the corresponding large mantissas.

Four different gain transmission modes are available for use in the encoder. The different modes employ switched 0, 1
or 1,67-bit gains. For each independent, coupling, and LFE channel in which AHT isin use, a 2-bit parameter called
gagmod is transmitted once per syncframe to the decoder. The bit stream parameters, values, and active hebap range are
shown for each mode in Table E.2.3. If gagmod = 0x0, GAQ is not in use and no gains are present in the bit stream. If
gagmod = 0x1, a 1-bit gain value is present for each block of DCT coefficients having a hebap value between 8 and 11,
inclusive. Coefficients with hebap higher than 11 are decoded using the same quantizer as gagmod 0x0. If

gagmod = 0x2 or 0x3, gain values are present for each block of DCT coefficients having a hebap value between 8 and
16, inclusive. Coefficients with hebap higher than 16 are decoded using the same quantizer as gagmod 0x0. The
difference between the two last modes liesin the gain word length, as shown in Table E.2.3.

Table E.2.3: Gain adaptive quantization modes

chgagmod([ch], | GAQ Mode for Audio Frame Active hebap Range
cplgagmod, (for which gains are transmitted)
and Ifegagmod
0x0 GAQ not in use None
0x1 1-bit gains (G, = 1 or 2) 8 <hebap <11
0x2 1-bit gains (G, = 1 or 4) 8 < hebap <16
0x3 1,67 bit gains (G, = 1, 2, or 4) 8 < hebap <16

For the case of gagmod = 0x1 and 0x2, the gains are coded using binary 0 to signal G, = 1, and binary 1 to signal
G, = 2 or 4. For the case of gagmod = 0x3, the gains are composite-coded in triplets (three 3-state gains packed into

5-bit words). The gains are unpacked in a manner similar to exponent unpacking as described in clause 6.1.3. For
example, for a5-bit composite gain triplet grpgain:

M1 = truncate (grpgain / 9)
M2 = truncate ((grpgain % 9) / 3)
M3 = (grpgain % 9) % 3

In thisexample, M1, M2, and M3 correspond to mapped val ues derived from consecutive gains in three ascending
frequency blocks, respectively, each ranging in value from 0 to 2 inclusive as shown in Table E.2.4.

Table E.2.4: Mapping of gain elements, gagmod = 0x3

Gain, G, Mapped Value
1 0
2 1
4 2

Details of the gain adaptive quantizer characteristics are shown in Table E.2.5. If the received gainis 1, or no gain was
received at all, asingle quantizer with no tag is used. If the received gain is either 2 or 4, both the small and large
mantissas (and associated tags) shall be decoded using the quantizer characteristics shown. Both small and large
mantissas are decoded by interpreting them as signed two's complement fractional values. The variable min the table
represents the number of mantissa bits associated with a given hebap value as shown in Table E.2.2.
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Table E.2.5: Gain adaptive quantizer characteristics

G, =1 G, =2 G, =4
Quantizer Small Large Small Large
Quantizer Quantizer Quantizer Quantizer
Length of quantizer codeword m m-1 m-1 m-2 m
Number of reconstruction 2m._1 om-1_19 om-1 om-2 _q om
(output) points
Step size 2/(2m-1) 1/@2mh 1/(2m™1-1) 1/(2m1 3/(2m1.2)

Since the large mantissas are coded using a dead-zone quantizer, a post-processing step is required to transform (remap)
large manti ssa codewords received by the decoder into a reconstructed mantissa. This remapping is applied when
G, = 2o0r 4. Anidentical post-processing step is required to implement a symmetric quantizer characteristic when

Gy = 1, and for all gagmod = 0x0 quantizers. The post-process is a computation of the formy = x + ax + b. In this

equation, X represents a mantissa codeword (interpreted as a signed two's complement fractional value), and the
constants aand b are provided in Table E.2.6. The constants are also interpreted as 16-bit signed two's complement
fractional values. The expression for y was arranged for implementation convenience so that al constants will have
magnitude less than one. For decoders where thisis not a concern, the remapping can be implemented asy = ax + b,
where the new coefficient 8 = 1 + a. The sign of x shall be tested prior to retrieving b from the table. Remapping is not
applicable to the table entries marked N/A.

Table E.2.6: Large mantissa inverse quantization (remapping) constants

hebap G, =1 G, =2 G, =4
a b a b a b
8 x>0 0x1249 0x0000 0xd555 0x4000 Oxedb7 0x2000
x<0 0x1249 0x0000 0xd555 Oxeaab Oxedb7 Oxfb6e
9 x>0 0x0889 0x0000 0xc925 0x4000 0xe666 0x2000
x<0 0x0889 0x0000 0xc925 0xd249 0xe666 Oxeccd
10 x>0 0x0421 0x0000 Oxc444 0x4000 0xe319 0x2000
x<0 0x0421 0x0000 0xc444 0xc889 0xe319 0xe632
11 x>0 0x0208 0x0000 Oxc211 0x4000 0Oxel86 0x2000
x<0 0x0208 0x0000 0xc211 0Oxc421 0Oxel86 0xe30c
12 x>0 0x0102 0x0000 Oxcl104 0x4000 0xe0c2 0x2000
x<0 0x0102 0x0000 0xcl104 0xc208 0xe0c2 Oxel83
13 x>0 0x0081 0x0000 0xc081 0x4000 0xe060 0x2000
x<0 0x0081 0x0000 0xc081 0xc102 0xe060 0xeOcl
14 x>0 0x0040 0x0000 0xc040 0x4000 0xe030 0x2000
x<0 0x0040 0x0000 0xc040 0xc081 0xe030 0xe060
15 x>0 0x0020 0x0000 0xc020 0x4000 0xe018 0x2000
x<0 0x0020 0x0000 0xc020 0xc040 0xe018 0xe030
16 x>0 0x0010 0x0000 0xc010 0x4000 0xe00c 0x2000
x<0 0x0010 0x0000 0xc010 0xc020 0xe00c 0xe018
17 x>0 0x0008 0x0000 N/A N/A N/A N/A
x<0 0x0008 0x0000 N/A N/A N/A N/A
18 x>0 0x0002 0x0000 N/A N/A N/A N/A
x<0 0x0002 0x0000 N/A N/A N/A N/A
19 x>0 0x0000 0x0000 N/A N/A N/A N/A
x<0 0x0000 0x0000 N/A N/A N/A N/A

E.2.4.5 Transform equations
The AHT processing uses a DCT to achieve higher coding efficiency. Hence, if AHT isin use, the DCT shall be
inverted prior to applying the exponents. Theinverse DCT (IDCT) for AHT is given in the following equation. Any fast

technique may be used to invert the DCT in Enhanced AC-3 decoders. In the following eguation, C(k,m) isthe MDCT
spectrum for the kth bin and mth block, and X(k,j) isthe AHT spectrum for the kth bin and jth block.

c(k,m)= \/Ei R, X (K, j)cos[%j m=0L...5
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Where:
1 j=0
R =42 j=0

and k isthe bin index, misthe block index, and j isthe AHT transform index.

E.2.5 Enhanced channel coupling

E.2.5.1 Overview

Enhanced channel coupling is a coding technique that elaborates on conventional channel coupling, principally through
the use of a more compact amplitude representation. The process may be used at |lower frequencies than conventional

channel coupling.

The decoder converts the enhanced coupling channel back into individual channels by applying amplitude scaling for
each channel and frequency sub-band.

E.2.5.2 Sub-band structure for enhanced coupling

Enhanced coupling transform coefficients are transmitted in exactly the same manner as conventional coupling. That is,
coefficients are reconstructed from exponents and quantized mantissas. Transform coefficients # 13 through # 252 are
grouped into 22 sub-bands of either 6 or 12 coefficients each, as shown in Table E.2.7. The parameter ecplbegf is used
to derive the value ecpl_begin_subbnd which indicates the number of the enhanced coupling sub-band which isthe
first to be included in the enhanced coupling process. Below the frequency (or transform coefficient number) indicated
by ecplbegf, all channels are independently coded. Above the frequency indicated by ecplbegf, channelsincluded in
the enhanced coupling process (chincpl[ch] = 1) share the common enhanced coupling channel up to the frequency (or
tc #) indicated by ecplendf. The enhanced coupling channel is coded up to the frequency (or tc #) indicated by
ecplendf, which is used to derive ecpl_end_subbnd. The value of ecpl_end_subbnd is one greater than the last
coupling sub-band which is coded.

Table E.2.7: Enhanced coupling sub-bands

enhanced low tc# | hightc# If cutoff (kHz) | hf cutoff (kHz) If cutoff (kHz) hf cutoff (kHz)
coupling @ fs =48 kHz @ fs =48 kHz @fs=44,1kHz | @ fs =44,1 kHz
sub-band #
0 13 18 1,17 1,73 1,08 1,59
1 19 24 1,73 2,30 1,59 2,11
2 25 30 2,30 2,86 2,11 2,63
3 31 36 2,86 3,42 2,63 3,14
4 37 48 3,42 4,55 3,14 4,18
5 49 60 4,55 5,67 4,18 5,21
6 61 72 5,67 6,80 5,21 6,24
7 73 84 6,80 7,92 6,24 7,28
8 85 96 7,92 9,05 7,28 8,31
9 97 108 9,05 10,17 8,31 9,35
10 109 120 10,17 11,30 9,35 10,38
11 121 132 11,30 12,42 10,38 11,41
12 133 144 12,42 13,55 11,41 12,45
13 145 156 13,55 14,67 12,45 13,48
14 157 168 14,67 15,80 13,48 14,51
15 169 180 15,80 16,92 14,51 15,55
16 181 192 16,92 18,05 15,55 16,58
17 193 204 18,05 19,17 16,58 17,61
18 205 216 19,17 20,30 17,61 18,65
19 217 228 20,30 21,42 18,65 19,68
20 229 240 21,42 22,55 19,68 20,71
21 241 252 22,55 23,67 20,71 21,75
NOTE: At 32 kHz sampling rate the sub-band frequency ranges are 2/3 the values of those for 48 kHz.
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Table E.2.8: Enhanced coupling start and end indexes

ecpl lowtc # | hightc# | ecplbegf |ecplendf
sub-band #

0 13 18 0

1 19 24

2 25 30 1

3 31 36

4 37 48 2

5 49 60 3

6 61 72 4

7 73 84 5 0
8 85 96 6 1
9 97 108 7 2
10 109 120 8 3
11 121 132 9 4
12 133 144 10 5
13 145 156 11 6
14 157 168 12 7
15 169 180 8
16 181 192 13 9
17 193 204 10
18 205 216 14 11
19 217 228 12
20 229 240 15 13
21 241 252 14
22 253 15

The enhanced coupling sub-bands are combined into enhanced coupling bands for which coupling coordinates are
generated (and included in the bit stream). The coupling band structure is indicated by ecplbndstrc[sbnd]. Each bit of
the ecplbndstrc[] array indicates whether the sub-band indicated by the index is combined into the previous (lower in
frequency) enhanced coupling band. Enhanced coupling bands are thus made from integral numbers of enhanced

coupling sub-bands. (See clause E.1.3.3.19.)

E.2.5.3 Enhanced coupling tables

Table E.2.9 and Table E.2.10 are used to lookup various parameter val ues used by the enhanced coupling process.

Table E.2.9: Sub-band transform start coefficients: ecplsubbndtabl]

sbnd ecplsubbndtab[sbnd]
0 13
1 19
2 25
3 31
4 37
5 49
6 61
7 73
8 85
9 97
10 109
11 121
12 133
13 145
14 157
15 169
16 181
17 193
18 205
19 217
20 229
21 241
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sbnd ecplsubbndtab[sbnd]
22 253

Table E.2.10: Amplitudes: ecplampexptab[], ecplampmanttabl]

ecplamp |ecplampexptab[ecplamp] |ecplampmanttab[ecplamp]
0 0 0x20
1 0 0x1b
2 0 0x17
3 0 0x13
4 0 0x10
5 1 0x1b
6 1 0x17
7 1 0x13
8 1 0x10
9 2 0x1b
10 2 0x17
11 2 0x13
12 2 0x10
13 3 0x1b
14 3 0x17
15 3 0x13
16 3 0x10
17 4 0x1b
18 4 0x17
19 4 0x13
20 4 0x10
21 5 0x1b
22 5 0x17
23 5 0x13
24 5 0x10
25 6 0x1b
26 6 0x17
27 6 0x13
28 6 0x10
29 7 0x1b
30 7 0x17
31 - 0x00

E.2.5.4 Enhanced coupling coordinate format

Enhanced coupling coordinates exist for each enhanced coupling band [bnd] in each channel [ch] which is coupled
(chincp[ch]==1). Enhanced coupling coordinates are derived from a 5-bit amplitude scaling value (ecplamp[ch][bnd]).
These values will always be transmitted in the first block containing a coupled channel and are optionally transmitted in
subseguent blocks, asindicated by the enhanced coupling parameter exists flag (ecplparamle[ch]). If
ecplparamle[ch] isset to O, corresponding coordinate values from the previous block are reused.

The ecplamp values 0 to 30 represent gains between 0 dB and -45,01 dB quantized to increments of approximately
1,5 dB, and the value 31 represents minus infinity dB.

E.2.5.5 Enhanced coupling processing

E.255.0 Introduction

This clause describes the processing steps required to recover transform coefficients for each coupled channel from the
enhanced coupling data. The following steps are performed for each block:

. Process the enhanced coupling channel.

. Prepare amplitudes for each channel and band.
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. Generate transform coefficients for each channel from the processed enhanced coupling channel and
amplitudes.

E.255.1 Amplitude parameter processing

Amplitude values for each enhanced coupling band [bnd] in each channel [ch] are obtained from the ecplamp
parameters as:

Pseudo Code
if (ecplanmp[ch][bnd] == 31)

anmpbnd[ ch] [ bnd]

0;
el se

anmpbnd[ ch][bnd] = (ecpl anpmanttab[ ecpl anp[ch][bnd]] / 32) >> ecpl anpexpt ab[ ecpl anp[ch][bnd]];

Using the ecplbndstrc(] array, an array indicating the number of binsin each enhanced coupling band is popul ated.
Additionally, the amplitude values ampbnd[ch][bnd] which apply to enhanced coupling bands are converted to values
which apply to enhanced coupling sub-bands ampbnd[ch][sbnd] by duplicating values as indicated by values of "1" in
ecplbndstrc[]. Amplitude values for individual enhanced coupling transform coefficients ampbin[ch][bin] are then
reconstructed as follows:

Pseudo Code
necpl bnds = -1;
f or (sbnd=ecpl _begi n_subbnd; sbnd<ecpl _end_subbnd; sbnd++)

i f (ecpl bndstrc[sbnd] == 0)

necpl bnds++;
nbi ns_per_bnd_array[ necpl bnds] = 0;

}
f or (bi n=ecpl subbndt ab[ sbnd]; bi n<ecpl subbndt ab[ sbnd+1]; bi n++)

anpbi n[ ch] [ bi n] = anpbnd[ ch] [ necpl bnds] ;
nbi ns_per _bnd_array[ necpl bnds] ++;

E.255.2 Generate channel transform coefficients

Individual channel transform coefficients are then reconstructed from the coupling channel using the following process.

Pseudo Code
f or (sbnd=ecpl _begi n_subbnd; sbnd<ecpl _end_subbnd; sbnd++)

f or (bi n=ecpl subbndt ab[ sbnd]; bi n<ecpl subbndt ab[ sbnd+1]; bi n++)

chmant[ch][bin] = ecplmant[bin] * anpbnd[ch][sbnd];

E.2.6 Spectral extension processing

E.2.6.0 Introduction

Enhanced A C-3 supports a coding technique, based on high frequency regeneration, called spectral extension. A
detailed description of the spectral extension process follows.
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E.2.6.1 Overview

When spectral extension isin use, high frequency transform coefficients of the channels that are participating in spectral
extension are synthesized. Transform coefficient synthesisinvolves copying low frequency transform coefficients,
inserting them as high frequency transform coefficients, blending the inserted transform coefficients with
pseudo-random noise, and scaling the blended transform coefficients to match the coarse (banded) spectral envelope of
the original signal. To enable the decoder to scale the blended transform coefficients to match the spectral envelope of
the original signal, scale factors are computed by the encoder and transmitted to the decoder on a banded basis for all
channels participating in the spectral extension process. For a given channel and spectral extension band, the blended
transform coefficients for that channel and band are multiplied by the scale factor associated with that channel and
band.

The spectral extension process is performed beginning at the spectral extension begin frequency, and ending at the
spectral extension end frequency. The spectral extension begin frequency is derived from the spxbegf bit stream
parameter. The spectral extension end frequency is derived from the spxendf bit stream parameter.

In some cases, it may be desirable to use channel coupling for a mid-range portion of the frequency spectrum and
spectral extension for the higher-range portion of the frequency spectrum. In this configuration, the highest coupled
transform coefficient number shall be 1 less than the lowest transform coefficient number generated by spectral
extension.

E.2.6.2 Sub-band structure for spectral extension

Transform coefficients #25 through #228 are grouped into 17 sub-bands of 12 coefficients each, as shownin

Table E.2.11. Thefinal table entry does not represent an actual sub-band, but isincluded for the case when the spxendf
parameter is 17. The spectral extension sub-bands containing transform coefficients #37 through #228 coincide with
coupling sub-bands. The parameter spx_begin_subbnd, derived from the spxbegf bit stream parameter, indicates the
number of the first spectral extension sub-band. The parameter spx_end_subbnd, derived from the spxendf bit stream
parameter, indicates a number one greater than the last spectral extension sub-band. From the sub-band indicated by
spx_begin_subbnd to the sub-band indicated by spx_end_subbnd, transform coefficients are synthesized for al
channels participating in the spectral extension process (chinspx[ch] == 1). Below the sub-band indicated by
spx_begin_subbnd, channels may be independently coded. Alternatively, channels may be coded independently
below the coupling begin frequency, and coupled from the coupling begin frequency to the spectral extension begin
frequency.

Spectral extension sub-bands are combined into spectral extension bands for which spectral extension coordinates are
generated (and included in the bit stream). Like channel coupling, each spectral extension band is made up of one or
more consecutive spectral extension sub-bands. The number of spectral extension bands and the size of each band are
determined from the spectral extension band structure array (spxbndstrc[]). Upon audio frame initialization, the default
spectral extension banding structure is copied into the spxbndstrc[] array. If (spxbndstrce == 1), the
spxbndstrc[sbnd] bit stream parameters are present in the bit stream and are used to fill the spxbndstrc|] array. If
(spxbndstrce == 0), the existing values in the spxbndstrc[] array are used to compute the number of spectral extension
bands and the size of each band.

The following pseudo code indicates how to determine the number of spectral extension bands and the size of each
band.

Pseudo Code
nspxbnds = 1;
spxbndsztab[ 0] = 12;

for (bnd = spx_begin_subbnd+1; bnd < spx_end_subbnd; bnd ++)
{

if (spxbndstrc[bnd] == 0)
spxbndszt ab[ nspxbnds] = 12;
nspxbnds++;

}

el se

spxbndszt ab[ nspxbnds - 1] += 12;
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Table E.2.11: Spectral extension band table

SpX lowtc # | hightc# | spxbegf | spxendf
sub-band #

0 25 36

1 37 48

2 49 60 0

3 61 72 1

4 73 84 2

5 85 96 3 0
6 97 108 4 1
7 109 120 5 2
8 121 132

9 133 144 6 3
10 145 156

11 157 168 7 4
12 169 180

13 181 192 5
14 193 204

15 205 216 6
16 217 228

17 229 7

E.2.6.3 Spectral extension coordinate format

Spectral extension coordinates exist for each spectral extension band [bnd] of each channel [ch] that is using spectral
extension (chinspx[ch] ==1). Spectral extension coordinates shall be sent at least once per audio frame, and may be
sent as often as once per block. The spxcoe[ch] bit stream parameter informs the decoder when spectral extension
coordinates are present in the bit stream. If (spxcoe[ch] == 0), ho spectra extension coordinates for channel [ch] are
present in the bit stream, and the previous spectral extension coordinates should be reused. If (spxcoe[ch] == 1),
spectral extension coordinates are present in the bit stream for channel [ch].

When present in the bit stream, spectral extension coordinates are transmitted in a floating point format. The exponent
is sent as a4-bit value (spxcoexp[ch][bnd]) indicating the number of right shifts which should be applied to the
fractional mantissa value. The mantissas are sent as 2-bit values (spxcomant[ch][bnd]) which shall be properly scaled
before use. Mantissas are unsigned values so asign bit is not used. Except for the limiting case where the exponent
value = 15, the mantissa value is known to be between 0,5 and 1,0. Therefore, when the exponent value < 15, the MSB
of the mantissais aways equal to "1" and is not transmitted; the next 2 bits of the mantissa are transmitted. This
provides one additional bit of resolution. When the exponent value = 15 the mantissa value is generated by dividing the
2-bit value of spxcomant by 4. When the exponent value is < 15 the mantissa value is generated by adding 4 to the
2-bit value of spxcomant and then dividing the sum by 8.

Spectral extension coordinate dynamic range is increased beyond what the 4-bit exponent can provide by the use of a
per channel 2-bit master spectral extension coordinate (mstrspxco[ch]) which is used to scale all of the spectral
extension coordinates within that channel. The exponent values for each channel are increased by 3 times the value of
mstrspxco which applies to that channel. This increases the dynamic range of the spectral extension coordinates by an
additional 54 dB.

The following pseudo code indicates how to generate the spectral extension coordinate (spxco) for each spectral
extension band [bnd] in each channel [ch].

Pseudo code
if (spxcoexp[ch][bnd] == 15)
{

spxco_tenp[ch][bnd] = spxcomant[ch][bnd] / 4;
}

el se

{

spxco_t enp[ ch] [ bnd] (spxcomant[ch][bnd] + 4) / 8;

}
spxco[ ch][bnd] = spxco_tenp[ch][bnd] >> (spxcoexp[ch][bnd] + 3*nstrspxco[ch]);
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E.2.6.4 High frequency transform coefficient synthesis

E.2.6.4.0 Introduction

This process synthesi zes transform coefficients above the spectral extension begin frequency. The synthesis process
consists of a number of different steps, described in the following clauses.

E.26.4.1 Transform coefficient translation

Thefirst step of the high frequency transform coefficient synthesis process is transform coefficient tranglation.
Transform coefficient translation consists of making copies of a channel's low frequency transform coefficients and
inserting them as the channel's high frequency transform coefficients. The parameter spxstrtf, derived from the bit
stream parameter of the same name, is used as the index into atable to determine the first transform coefficient to be
copied. The parameter spx_begin_subbnd, derived from the spxbegf bit stream parameter, is used astheindex into a
table to determine the first transform coefficient to be inserted. The parameter spx_end_subbnd, derived from the
spxendf bit stream parameter, is used as the index into atable to determine the last transform coefficient to be inserted.

Transform coefficient trandation is performed on a banded basis. For each spectral extension band, coefficients are
copied sequentially starting with the transform coefficient at copyindex and ending with the transform coefficient at
(copyindex + bandsize - 1). Transform coefficients are inserted sequentially starting with the transform coefficient at
insertindex and ending with the transform coefficient at (insertindex + bandsize - 1).

Prior to beginning the trand ation process for each band, the value of (copyindex + bandsize - 1) is compared to the
copyendmant parameter. If (copyindex + bandsize - 1) is greater than or equal to the copyendmant parameter, the
copyindex parameter isreset to the copystartmant parameter and wrapflag[bnd] is set to 1. Otherwise,
wrapflag[bnd] isset to O.

Pseudo Code

copystartmant = spxbandtabl e[ spxstrtf];
copyendmant = spxbandt abl e[ spx_begi n_subbnd] ;
copyi ndex = copystartmant;

insertindex = copyendmant;

for (bnd = 0; bnd < nspxbnds; band++)

{

bandsi ze = spxbndszt ab[ bnd] ;
if ((copyindex + bandsize) > copyendmant)

copyi ndex = copystartmant;
wr apf | ag[ bnd] = 1;

el se
wr apf | ag[ bnd] = 0;
for (bin = 0; bin < bandsize; bin++)
{ if (copyi ndex == copyendnant)
copyi ndex = copystartmant;
tc[ch][insertindex] = tc[ch][copyindex];

i nsertindex++;
copyi ndex++;

E.2.6.4.2 Transform coefficient noise blending

E.2.6.4.2.0 Introduction

The next step of the high frequency transform coefficient synthesis processis transform coefficient noise blending. In
this step, the trandated transform coefficients are blended with pseudo-random noise in order to create a more natural
sounding signal.
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E.2.6.4.2.1 Blending factor calculation

Thefirst step of the transform coefficient noise blending processis to determine blending factors for the pseudo-random
noise and the trandlated transform coefficients. The blending factor calculation for each band is based on both the
spxblend bit stream parameter and the frequency mid-point of the band. This enables unique blending factors to be
computed for each band from a single bit stream parameter. Because the spxblnd parameter existsin the bit stream only
when new spectral extension coordinates exist in the bit stream, the blending factors can be reused for all blocksin
which spectral extension coordinates are reused.

The following pseudo code indicates how the blending factors for a channel [ch] are determined.

Pseudo Code
nof fset[ch] = spxblend[ch] / 32,0;
spxmant = spxbandt abl e[ spx_begi n_subbnd] ;
if (spxcoe[ch])
{
for (bnd = 0; bnd < nspxbnds; bnd++)
{
bandsi ze = spxbndszt ab[ bnd] ;
nratio = ((spxmant + 0, 5*bandsize) / spxbandtabl e[ spx_end_subbnd]) - noffset[ch];
if (nratio < 0,0)
{
nratio = 0, 0;
else if (nratio > 1,0)
{
nratio = 1, 0;
}
nbl endf act [ ch] [ bnd] = squareroot(nratio);
sbl endf act[ch][bnd] = squareroot(1 - nratio);
spxmant += bandsi ze;
}
}
E.2.6.4.2.2 Banded RMS energy calculation

The next step isto compute the banded RM S energy of the trandated transform coefficients. The banded RMS energy
measures are needed to properly scale the pseudo-random noise samples prior to blending.

The following pseudo code indicates how to compute the banded RM S energy of the translated transform coefficients
for channel [ch].

Pseudo Code
spxmant = spxbandt ab[ spx_begi n_subbnd] ;
for (bnd = 0; bnd < nspxbnds; bnd++)
{
bandsi ze = spxbndszt ab[ bnd] ;
accum = O;
for (bin = 0; bin < bandsize; bin++)
{
accum = accum + (tc[ch][spxmant] * tc[ch][spxmant]);
spxmant ++;
rimsener gy[ ch] [ band] = squareroot (accum/ bandsi ze);
}
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E.2.6.4.2.3 Noise Scaling and Transform Coefficient Blending Calculation

When spectral extension attenuation is enabled for channel [ch], a notch filter is applied to the transform coefficients
surrounding the border between the baseband and extension region. Thefilter is symmetric about the first bin of the
extension region, and covers atotal of 5 hins. The first 3 attenuation values of the filter are determined by lookup into
Table E.2.12 with index spxattencod[ch]. The last two attenuation values of the filter are determined by symmetry and
are not explicitly stored in the table. Thefilter is aso applied to the transform coefficients surrounding each border
between bands where wrapping occurs during the transform coefficient translation operation, as indicated by
wrapflag[bnd]. It isimportant that filtering occurs after the transform coefficient trandation and banded RM S energy
calculation but prior to the noise scaling and transform coefficient blending calculation. The following pseudo code
demonstrates the application of the notch filter at the border between the baseband and extension region and al wrap
points for each channel [ch].

Pseudo Code
if (chinspxatten[ch])

/* apply notch filter at baseband / extension regi on border */
filtbin = spxbandtabl e[ spx_begi n_subbnd] - 2;

for (bin = 0; bin < 3; bin++)

tc[ch][filtbin] *= spxattentab[spxattencod[ch]][binindex];
filtbin++;

}
for (bin =1; bin >= 0; bin--)

tc[ch][filtbhin] *= spxattentab[spxattencod[ch]][binindex];
filtbin++;

}
filtbin += spxbndsztab[0];

/* apply notch at all other wap points */
for (bnd = 1; bnd < nspxbnds; bnd++)
{

if (wrapflag[bnd]) /* wapflag[bnd] set during transform coefficient translation */

filtbin = filthin - 5;
for (binindex = 0; binindex < 3; bin++)

tc[ch][filtbhin] *= spxattentab[spxattencod[ch]][binindex];
filtbin++;

}
for (bin =1; bin >= 0; bin--)
tc[ch][filtbhin] *= spxattentab[spxattencod[ch]][binindex];

filtbin++;

}
}
filtbin += spxbndsztab[ bnd];

Table E.2.12: Spectral extension attenuation table: spxattentab[][]

spxattencod binindex
0 1 2
0 0,954841604 0,911722489  |0,870550563
1 0,911722489 0,831237896  |0,757858283
2 0,870550563 0,757858283  |0,659753955
3 0,831237896 0,690956440  |0,574349177
4 0,793700526 0,629960525  |0,500000000
5 0,757858283 0,574349177  |0,435275282
6 0,723634619 0,523647061  |0,378929142
7 0,690956440 0,477420802  |0,329876978
8 0,659753955 0,435275282  |0,287174589
9 0,629960525 0,396850263  |0,250000000
10 0,601512518 0,361817309  |0,217637641
11 0,574349177 0,329876978 0,189464571
12 0,548412490 0,300756259  |0,164938489
13 0,523647061 0,274206245 0,143587294
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spxattencod binindex
0 1 2
14 0,500000000 0,250000000  |0,125000000
15 0,477420802 0,227930622  |0,108818820
16 0,455861244 0,207809474  |0,094732285
17 0,435275282 0,189464571  |0,082469244
18 0,415618948 0,172739110  |0,071793647
19 0,396850263 0,157490131  |0,062500000
20 0,378929142 0,143587294  |0,054409410
21 0,361817309 0,130911765  |0,047366143
22 0,345478220 0,119355200  |0,041234622
23 0,329876978 0,108818820  |0,035896824
24 0,314980262 0,099212566  |0,031250000
25 0,300756259 0,090454327  |0,027204705
26 0,287174589 0,082469244  0,023683071
27 0,274206245 0,075189065  |0,020617311
28 0,261823531 0,068551561  |0,017948412
29 0,250000000 0,062500000  |0,015625000
30 0,238710401 0,056982656  |0,013602353
31 0,227930622 0,051952369  |0,011841536

E.2.6.4.2.4 Noise scaling and transform coefficient blending calculation

In order to properly blend the trandated transform coefficients with pseudo-random noise, the noise components for
each band shall be scaled to match the energy of the translated transform coefficientsin the band. The energy matching
can be achieved by scaling al the noise components in a given band by the RMS energy of the translated transform
coefficientsin that band, provided the noise components are generated by a zero-mean, unity-variance noise generator.
Once the zero-mean, unity-variance noise components for each band have been scaled by the RM S energy for that band,
the scaled noise components can be blended with the translated transform coefficients.

The following pseudo code indicates how the trandated transform coefficients and pseudo-random noise for a channel
[ch] are blended. The function noise() returns a pseudo-random number generated from a zero-mean, unity-variance
noise generator.

Pseudo Code

spxmant = spxbandt abl e[ spx_begi n_subbnd] ;
for (bnd = 0; bnd < nspxbnds; bnd++)

{

bandsi ze = spxbndszt ab[ bnd] ;
nscal e = rnsenergy[ch][bnd] * nblendfact[ch][bnd];
sscal e = sblendfact[ch][bnd];
for (bin = 0; bin < bandsize; bin++)
{
tctenp = tc[ch][spxmant]
ntenp = noise();
tc[ch][spxmant] = tctenp * sscale + ntenp * nscale
spxmant ++
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E.2.6.4.3 Blended transform coefficient scaling

The final step of the high frequency transform coefficient synthesis process is blended transform coefficient scaling. In
this step, blended transform coefficients are scaled by the spectral extension coordinates to form the final synthesized
high frequency transform coefficients. After this step, the banded energy of the synthesized high frequency transform
coefficients should match the banded energy of the high frequency transform coefficients of the original signal.

The blended transform coefficient scaling process for channel [ch] is shown in the following pseudo code.

Pseudo Code
spxmant = spxbandt abl e[ spx_begi n_subbnd] ;

for (bnd = 0; bnd < nspxbnds; bnd++)
{
bandsi ze = spxbndszt ab[ bnd] ;
spxcotenp = spxco[ ch][bnd];
for (bin = 0; bin < bandsize; bin++)
{
tctenp = tc[ch][spxmant];
tc[ch][spxmant] = tctenp * spxcotenp * 32;
spxmant ++;

E.2.7 Transient pre-noise processing

E.2.7.0 Introduction

Transient pre-noise processing is an audio coding improvement technique that reduces the duration of pre-noise
introduced by low-bit rate audio coding of transient material. A detailed description of transient pre-noise processing
follows.

E.2.7.1 Overview

When transient pre-noise processing is used, decoded PCM audio located prior to transient material is used to overwrite
the transient pre-noise, thereby improving the perceived quality of low-bit rate audio coded transient material. To

enable the decoder to efficiently perform transient pre-noise processing with minimal decoding complexity, transient
location detection and time scaling synthesis analysis is performed by the encoder and the information transmitted to the
decoder. The encoder performs transient pre-noise processing for each full bandwidth audio channel and transmits the
information once per audio frame. The transmitted transient location and time scaling synthesis information are relative
to the first decoded PCM sample contained in the audio frame containing the bit stream information. It should be noted
that it is possible for the time scaling synthesis parameters contained in audio frame N, to reference PCM samples and
transients located in audio frame N+1, but this does not create a requirement for multi-frame decoding.

E.2.7.2 Application of transient pre-noise processing data

The bit stream syntax and high level description of the transient pre-noise parameters contained in the audio frame field
areoutlined in clauses E.1.2.3 and E.1.3.2, respectively. The parameter transproce indicates whether any of the full
bandwidth channelsin the current audio frame have associated transient pre-noise time scaling synthesis processing
information. If transproceis set to avalue of "1", then the parameter chintransproc[ch] can be set for each full
bandwidth channel. For each full bandwidth channel where chintransproc[ch] is set to avalue of "1", the transient
location parameter transprocloc[ch] and time scaling length parameter transproclen[ch] are each set to values that
have been calculated by the encoder.
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Figure E.2.2 provides an overview of how the transient pre-noise parameters that are computed and transmitted by the
encoder are applied in the decoder. As shown in Figure E.2.2 &), the parameter transprocloc[ch] identifies the location
of the transient relative to the first sample of decoded PCM channel datain the audio frame that contains the transient
pre-noise processing parameters. As defined, transprocloc[ch] has four sample resolution to reduce the data rate
required to transmit the transient location and shall be multiplied by 4 to get the location of the transient in samples. As
also shown in Figure E.2.2 @), the parameter transproclen[ch] provides the time scaling length, in samples, relative to
the leading edge of the audio coding block prior to the block in which the transient is located. As shown in

Figure E.2.2 b), the location of the leading edge of the audio coding block prior to the block containing the transient
indicates the start of the transient pre-noise. The start of the previous audio coding block and location of the transient
provide the total length of the transient pre-noise in samples, PN. As part of the normal decoding operation, the decoder
inherently knows the starting location of the audio coding block that contains the transient and this does not need to be
transmitted.

Decoded PCM Audio

4*transprocloc[ch] samples

A
\

transproclen[ch]
a) samples
L First PCM sample Audio coding bIockQA L Location of
from Decoded frame leading edge Transient
b) Synthesis buffer = (2*TC1 + PN samples)
L First PCM sample Audio coding block J L Location of
from Decoded frame leading edge > Transient
Pre-noise =
PN samples
-«—transproclen[ch][+PN+TC1—»
0) %' Synthesis buffer %
L First PCM sample ITC1I TI CZI
from Decoded frame samples samples

Figure E.2.2: Transient pre-noise time scaling synthesis summary

Also shown in Figure E.2.2 b) is how the time scaling synthesis audio buffer, which is used to modify the transient
pre-noise, is defined relative to the decoded audio frame. The time scaling synthesis buffer is (2 x TC1 + PN) PCM
samplesin length, where TC1 is atime scaling synthesis system parameter equal to 256 samples. The first sample of the
time scaling synthesis buffer islocated (2 x TC1 + 2 x PN) samples before the location of the transient.

Figure E.2.2 c) outlines how the time scaling synthesis buffer is used along with the transproclen[ch] parameter to
remove the transient pre-noise. As shown in Figure E.2.2 c) the original decoded audio datais cross-faded with the time
scaling synthesis buffer starting at the sample located (PN + TC1 + transproclen[ch]) samples before the location of
the transient. The length of the cross-fade is TC1 or 256 samples. Nearly any pair of constant amplitude cross-fade
windows may be used to perform the overlap-add between the original data and the synthesis buffer, although standard
Hanning windows have been shown to provide good results. The time scaling synthesis buffer is then used to overwrite
the decoded PCM audio data that is located before the transient, including the transient pre-noise. This overwriting
continues until TC2 samples before the transient where TC2 is another time scaling synthesis system parameter equal to
128 samples. At TC2 samples before the transient, the time scaling synthesis audio buffer is cross-faded with the
original decoded PCM data using a set of constant amplitude cross-fade windows.

The following pseudo code outlines how to implement the transient pre-noise time scaling synthesis functionality in the
decoder for asingle full bandwidth channel, [ch].
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Where:
win_fade outl = TC1 sample length cross-fade out window (unity to zero in value);
win_fade inl = TC1 sample length cross-fade in window (zero to unity in value);
win_fade out2 = TC2 sample length cross-fade out window (unity to zero in value);

win_fade in2 = TC2 sample length cross-fade in window (zero to unity in value).

Pseudo Code
/* unpack the transient |ocation relative to first decoded pcm sanple. */
transl oc = transprocl oc[ch];
/* unpack time scaling length relative to first decoded pcm sanple. */
translen = transproclen[ch];
/* conpute the transient pre-noise |ength using audio coding block first sanple,
aud_bl k_samp_l oc. */
pnlen = (transloc - aud_bl k_sanp_| oc);
/* conpute the total nunber of sanples corrected in the output buffer. */
tot_corr_len = (pnlen + translen + TC1);
/* create time scaling synthesis buffer from decoded output pcmbuffer, pcmout[ ]. */
for (sanmp = 0; sanp < (2*TCl + pnlen); sanp++)
synth_buf[sanp] = pcmout[(transloc - (2*tc + 2*pnlen) + sanmp)];
end
/* use time scaling synthesis buffer to overwite and correct pre-noise in output pcmbuffer. */
start_sanp = (transloc - tot_corr_len);
for (sanp = 0; sanp < TCl; sanp++)
{

pcmout[start_sanp + sanp] = (pcmout[start_sanp + sanp] * win_fade_outl[sanp]) +
(synth_buf[sanp] * wi n_fade_inl[sanp]);
}

for (sanp = TCl; sanp < (tot_corr_len - TC2); sanp++)
{
pcmout[start_sanp + sanp] = synth_buf[sanp];

for (sanp = (tot_corr_len - TC2); sanp < tot_corr_| en; sanp++)

pcmout[start_sanp + sanp] = (pcmout[start_sanp + sanp] * win_fade_in2[sanp]) +
(synth_buf[sanp] * wi n_fade_out 2[sanp]);

E.2.8 Channel and programme extensions

E.2.8.0 Introduction

The Enhanced AC-3 hit stream syntax allows for time-multiplexed substreams to be present in a single bit stream. By
allowing time-multiplexed substreams, the Enhanced AC-3 bit stream syntax enables a single programme with greater
than 5.1 channels, multiple programmes of up to 5.1 channels, or a mixture of programmes with up to 5.1 channels and
programmes with greater than 5.1 channels, to be carried in asingle bit stream.

E.2.8.1 Overview

An Enhanced AC-3 hit stream shall consist of at least one independently decodable stream (type O or 2). Optionally,
Enhanced AC-3 hit streams may consist of multiple independent substreams (type 0 or 2) or a combination of multiple
independent (type 0 and 2) and multiple dependent (type 1) substreams.

All Enhanced AC-3 decoders shall be able to decode independent substream 0, and skip over any additional
independent and dependent substreams present in the bit stream.

Optionally, Enhanced AC-3 decoders may use the information present in the acmod, Ifeon, strmtyp, substreamid,
chanmape, and chanmap hit stream parameters to decode bit streams with a single programme with greater than
5.1 channels, multiple programmes of up to 5.1 channels, or a mixture of programmes with up to 5.1 channels and
programmes with greater than 5.1 channels.
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E.2.8.2 Decoding a single programme with greater than 5.1 channels

When a bit stream contains a single programme with greater than 5.1 channels, independent substream 0 contains a

5.1 channel downmix of the programme for compatibility with playback systems containing 5.1 speakers. The audio in
independent substream 0 can also be downmixed for compatibility with playback systems with fewer than 5.1 speakers.
Decoders reproducing 5.1 or fewer channels from a programme containing greater than 5.1 channels shall decode only

independent substream 0 and skip all associated dependent substreams.

In order to accommodate playback by systems with greater than 5.1 speakers, the Enhanced AC-3 bit stream will carry
one or more dependent substreams that contain channel s that either replace or supplement the 5.1-channel audio data
carried in independent substream O.

Single I Program 1 - - Program 1 -
Program
Bit Stream with Independent Dependent S[)uebpsi:::mms Dependent Independent Dependent SDuebpset:ed:;ts Dependent
Greater than Substream 0 Substream 0 1to N-2 Substream N-1 Substream 0 Substream 0 1to N-2 Substream N-1
5.1 Channels (Data Frame n) (Data Frame n) to N- (Data Frame n) (Data Frame n+1) (Data Frame n+1) fo N- (Data Frame n+1)
(Data Frame n) (Data Frame n+1)

Figure E.2.3: Bit stream with a single programme of greater than 5.1 channels

If the chanmape parameter of a dependent substream is set to 0, then the acmod and Ifeon parameters of the dependent
substream are used to identify the channels present in the dependent substream, and the corresponding audio channelsin
the independent substream are overwritten with the dependent audio channel data. For example, if the dependent
substream uses acmod 1/0 (centre channel only) and has Ifeon set to 1, then the centre channel audio data carried in the
dependent stream will replace the centre channel audio data carried in the independent stream, and the L FE audio data
carried in the dependent stream will replace the LFE data carried in the independent stream.

If the chanmape parameter of a dependent substream is set to 1, then the chanmap parameter is used to determine the
channel mapping for al channels contained in the dependent stream. Each bit of the chanmap parameter corresponds to
aparticular channel location or pair of channel locations. Audio datais contained in the dependent substream for each
chanmap bit that is set to 1. The order of the coded channelsin the dependent substream is the same as the order of the
bits set to 1 in the chanmap parameter. For example, if the Left channel bit is set to 1 in the channel map field, then Left
channel audio datawill be contained in the first coded channel of datain the dependent substream. If channels are
present in the dependent substream that correspond to channels in the associated independent substream, then the
dependent substream data for those channel s replaces the independent substream data for the corresponding channels.
All channels present in the dependent substream that do not correspond to channels in the independent substream are
used to enable output for speaker configurations with greater than 5.1 channels.

The maximum number of channels rendered for a single programmeis 16.

E.2.8.3 Decoding multiple programmes with up to 5.1 channels

When an Enhanced AC-3 bit stream contai ns multiple independent substreams, each independent substream
corresponds to an independent audio programme. The application interface may inform the decoder which independent
audio programme should be decoded by selecting a specific independent substream ID. The decoder should then only
decode substreams with the desired independent substream ID, and skip over any other programmes present in the bit
stream with different substream ID's. The default programme sel ection should always be Programme 1.

In some cases, it may be desirable to decode multiple independent audio programmes. In these cases, the application
interface should inform the decoder which independent audio programmes to decode by selecting specific independent
substream ID's. The decoder should then decode all substreams with the desired independent substream ID's, and skip
over any other programmes present in the bit stream with different substream ID's.

Multi-program Program 1 Program 2 Programs 3 to N-1 Program N Program 1 Program 2 Programs 3 to N-1 Program N
Bit St ith
it Stream wi Independent Independent Independent Independent Independent Independent Independent Independent
Programs of up Substream 1 Substreams Substreams
to 5.1 channels Substream 0 2o N-2 Substream N-1 Substream 0 Substream 1 2o N-2 Substream N-1
: (Data Frame n) (Data Frame n) (Data Frame n) (Data Frame n+1) (Data Frame n+1) (Data Frame n+1)
(Data Frame n) (Data Frame n+1)

Figure E.2.4: Bit stream with multiple programmes of up to 5.1 channels
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E.2.8.4 Decoding a mixture of programmes with up to 5.1 channels and
programmes with greater than 5.1 channels

When an Enhanced AC-3 bit stream contai ns multiple independent and dependent substreams, each independent
substream and its associated dependent substreams correspond to an independent audio programme. The application
interface may inform the decoder which independent audio programme should be decoded by selecting a specific
independent substream ID. The decoder should then only decode the desired independent substream and all its
associated dependent substreams, and skip over al other independent substreams and their associated dependent
substreams. If the selected independent audio programme contains greater than 5.1 channels, the decoder should decode
the selected independent audio programme as explained in clause E.2.8.2. The default programme selection should
always be Programme 1.

In some cases, it may be desirable to decode multiple independent audio programmes. In these cases, the application
interface should inform the decoder which independent audio programmes to decode by selecting specific independent
substream ID's. The decoder should then decode the desired independent substreams and their associated dependent
substreams, and skip over al other independent substreams and associated dependent substreams present in the bit
Stream.

Program 1 Program 2 » Program 1 Program 2

Multi-program
preg (<=5.1 channels) (>5.1 channels) (<=5.1 channels) (>5.1 channels)

Bit Stream with mixture of
up to 5.1 channel program Independent Independent Dependent Dependent Independent Independent Dependent Dependent
and greater than 5.1 Substream 0 Substream 1 Substream 0 Substream 1 Substream 0 Substream 1 Substream 0 Substream 1

channel program (Data Frame n) (Data Frame n) (Data Frame n) (Data Frame n) (Data Frame n+1) (Data Frame n+1) (Data Frame n+1) (Data Frame n+1)

R

Figure E.2.5: Bit stream with mixture of programmes of up to 5.1 channels
and programmes of greater than 5.1 channels

E.2.8.5 Dynamic range compression for programmes containing greater
than 5.1 channels

A programme using channel extensionsto convey greater than 5.1 channels may require two different sets of compr
and dynrng metadata words: one set for the 5.1-channel downmix carried by independent substream 0 and a separate
set for the complete (greater than 5.1 channel) mix. If a decoder is reproducing the complete mix, the compr and
dynrng metadata words carried in independent substream O shall be ignored. The decoder shall instead use the compr
and dynrng metadata words carried by the associated dependent substream. If multiple associated dependent
substreams are present, only the last dependent substream may carry compr and dynrng metadata words, and these
metadata words shall apply to all substreamsin the programme, including the independent substream.

The compre bit is used by the decoder to determine which dependent substream in a programme is the last dependent
substream of the programme. Therefore, the compre bit in the last dependent substream of a programme shall be set
to 1, and the compre bit in al other dependent substreams of the programme shall be set to 0. Additionally, the
compr2e, dynrnge, and dynrng2e bitsfor al but the last dependent substream of a programme shall be set to 0. The
compr2e, dynrnge, and dynrng2e bits for the last dependent substream shall be set as required to transmit the proper
compr2, dynrng, and dynrng2 words for the programme.

Note that the compr2e, compr2, dynrng2e, and dynrng2 metadata words are only present in the bit stream when
acmod =0.

E.2.9 LFE downmixing decoder description

For decoders with only 2-channel or mono outputs, where a dedicated L FE/Subwoofer output is not available,
Enhanced AC-3 enables the LFE channel audio to be mixed into the Left and Right channels at alevel indicated by the
Ifemixcodlev bit stream parameter.

LFE downmixing shall occur only if the Ifemixlevcod parameter is present in the bit stream and the decoder is
operating in 1/0 (C only) or 2/0 (L/R) output modes with the LFE channel output disabled. For all other output modes,
the Ifemixlevcod parameter, if present, shall be ignored. Note that Ifemixlevcode shall be assumed to be O whenitis
not transmitted in the bit stream. For the 1/0 case, the decoder should perform a standard 2/0 downmix with the LFE
mixed into the Left and Right channels, followed by a subsequent mix of the L/R channels to amono C channel. The
following pseudo code indicates how the decoder should perform the LFE downmix.
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Pseudo Code
if (output node == 1/0 or 2/0) && (| feoutput == disabled) && (Ifem x|l evcode == 1))
{

mx LFE into left with (LFE mix level - 4,5) dB gain
mx LFE into right with (LFE mix level - 4,5) dB gain

}
if (output node == 1/0)

mx left into centre with -6 dB gain
mx right into centre with -6 dB gain

E.2.10 Control of Programme Mixing

E.2.10.1 Overview

The Enhanced AC-3 bitstream syntax includes parameters that can be used to control the mixing of two audio programs
after simultaneous decoding by a device containing an Enhanced AC-3 decoder. Typically these two programs are (1) a
main audio component, which contains the majority of the audio and is sufficiently complete that it can be decoded on
its own to deliver afull audio presentation to the listener, and (2) an associated audio component, which contains
supplementary audio content (for example a commentary or video description track) that is intended to be combined
with the main audio service before presentation to the listener.

These services should be delivered using one of the two following methods:

1) Astwo separate Enhanced AC-3 streams (with one programme carried in independent substream O of the first
Enhanced AC-3 stream and the second carried in independent substream O of the second stream).

2) Asasingle Enhanced AC-3 stream with two (or more) independent substreams.

If case number 2 is used, then the main audio component shall be carried in independent substream 0 and dependent
substreams associated with independent substream O, if any; and the associated audio component shall be carried in an
independent substream with a non-zero substreamid value.

The mixing metadata parameters are carried within the Bit Stream Information (BSI) field of each Enhanced AC-3
syncframe, and are defined in clause E.1.2.2 and clause E.1.3.1. The following clauses provide information on the
intended usage of each mixing metadata parameter when control of a mixing processis required.

E.2.10.2 pgmscl

The pgmscl (programme scal e factor) parameter is defined in clause E.1.3.1.13. This parameter specifiesagain value
used to adjust the level of audio service that is being carried in the same substream as the pgmscl parameter. For
example, if the pgmscl parameter is present in independent substream 0 of an Enhanced AC-3 stream that is carrying a
main audio service, and the pgmscl parameter specifiesagain of -3 dB, all audio channels of the main audio service
carried in independent substream O will be attenuated by 3 dB during the mixing process.

E.2.10.3 extpgmscl

The extpgmscl (external programme scale factor) parameter is defined in clause E.1.3.1.17. This parameter specifiesa
gain value used to adjust the level of an audio service that is being carried in a different Enhanced AC-3 bitstream or
substream from the bitstream or substream that contains the extpgmscl parameter. For example, if independent
substream 1 of an Enhanced AC-3 stream that is carrying an associated audio service contains extpgmscl data that
specifies again value of -10 dB, and independent substream O of the same Enhanced AC-3 stream contains the main
audio service, al audio channels of the main audio service carried in independent substream O will be attenuated by

10 dB during the mixing process.
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E.2.10.4 mixdef

The mixdef (mix control field length) parameter is defined in clause E.1.3.1.18. This parameter defines the length of the
mixdata field, which is avariable length container used to store a range of mixing metadata parameters that supplement
the pgmscl, extpgmscl and panmean parameters, providing additional control of the mixing process.

When the mixdef parameter is set to '00', the mixdata field is not present in the syncframe, and only the pgmscl,
extpgmscl and panmean parameters may be present in the Enhanced AC-3 syncframe.

When the mixdef parameter is set to '01', the mixdata field is 5 bits long, and contains the premixcmpsel, drcsrc and
premixcmpscl parameters. These parameters were originally defined to enable dynamic range compression to be
applied to the main audio service as part of the mixing process, but this functionality is not supported by the Enhanced
AC-3 mixing model, so these parameters should be set to the values that are recommended in clause E.1.3.1 by the
encoder.

When the mixdef parameter is set to '11', the mixdata field can be between 2 and 33 bytes long, and the actual length
of the mixdata field is defined by the mixdeflen parameter.

E.2.10.5 mixdeflen

When the mixdef parameter is set to '11', the mixdeflen parameter specifies the length of the mixdata field in bytes.
The range of the mixdeflen parameter is 0 to 31, which specifies a mixdata field length of between 2 and 33 bytesin
one byte increments. In this case, the mixdata field is required, at a minimum, to contain the mixdeflen, mixdata2e
and mixdata3e parameters, and if the mixdata2e and mixdata3e flags are set to '0', the remaining bitsin mixdata are
required to be set to '0'.

E.2.10.6 mixdata2e

The mixdata2e flag is set to '1' when an additional set of mixing metadata parametersisincluded in the syncframe.
These parameters enable control over individual channels of an external programme.

E.2.10.7 extpgm(X)scl

Up to eight individual channel scaling parameters (extpgmXscl, where X isl, c, r, Is, rs, Ife, aux1 or aux2) are
available to adjust the level of each individual channel in an external programme containing up to 7.1 channels. These
parameters are defined in clauses:

. E.1.3.1.26
. E.1.3.1.28
. E.1.3.1.30
. E.1.3.1.32
. E.1.3.1.34
. E.1.3.1.36
. E.1.3.1.41
. E.1.3.1.43

The parameters are named to match the corresponding channels - e.g. extpgmlscl adjusts the gain of the left channel of
the programme, and extpgmrsscl adjusts the level of the right surround channel of the external programme.

The extpgmaux1scl and extpgmaux2scl parameters are used to adjust the level of channels with channel locations
that can be specified only by using the chanmap parameter (e.g. the Vhe channel). The use of "auxiliary" rather than
assigning fixed channel location labelsis because Enhanced AC-3 can assign a number of different channel locations to
these coded channels through use of the chanmap parameter. Up to two of these auxiliary channels may be present in a
programme.
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The gain indicated by each of the individual channel scaling parameters is combined with the gain indicated by the
extpgmscl parameter (which appliesto all channels) to specify the total gain that isto be applied to that channel of the
external programme. For example, if independent substream 1 of an Enhanced AC-3 stream that is carrying an
associated audio service contains extpgmscl data that specifies again value of -10 dB, and also contains extpgmlsscl
data that specifiesagain value of -10 dB, and independent substream O of the same Enhanced AC-3 stream contains the
main audio service, al audio channels of the main audio service carried in independent substream O will be attenuated
by 10 dB during the mixing process (as specified by the value of extpgmscl), and the |eft surround channel of the main
audio service will be attenuated by afurther 10 dB (as specified by the value of extpgmlsscl).

E.2.10.8 dmixscl

When a multichannel audio programme is downmixed to 2 channels within the Enhanced AC-3 decoder, it is no longer
possible to apply the individual channel scaling parameters to each individual channel of the multichannel audio
programme in the mixer as these channels have been combined during the downmixing process. In this situation it may
still be desirable to apply additional attenuation to the downmixed audio that is output by the Enhanced AC-3 decoder,
and the dmixscl parameter is used for this purpose. Similarly to the individual channel scaling parameters, the gain
indicated by the dmixscl parameter is combined with the gain indicated by the extpgmscl parameter to specify the total
gain that is to be applied to the downmixed multichannel audio programme. The dmixscl parameter should only be used
when a multichannel audio programme has been downmixed to 2 channels within the Enhanced AC-3 decoder,
preventing the use of individual channel scaling parameters. If the individual channels of the multichannel audio
programme are available to the mixer, then the individual channel scaling parameters are used, and the dmixscl
parameter should be ignored.

E.2.10.9 panmean

The panmean parameter allows a mono associated audio stream to be panned to any of the channels of the main audio
service. When the value of the panmean parameter is 0, this indicates the panned virtual source points toward the center
speaker location (defined as O degrees). The index indicates 1.5 degree increments in a clockwise rotation. Vaues 0

to 239 represent 0 to 358,5 degrees, while values 240 to 255 are reserved.

The proportion of associated audio in each channel of the main audio is dependent on the output configuration of the
main audio decoder, and the number of channelsin the main audio service.

For mixing a mono associated audio service with a stereo (or downmixed) main audio service, the associated audio
service is split into two channels, AL and Ar, to be mixed with the Left and Right channels of the main audio
respectively. Table E.2.13 shows, for each value of panmean, the scale factorsto be applied to A and Ag prior to
mixing with the corresponding main audio channel.

Table E.2.13: Associated Audio scale factors for stereo output panning

panmean A, scale factor Ag scale factor
range
0-19 5 7 (panmean + 20) _din 7 (panmean + 20)
2 40 2 40
20-99 |0 1
100 - 139 . [ 7 (panmean —100) 7 (panmean —100) |
—snl £ =Cos| —
2 40 2 40 |
140-219 |1 0
220 - 239 7 (panmean — 220) . [ 7 (panmean — 220)]
= cos — =sin| =
2 40 2 40 |

For mixing a mono associated audio service with a’5.1-channel main audio service, the associated audio serviceis split
into five channels (the LFE channel is not included), AL, Ac, Ar, ALs and Ags, to be mixed with the Left, Center, Right,
Left Surround and Right Surround channels of the main audio respectively. Table E.2.14 shows the scale factors to be
applied to AL, Ac and Ar prior to mixing with the corresponding main audio channel for each value of panmean.

Table E.2.15 shows the scale factor to be applied to A s and Ars, prior to mixing with the corresponding main audio
channel for each value of panmean.
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Table E.2.14: Associated Audio scale factors for 5.1-channel output panning:

L, C, and R channels

panmean A scale factor A scale factor Ap scale factor
value
0-19 |0 7 panmean . [ 7 panmean
=COS§ —————— =sn —-————
20 2 20
20-72 |0 0 7 (panmean — 20)
= Cos| —
2 53
73-166 |0 0 0
2 53
220-239 7 (panmean — 220) . [ 7 (panmean — 220)1 |°
= Cos| — =gn|—
2 20 2 20

Table E.2.15: Associated Audio scale factors for 5.1-channel output panning: Ls and Rs channels

panmean A g scale factor Agg scale factor
value
0-19 |0 0
20-72 10 _dnl ® (panmean — 20)
2 53
73-166 _ —
_dnl ® (panmean -73)| | _ cod % (panmean — 73)
2 94 2 94
167219 | [z panmean -167 | [0
2 53
220-239 |0 0

E.3  AHT vector quantization tables
Table E.3.1: VQ table for hebap 1 (16-bit two's complement)

index | vallindex][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) |complement) | complement) complement)

0 0x1bff 0x1283 0x0452 0x10ad 0x28ac 0x12d4

1 0xe9ba 0xf38d 0xc76d 0xfa90 0xf815 0x0351

2 0x0279 0x1837 0x1b61 Oxcel5 0xf6fe 0xf5b4

3 0xfa44 0xe489 0x1da8 0x2979 0xe8c6 0xf40a

Table E.3.2: VQ table for hebap 2 (16-bit two's complement)

index | val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) |complement) | complement) complement)

0 0xd0d7 0x0260 0xe495 0x024e 0x0fa0 0x0365

1 0x1la24 0x3d49 Oxe7de Oxdbe9 0xffb6 0x0085

2 0x073f 0xfc23 0x5074 0xf498 Oxee85 0x00el

3 0xfb56 0xfoc3 Oxfccb Oxe65a 0xfc95 0xb0b6

4 0xf536 0xf393 0xf002 Oxea09 Oxbdcf 0x2625

5 0x060b Oxlab? 0x07bc 0x4f09 Oxfbd1 Oxec86

6 0x184d Oxba05 Oxea74 0x187a 0x0166 0x048a

7 0x0ea9 0xfbd6 0x10bb 0xf365 0x3e38 0x27ca
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Table E.3.3: VQ table for hebap 3 (16-bit two's complement)

index | val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) |complement) | complement) complement)
0 0xd8d4 0x512b 0Ox2aeb Oxee30 0x031le Oxffbc
1 0x2b2a 0x500a 0xe627 Oxeb22 0xf8fb 0xf9al
2 0x0f89 Oxfde2 Ox1lbce 0xfb72 0x499¢ 0x3956
3 0xef20 0xffa0 0xe381 Oxfel4d Oxa9de Oxefdb
4 0x0a84 0x16€e0 0x159a 0x5566 Oxe3d4 0xeb33
5 Oxff79 Oxadal 0x03c2 0x1fb3 0xfd7c 0x017e
6 0xfoe5 0x0d48 0xf31d 0x1255 0xe514 0x577e
7 0x0dcf 0x0bd6 0x1c80 0x1846 Ox4ffc 0xdObd
8 0x0039 0xe559 0x0738 0xa8b3 Oxe8el Oxlaa7
9 Oxfcch 0xf1b9 Oxfe7d 0xe793 0xf939 0xa89b
10 0xe862 0x0632 0xb636 0xc7c8 0x23fe 0x02cl
11 Oxe9ac 0x0108 0xb9d4 0x391a Oxlefl Oxfeaf
12 0xffo92 0x006¢ 0x0008 0x004a Oxffa7 Oxffce
13 0x19d4 Oxfal3 0x54b7 0xf986 0xe0f3 0xffOa
14 0x54a3 Oxe741 0xdf9e 0xffob Oxfabb Oxffea
15 OxaaOd Oxe6b4 0x1f26 0x0288 0x0806 Oxfeb5
Table E.3.4: VQ table for hebap 4 (16-bit two's complement)
index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)
0 0x5903 0x15c0 0xe9e6 0xff64 0xfe06 Oxffdf
1 0x19ec OxeeOf 0x375d Oxbc6f 0xbf75 0x0360
2 0x0Oeda 0x580¢ 0x0068 0xf91d Oxffac 0x0006
3 0x544c 0Oxba69 0xe38e 0xfod9 0xf7e2 OxfecO
4 Oxf747 0x2721 0xf558 Ox3aba Oxcab8 0xbb05
5 0xfoe4 Oxbab6 0xb527 0x35a7 0x0ach 0x0b87
6 0x11a8 0x1586 Oxlcel Ox2a2f 0x4bi1f 0xca36
7 0x018f 0x0ba0 0xfbb5 0x1395 0xfb79 0x564f
8 0x0e28 0xf6c9 0x1248 0xf742 0x58ae 0x0eb5
9 0xef97 Oxdfa3 0xe566 Oxcf9a 0xb812 0x3cl6
10 Oxebb2 0xe52b 0xd8cl 0xdf54 Oxcl6a Oxafae
11 Oxff72 0xa771 0xfe90 0x1127 0xfe30 Oxfff3
12 0x032e Oxfba2 Oxfbbf Oxa9fd 0x004a 0x0611
13 0xf9ae 0x4b16 0xbb16 Oxcb4e 0x034a Oxféfb
14 0x1251 0x406a 0x514d 0xc3e5 Oxefbc 0xf080
15 0xf314 Ox2bce Oxcbla 0x351f 0xb3ef 0x35ca
16 0x0719 0x0356 0x52e9 Oxfc3a 0xf995 Oxfef4
17 0xf5e5 0xffo95 0xb146 0x0178 0x0496 OxfedO
18 0xf499 0x01c5 Oxeaf2 0x02ee Oxa9ee Oxfc2e
19 0xb5bc 0x41c7 0x2710 0xf204 0x08a3 0x05b3
20 0x0553 0xf59e Oxffdf 0xf01d 0x048d Oxaalf
21 0xde70 0xf538 0xbb90 Oxc18f 0x3a31 0x052b
22 0x028c 0Oxdb8d 0x0cbh5 0xc6e2 0x2f95 Ox4cec
23 0xe727 0x168d 0xc3dd 0x438b 0x40ce 0xf496
24 0Oxfdéb Oxfda7 0x0649 0x5852 0x03e0 Oxfbeb
25 0x1361 0x2393 0x2bd9 0x1e95 0x3fcO 0x48c3
26 0xaa90 Oxfa67 0x008a 0x05be 0xf89d Oxff3c
27 0xb3d5 0xb8e5 0x2b30 Oxfdfc 0x09ef 0xf737
28 0xfb54 Oxbb5a 0x4eb6 0x2cc6 Oxfe6f 0x0a3b
29 Ox121le 0xe026 0x2e73 0xc271 Ox44cf 0xc595
30 Oxffad 0x0116 0x0143 0x0037 0xff66 0x00e8
31 0Oxle6¢c 0x05b6 0x47db 0x3bc0 0xc26d 0xfb95
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Table E.3.5: VQ table for hebap 5 (16-bit two's complement)

index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)
0 0xf2be Oxb2ee 0x0b93 0x2576 0x1234 0x4cd9
1 0Oxc2cf 0Oxe6fb 0x4507 0x0f14 0xdfd8 0xb41b
2 0x1173 0x019¢ Oxba2f 0xe09b 0x02b3 0xbc65
3 0x0dfc 0x093b Oxlae6 0x0eb3 0x18eb Oxafd6
4 0xbcbh2 0xc8ch Oxfa8c Oxa27d 0x20b5 0xcfo7
5 0xe077 Oxac23 Oxc2ea 0x0c8e Ox1fa9 0xe8b3
6 0x10f7 0x1431 0x0a7b Oxbeda Oxebe6 0xbf52
7 0x18cc 0xd654 0x32c3 0x9c64 0xa9b6 0x0ffb
8 0xf4cO 0xdf52 0xe8b0 Oxbcfa 0xf5b2 0x5a5c¢
9 Oxecl9 0xc837 0xa89d 0x54ed 0x0e69 0x0b91
10 0xf675 Oxbab5 0x6243 0x0a93 0x063a 0x0007
11 0xb835 0x2332 0x10ae 0x02db 0xfe56 0xfd80
12 0xa371 0x609¢ 0x160a 0x0264 Oxfecc 0xfc3c
13 0xfd01 0x04f4 0x00el 0x0663 0x00ad 0x0394
14 0x154f 0x195d 0x1326 0x2940 0x5a01 0xbdOc
15 0x4343 Oxadc2 0xb6e4 0x1348 0xf2a4 0x0d1d
16 0xfa92 0x3¢c80 Oxaa46 Oxc6ed 0x053b 0x021e
17 0Oxe52e 0xf732 0xdOda 0xf3fd 0xb1f3 Oxaf72
18 0xf8f5 0x2dff 0x053f 0x22d5 0x02b5 0x5fb1
19 0xab96 0x24f6 0x1249 0x2426 0xel79 0x3e20
20 Oxead9 0xf436 Oxdc2f Oxfabd Oxa7ed 0x3244
21 0xfe92 0x13d4 0xfo41 Ox4fcbh Oxfee5 0xf495
22 0xf8a2 0xe757 0xfc55 Oxf7df 0xfa89 0x0db9
23 0xf3a7 Oxfde7 Oxec2d 0x2c04 0x4bc4 0x03dd
24 0x0929 0x1039 0x1689 Oxef4f 0x00e9 Oxfe71
25 Oxaa7a Oxfb8e 0Oxbfa6 0x170e 0x1570 0xf375
26 0x2717 0OxcfOe 0x498d 0x51c4 0xfb7a 0x06fe
27 0xfb73 0x1396 0xfb51 0x190f Oxdfle Oxadd?2
28 0x0764 0xf232 0x0ee7 0xe92a 0x402b 0x4f40
29 0xf598 0xd295 Oxefcd 0xb879 Oxa74a 0x3a00
30 0x4368 0x28b3 0x1e54 0x2f08 0x4a0c 0x09dd
31 Oxac55 0xb703 0xd56f 0x1110 0xe475 0x11bb
32 0xfada 0x0802 0x1680 0x60b4 0x3e6f 0x450e
33 Oxfde6 Oxa6ad 0x2b3b 0x283d 0x0181 0x0210
34 Oxdeef Oxf42f 0xc0lb 0xa53b 0x406b 0x0e46
35 0x16d0 0x023f 0x2e72 0x079b 0x6245 0x19fd
36 0x19el 0xf244 0xf854 0x0f0a Oxfe7a Oxff8c
37 0x4655 0x5l1a4 0x37f3 0xe23b 0xd556 Ox2ela
38 0xed07 0xf48c Oxcbea 0xel79 0x5476 0x08db
39 Oxfdbd 0xdb29 0Oxfd14 Oxacbh7 0x304f 0x2049
40 0xdf83 0x055f 0xba49 0x0b69 0x2366 0x561e
41 0x47de 0x21bb Oxfa21 0xf68e 0xb889 0xc672
42 0xf455 0x3b19 Oxf2fd 0x571c 0x3636 Oxcab9
43 0x16f2 Oxb5ae 0x3ce3 0x2c56 Oxaefe 0x07b3
44 0x062d Oxe4d5 Oxac40 0x0997 0x0041 0x019e
45 0x0203 Oxee8c 0xfd67 OxedcO 0x007d Oxbdea
46 0x53f7 0xb0b3 0xf8b0 0xf87a Oxff2d 0xfc02
47 0x1445 0xd026 0xf911 0xa402 Oxee3e 0x16b5
48 0x0141 0xe745 0x3936 0x1b3f 0xf913 0x0363
49 OxcaOa 0x0c6e Ox1ef7 0x01bc 0x4c60 0x0c4a
50 0xe5fc 0x2fdc 0xf84c 0x4400 0xal28 0xcd64
51 0xfd17 0x3814 Oxfbad 0x5che Oxda61 0xb858
52 0x476¢c Oxellb 0xe295 Ox4aae 0x1e29 Oxce8d
53 0x0786 0Ox3afd Oxcdd0 0x0869 0x547f 0x0748
54 Oxf7ae 0x5b78 0x42a0 0xc313 0xfofg8 0x0057
55 0x207a 0xd1dO0 0x38f5 Oxaf91l Oxled3 0xf7cd
56 0x4c90 0x591e 0xbc68 0xf808 0x011d 0xf0e9
57 Oxdfea 0Oxb86e 0x29e4 Oxca50 0xch63 0xf97e
58 0x380f 0x1310 0xblbe 0x03c4 0xef83 Oxffdc
59 0x9fea 0xbf05 0x4d0c 0x1725 0x12a9 0x113e
60 0xf641 0x5bch 0xc0f3 0x0b66 Oxfbf2 0xf826
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index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)

61 Ox4ale 0xf614 0x341f 0x057d Oxe7ce 0xfb90
62 0x09b9 0x3566 0x586e 0xe371 Oxff7f 0xf518
63 0xc976 0x4187 0x59e4 0x02d8 0x0d45 0x00a2
64 0x0bde 0x03el 0x2246 Oxaa2f Oxe62f 0x038e
65 0xcf64 0xa88e 0xf5be Oxeb51 0x4c40 0x2690
66 0xf889 0xb89e 0xb7b6 0xc58e 0x1298 Ox1bcf
67 0x206a 0xf45e 0x651e Oxldec 0xel27 0x03fc
68 0x17f4 0x3b17 0x4945 OxaOce 0xe67f Oxe61d
69 Oxlef4 0x2f5d 0xdbOd 0xa266 0x157e 0x03a9
70 0xbd60 0xeb03 0x09da 0x0147 0x0469 Oxfe7a
71 0x3d9e 0x4df3 0xd774 Ox2ba4 0xf3dd 0x3a05
72 0xd180 0xe065 0xb9f8 Oxa8fl Oxbcab 0xe56d
73 Oxcdc2 0xf784 0xe693 0x1727 0x30aa Oxa8ad
74 OxfeOf 0x0142 0x040e 0xe60d Oxeae4 0x4f57
75 0x043b 0xa638 Oxded?2 0x2f62 0xfd06 0x0a3f
76 0x13cb 0x4d00 0xf893 Oxffe2 Oxfebb 0x0055
77 0x03db 0xe93a 0x1074 Oxdcbha 0x23al 0x9e32
78 Oxel44 Ox1c74 Oxcffc 0x3272 Oxaba8 0x51cd
79 0xf9a2 Oxelf2 0xf775 Oxdeb3 Oxealc 0x9d94
80 0xe5f4 0x0184 Oxa7f9 0x05f6 0x237a 0x00c1
81 0xel45 Oxa8dc 0x142b 0x016a 0x03b0 Oxfefd

82 0x0ef0 0xd1b6 Oxlda7 0xa578 0x62fe 0x5cdb
83 0xd6f8 0x101b Oxad89 0x52b5 0x57a7 Oxfcha
84 Oxed8d 0x5523 0x1828 0xff86 0x066a 0xfd33
85 0x5fh8 Ox4daf 0xf805 0x03da 0x0007 0xffc9

86 0x954f 0xff79 0x0985 0x0103 0x0059 0x0133
87 0x5f7e 0xfodf Oxeafl Oxfccc Oxféad 0x0169
88 0x1599 0x1698 0x48fa 0x00f2 Oxaa78 0xf05d

89 0x5720 0x1183 0x02d2 0xd02e 0x1d92 0x3c58
90 0x21el 0x0bcl 0x4fd5 0x5274 0xad94 0xf3f8

91 0xfb94 0x0a91 Oxf8df 0x152¢ Oxfcef 0x4864
92 0x4224 0xch33 0xbf83 0xc5f6 0xb099 0xc873
93 0x08ab 0x0564 0x53e2 0xfb98 0x0147 0x0053
94 Oxf77f 0x540d 0xfOf0 0xc89c 0xff34 0xf771
95 0x03b9 Oxdb2e 0x3e02 0xd62a 0xf361 0x5226
96 Oxfe5b Oxfaof 0x0280 Oxdfdl Oxael0 0x087e
97 0x10d5 0x4852 Oxdc74 0xb871 0xc362 0x0e78
98 0xe8c9 0x01cl 0xdf3d 0x0433 0xa93e Oxec80
99 0x0b89 0x31f4 0x476d 0x0596 0x3a59 0x54e3
100 0xf49f 0x0191 Oxed7d 0xb177 0x06a3 0xfb85
101 0x0d79 0x1479 0x2295 0x5676 0xe285 0x05ab
102 0xf796 0x2188 0x46¢8 0xc302 0x4b77 0xe899
103 Ox0dad 0x0b19 0x1709 0x18fd 0x21b6 0x59ea
104 0x09a3 0x0b8c 0x017b 0x1647 Oxa9el 0xf773
105 Oxbdbd Oxfdae 0x4986 Oxeb51 0x0668 0x0306
106 0x0b50 Oxfa70 0x0e02 0xf70c 0x4dc6 0xf8e2
107 Oxb771 0x52e3 0xc94f Oxcee3 0x4052 0x027b
108 0xf832 0xb48e 0xbf71 0x2fb0 0xbf40 Oxel52
109 Oxda36 0x03f4 Oxab73 0x0b43 0Oxce58 0x0911
110 0xfc13 0x01d7 0xf1d3 0x1f6d 0xd4b1 0x63bd
111 0x102d 0Oxac20 Oxf58f 0x02f4 Oxfd69 Oxfdf5

112 0x195a 0x2153 0x4b59 0x4a05 0Ox17cc Oxdb7d
113 0x4245 0x6017 0x36¢c8 0x2758 Oxfde8 0xd73a
114 0xe02d 0x0861 0xa60c Oxbd4f 0x154b Oxeecf
115 0xche7 0x5028 0xb881 OxdaOb 0xd193 Oxbab59
116 0xf70e 0xc8d8 0x0816 0x57c3 0x0687 0x02d5
117 Oxdeab 0x3925 0x0dcl Oxafof Oxlall 0x2008
118 0x4f18 0x113a Oxfaaa Oxfdb7 0x04cd 0xf66f

119 0x1d2b Oxe414 0x3563 Oxdfca 0x5778 0xbc58
120 0xf874 0x0f23 0xdc98 Oxfllc 0x03be 0x0109
121 Oxeedl 0x0b8f 0xcl1d9 0x4c8e 0x135a Oxfbaf

122 0x4659 0xd93d 0xb927 OxfOea Ox2baa 0x16bd
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index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)
123 0xc6fc 0xfb35 0x25bc 0x5473 0x2bdc 0xd237
124 Oxfd2f 0xf95¢ 0x006d 0xf7a2 0x003d 0xe58¢c
125 0x9fd5 0xa808 0x15e8 0xf85b 0xfo1f OxfcOc
126 0xa350 Oxee9d 0xf580 0xc6a9 0xef56 0x26bf
127 0x212f 0Oxfc82 0x4fd6 Oxca04 0xbc8d 0x008b
Table E.3.6: VQ table for hebap 6 (16-bit two's complement)
index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)
0 0x27aa Oxlcch 0x41dd 0x48f9 0xa693 Oxflcc
1 0xf5¢5 0xf134 Oxea67 Oxebb8 Oxdccf 0xb0b6
2 Oxea3l 0xa6f0 0x5331 0x1b64 0x02e9 0x02d0
3 0Ox0lac Oxfadd 0x006d 0xf3f6 0x0169 Oxdf2d
4 Ox1fel 0x5781 0x00f1 0x06db 0xfc96 0xf4f8
5 0x0474 0x3163 0x0902 0x56f7 0x9dc6 Oxbb6b
6 Oxf5cf 0x0d33 0x2861 Oxb2ee 0xc394 0xa278
7 0xf038 0Oxce04 0x9b54 0x3328 0x0f41 0x0523
8 0x1210 0xa309 0x3528 0x62e5 0xfb69 0x087d
9 Oxffof 0x35b3 Oxebfe 0x5ad7 0x1076 0xa97f
10 Oxlade Oxfebe 0x4758 Oxfcaa 0xd174 0xfd23
11 0x4380 0Oxce83 Oxda23 0x5c0b 0xc090 Oxfae3
12 Oxl6aa 0xec98 0x4c46 Oxad36 0x9fd2 0xff49
13 0x16db 0xcOf7 0x3b7d Oxdae8 0xfofe 0x0179
14 0x3710 Ox6lel 0x346b 0x2062 0x5b18 0x41b2
15 Oxe3a3 0x0076 0xc205 0x4a99 0x2635 Oxfeeb
16 0xef40 0x5455 Oxccl8 0Oxc07d 0x40f9 Oxed02
17 0x132d Oxb4ef 0x5b73 0x3971 Oxfd2e 0x007d
18 0x4c06 Oxed84 0xf878 0xd2f9 0x5122 0x1531
19 0x9456 Oxf4bf 0xefl5 0x0180 0xf7¢c9 0x0557
20 0Oxfef6 0xdc29 0x1541 0x66dd 0xf87¢ 0x107d
21 0xf466 0xb136 Oxaac8 0x154a Oxe2fe 0x14e0
22 0xff23 Oxe5d8 0x025b Oxdc4c 0x051c 0x948e
23 0x2595 0xdf44 0xf851 0x24bb 0xfo8d 0x5921
24 0x1d8e Oxeb7e Oxefbb 0x0569 0xfc22 0x0230
25 0xfb12 0x60a2 0xb58f 0x29f5 Oxldal 0xe446
26 0x01c3 Ox4ea2 0xd923 0xe881 0xf774 Oxfade
27 0x56e9 0x24a4 0x2388 Ox2acf 0xf6¢c3 0xf174
28 0x48ec 0xfd76 0xfb2e 0x2b54 Ox1dfe 0x1751
29 0x4b07 0xfa33 Oxfbcc 0xfd25 0xfd54 0x002b
30 0xec93 0x3476 Ox4eab 0x003c 0x01dc 0xfc59
31 Oxbl1c3 0x2206 0x09c3 0x03f8 Oxfb7a 0x014f
32 0x98d3 0x48a6 0xf767 0xfd63 0x0d51 0x0319
33 Oxed8a 0x22ab 0x9fel Oxdab52 0x0e3b Oxfee5
34 0x33f7 Oxac64 0xf195 0xfb60 0xf84e 0x064¢
35 0x00ad 0x003c 0x0397 0x04cd Oxlble 0xfd67
36 0x3ff9 0x425f 0x14dd 0xc941 0xf700 0xb05a
37 0x62f6 0xd68f Ox2eab Oxe21b 0xe725 Ox36ea
38 0x5d79 0xcc35 0xe3c6 0xfc57 0x00ea 0xff45
39 0x18a7 0xf8ab 0x30da 0xf8a9 0x493f Oxa4d3
40 0x026d 0x192d 0x0dla Oxal2e 0x20d6 0x14c3
41 Oxf31f Oxec56 Oxeda0 Oxec28 0x9b7e 0x14e3
42 0xfb05 Oxccll Oxfc3b Oxadea 0x04be 0x6693
43 0xe794 0x2733 0xb177 0x3bch 0xc137 0x1410
44 0x255a 0xfOb9 Oxb3ca 0x1289 0x56fe 0xefb5
45 0x1f2a 0xb370 0x36¢8 0xe98f Oxae89 0x22eb
46 0x0007 0xf039 0x03df 0xe84f 0x0034 0xb421
47 0x0dod 0x0b99 Ox1e34 Oxle6a 0x62e0 0x183e
48 Oxfc41 Oxcdf4 0xf8d0 0xa729 0x1c9c Ox2a4de
49 Oxedb2 0x068e 0xd844 Oxebab 0x10c6 0xfb09
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index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)
50 0x0f31 0x0516 Oxldla 0x027e 0x4f96 0xf3c3
51 0xcf30 Oxdchd 0x481f 0Oxcfc9 Oxe3ba 0x4878
52 Oxe7d7 0x21c9 0xe509 Oxfc81 0x42d5 0x40dc
53 0xd958 0Ox6fa3 0x0bld 0x0668 0x0b6d Oxfed6
54 0x3a78 0x9a7c Ox3ale 0Oxa234 0x0717 0xe6b6
55 0x65fb 0x142e 0x52e9 0x3e01 0x5471 0x39e9
56 Oxab4c 0x4036 0x5018 0xc7f6 0xe436 Oxefbe
57 Ox6fe7 0x005a 0xfadc 0x0315 Oxfc7a 0xffb5
58 0xfa39 0x09a7 0xf023 0xOelc 0xf740 Ox2aa2
59 0x21a8 0x4453 0x4367 0xbbd0 0x427e 0xc01b
60 OxafOe 0xb75b 0x62ba 0x4538 0xf20b 0x069f
61 Oxfclb Ox17f1 0xe761 0x2bf2 Oxd3al 0Oxb2e5
62 0xffb6 0xfO5f 0xfod0 0x3448 0x00a2 0xff70
63 Oxfdef 0x524¢ 0x1ef3 0xd37¢ 0x01a6 Oxffe6
64 Ox1bbe 0xch25 Oxbla9 0x0a45 Oxffde 0xfe53
65 0x23f1 0x0558 0xa922 0x0a3f Oxafed 0x6139
66 0xfe50 0xl1al3 Oxfef6 0x2213 0x0050 0x6d78
67 0x4c25 0xf3dc Oxdbd3 0x0776 Oxaaef Ox14el
68 0x36ff 0xd31f 0x313c 0x17bf 0x4dab 0x0523
69 0Ox2ac3 0x266d 0xb74c 0x3d7e 0x12b8 0x025d
70 0xfo0f OxOeae 0xf009 0x54¢c0 0x1788 OxfdcO
71 Ox0def 0xf206 0x3ffb 0x0a78 0xf928 0x02cc
72 Oxec47 Oxfa89 Oxee3a 0xfd74 Oxbac7 Oxf2da
73 Oxflcd Oxeeec 0xe686 0xa978 Ox1cd6 0x05b2
74 0x2fd2 0x4af6 0x160e 0xel79 0xbObf 0x5360
75 Oxe2ac 0x4df0 0x5bf6 0xd9e7 0x1625 0xf83a
76 Oxf71d 0x3cde 0x2a9b Oxba29 0x1961 0x350e
77 Oxclea 0xc2e2 Oxed94 0x1783 0x5eba Oxe7dd
78 Oxf7ff 0xe538 0xfb48 0x0396 0x4547 0xffbb
79 0xf177 0x238b 0xc13f Oxa3bb 0x175d 0xf6d8
80 Ox1eb6 Oxdd2a Ox5del 0x63a4 Oxd4e7 Oxfd1b
81 Oxced4 0x4c0c 0x3939 0x3c5b Oxadl16 0x0493
82 0x0836 0x047b 0x0aeb 0x1000 0x0883 0x222e
83 Oxb8da Oxbaa2 0xd782 Oxebad 0xfbd6 0xf22b
84 0xfafd 0xb20a 0xd16f 0x1790 0x207b 0x2886
85 Oxdc8a 0xf7cc Ox4be7 Oxffef 0x02dc Oxfd4f
86 0xc750 Oxb4e8 0xe449 0x4927 0x074e 0x597a
87 0x0f48 0x0293 0x63fd 0xf05a 0x2593 0x036d
88 0x0a38 0x58a7 0xe976 0x4600 0x0Oee4 Ox4efc
89 0x0a01 0x68df 0Oxeb83 0xd564 0x08d0 Oxfdfb
90 0xec92 0x00c6 Oxaa2l 0xfle8 0x569e 0xb614
91 0x533c 0xfb45 Ox4ac8 0x4133 0xf9cc Ox2c7e
92 0xf902 0x0f77 0xf260 0x1b5b Oxe43d 0x518d
93 0xe824 0xb9dd Oxb6de 0x60bb 0x407¢ 0x0c8b
94 Ox4fee 0x9e65 0xb077 0x1184 Oxec09 Oxfe22
95 0xe716 0xf832 0xd80b Oxfdcf 0xa9e9 Oxa8bd
96 0x0be7 Oxb65e Oxlda2 0x3997 Oxb26a 0x18cf
97 Oxec49 0x057d 0Oxda38 0x041f Oxaa87 0x2ba2
98 0x0d99 Oxdald 0x197e Oxbefl 0x591d 0x5593
99 0xb776 0x445d 0x3948 0x050b 0x13a2 Ox4cdc
100 0x3f06 0xb29e Oxbdc4 Oxb9ed Oxbddb 0Ox16a8
101 Oxdfe0 0x132c 0x22e7 0x08e0 0xfb8c Oxab54f
102 0x0624 Ox0acl 0xfoc2 0x085f Oxf2ee Oxaaba
103 0xd998 Oxfbdc 0x9356 0x04be 0x1c79 0x0096
104 0x0062 0x0602 0x0217 0x4415 0xab562 0xfc7b
105 0x535¢ Oxbl4e 0x0cel 0xf930 Oxdffl Oxac2a
106 Oxefba Oxede7 Oxbal2 0x1566 0x0505 0x0088
107 0x4919 0x520b 0x60f2 0x2¢c9d 0x0502 Oxedf6
108 0xf231 0Ox1dd4 Oxfef7 0x085d Oxfcc3 0xf80d
109 0xf390 0x4d01 0x0ad7 Oxfffe 0x0442 0x0068
110 0xe58d 0xb127 0x0b7a 0xf7b3 Oxffdc 0x04f4
111 0x2558 0x24d6 0x2572 0x5654 0x3603 0x1898
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index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)

112 Oxfde9 Oxblce 0x10b4 0xf8b4 0xfe40 Oxbcel
113 0xa0e0 0x37a4 Oxcabl OxaddO 0x08df 0x2d23
114 Oxfbaa 0x3c4d Oxeel3 0x48ce 0xef35 0xfd92
115 Oxbla0 0x1049 0x46¢3 Oxfa84 0x359a 0xf8df

116 0xc019 0x2378 0x02e8 0x5605 0x007d Ox2a2a
117 0x25ac 0xc6fl Oxb7d1 0xc686 0x2ba6 Oxaeee
118 Oxfeba Oxa32e 0x1800 Oxleeb 0x025a 0x0604
119 0xe606 0x19ea 0xce75 0x5394 0x5131 0xe549
120 0x109¢ Oxadcd 0x15fc 0x48ff 0x5d34 0x2088
121 0x4642 0x1648 0xeb83 0xb953 0xfdd5 0x0c93
122 0x17ch 0x3798 Oxec03 0xbbd0 0xb404 0xd27f
123 Oxabae 0x2c26 0x3c4a 0x63f6 0xl1a79 0x97¢c5
124 0x536b Oxdfcc 0x16f5 0xf22c 0x17bf 0xf5f9

125 0x0a2b 0xf669 0x152d 0xd002 0xb564 0x15¢c6
126 0xfo47 0x98e7 0xa390 0x5978 Oxfea3 0x0ech
127 0x088d 0xfb4d Ox14dc 0x0cbl Oxa7a7 0x0068
128 0xf980 0xd4f4 0xf4d7 Oxaf0d 0xa20f Ox4dbc
129 0x5959 0xe34f Oxb7cf 0xc6e8 0xdf30 Oxcd5b
130 0x0ecl 0x0f76 0x202f 0x500e Oxedbl Oxfb4f

131 0xff60 0xfob3 Oxfce7 Oxdel7 0x023d 0x0308
132 0x10c9 0xf136 0x4f95 0x17c2 0xeb37 0xb820
133 0x4939 0x099f 0x3102 Oxelbb Oxelca Oxf779
134 0x2b42 0xed90 0x5667 0x0721 Oxa0el 0x0ff0

135 0x05df 0xb516 0xfodf 0x000d Oxfec7 0x0177
136 0x013e Oxfdcl 0x09f0 0x00b2 0x0066 0x0028
137 0xcl184 0x96ef 0x1390 0x0cf8 0x02ae 0x0487
138 0x649b 0x6906 0x023e 0xe8d6 0xfOb4 0x057f
139 Oxdc44 0xe20f 0xf4ch 0xdf40 0xb719 0x6720
140 Oxe2eb 0xb988 0xb824 0x2262 0xf734 Oxaa82
141 Oxleab 0x2dfd 0x6b5d Oxcdd1 Oxfa7e 0x4c86
142 0x08c0 0x173b 0x2bef 0x3e6¢c 0xe69d 0x5ed8
143 0x54a9 Oxb7ad 0x262b 0x1996 0xf556 0x014e
144 Oxefch 0x0628 Oxd4fe 0x0059 0xa093 0xe9b2
145 0x1e28 0x05¢c6 0x53a4 0x9e3f Oxdf3f 0x0009
146 0xf670 Ox27ea Oxce2c Oxc131 0x0489 Oxacdc
147 Oxddcb Oxc7a3 Oxa67a 0xc624 0x0a45 0x3614
148 Oxe3ac 0x0blb Oxdab59 0x0b42 Oxcédf 0x5fbl
149 0xfd5e Oxe67e 0x019e Oxa4db Oxacal 0x01c6
150 0x0838 0xe758 0x2a87 0x46a7 0xfb51 0x00af
151 Oxfel3 Oxfdce 0xf54d 0x0076 Oxfbce 0x005d
152 0xd8e5 0xf015 0x9259 0x56a4 0x3aeb 0xfd84
153 Oxede3 Oxbfe8 Oxdcd5 0xb03e Oxd2a8 Oxae3c
154 0x12cf 0x3el4 Ox5eae Oxcabe 0xf3fe O0xfbdd
155 Oxe5bc 0x1202 Oxb6ac 0Oxc44d Oxbed3 0x5db4
156 0x3bf5 0xfd5e 0xf19e 0x54af 0x117b 0xdOc8
157 0x1294 0x0a21 Ox14ea 0x1771 0x3ad7 0x677a
158 0xa2f9 Oxbcod 0x1b20 0x017a 0x02b6 0x029e
159 0x5b60 0xdd79 0xc687 0x1d78 0xfc94 0x2b50
160 0x0e38 0x0d08 0x5841 0xf259 0xf6e8 Oxff8f

161 0x011c 0x1b02 0x0c19 0x27bb 0x19ee 0xb743
162 0x09a8 0x1758 0x2b2e 0xd160 Oxfdab 0xfd69
163 0x3f2f 0x4039 0x336¢C 0xf035 0x123b 0x1d07
164 0x4b8a Ox3cae 0xe67b 0x0691 Oxed07 0x4298
165 0x4283 0x0214 0xb588 Oxfabf 0xebf6 0x043d
166 Oxceb7 0xbb37 0x080e 0x9d0c Ox4a4l 0xcl107
167 0x2748 Oxadf8 Oxcabe 0xf47b 0x3c07 Ox4dde
168 0xfd78 0xf9bb 0x273e 0xf9c8 0x33f0 0x4d60
169 Oxfbe2 0x29f8 0x021a 0x616a 0x259e Oxdca4
170 0xd88d 0x0be2 0x9e0c 0xa20c 0x3693 0x0064
171 0x1993 Oxlafb 0x1b77 0x286¢ 0x5cdf Oxba22
172 Oxa6f7 0xf840 Oxfa8f Oxf2fe 0x2433 0x37ed
173 0xc7f6 0xf081 0x0be2 0x3f7e 0xbc69 Ox25ae
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index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)

174 Oxac6f 0x5c4c 0x4185 0x02cc 0x0a67 0x0072
175 0xb5b8 0xf422 0x0626 0xffOb 0x05b7 Oxfce7
176 0x578a 0x5b91 0xc6d3 Oxfdee 0x439e 0x3531
177 0xd2c2 Ox1eff 0xc97e 0x5ba9 0x9fcc 0x67b6
178 Oxfbeb 0x0e5f 0xf756 0x294¢ 0x5207 0xf18a
179 0xc367 0x00c5 0x414e 0x9feb 0x1351 0x0005
180 Ox2ald 0x10ef 0x68a6 Oxdcod 0xc0e8 0xf4e8
181 0Ox3ech Oxaldc 0xf0a3 0xe54f 0x3165 0xe48b
182 0x0830 0x9clc Oxdfde Oxl1a9e 0x000b 0x049a
183 0xd1b8 0xfdb9 0xdd47 Oxafcl 0xd719 Oxfe84
184 0xf649 0x60c9 0xab79 0xb473 0x067c 0xfd24
185 0x0909 0x356f 0x0ff5 0x5feb 0x6073 Oxad45
186 0xféc2 0xfe08 Oxefde 0xd6b6 0x5c¢c74 0x07a9
187 0x4f9b 0x4591 Oxdade 0x0e95 0xb5f6 Oxe76¢c
188 0xfOf0 Ox41a2 Oxfchf OxbOaa Oxbab5 Oxl1a8d
189 0x308f 0x17be 0xd3f8 0xc78e 0x1b01 0x5bb4
190 0x1dd4 0xf989 0x59e9 0x29df 0xdf9c 0x0346
191 Oxde91 Oxfb2d 0xb950 0x0f39 0x3edd 0x05d2
192 Oxflfe 0x2054 0x3b3d 0xf131 Oxad63 0x06¢cd
193 Oxee6f 0x54eb 0x093e Oxfeea Oxed48 0x3chd
194 Oxabae Oxca74 0x1df4 0x3f68 0x5e38 Ox3abl
195 0xb1b5 0x3215 0xb140 0x4133 0xd279 Oxcl2f
196 Oxcec7 0x4fof 0x0da8 0xf60b Oxeba7 0xd1b6
197 0x1159 0Ox1e84 0x512f 0x42b8 0x2d03 Oxdab55
198 0x60be 0x212e Oxa4fe 0xf342 0x2b5d 0xe430
199 0xd885 0xe239 0xa978 0xb881 0x6815 0x254e
200 0x9c33 0x01dd Oxlec2 0xfofe 0x0463 0xff58

201 0x01d6 0x266a Oxfea5 0x5d89 0xd773 0xdb05
202 0xf000 Oxdala 0xe538 Oxabd8 0x516d 0x1c06
203 Ox14fa 0x2614 0xa32b 0xfb5a 0x0200 0xfofe

204 Oxfc12 0xd8c2 Oxce97 0x4b22 0xf902 0xfc86
205 0x3b04 0x5c44 0xc2e2 0xf626 0xfb4d Oxfad3
206 0xe312 0xf5d3 0x0447 0xff09 Oxfe27 0x00b1
207 0x1f99 0x0004 0x3088 0xa8f4 0x28a5 0OxeldO
208 0x56b4 0x2al7 Oxec4d 0x02b2 0x0216 0xff2c

209 Oxf3af Oxfa76 Oxbe3d Ox47fa 0x3dcd 0x59ac
210 0x1631 Oxf74b 0x0c7c Oxf2aa Oxaac7 0xc629
211 0x0013 0x0313 0x0408 0x00aa 0xdf99 0xfd7b
212 Oxfc8e 0xfefl 0x961f 0x01b0 Oxeed8 0x05db
213 Oxfab6 0xd1d5 0xffb4 0xb064 0xd7ch 0x2¢c40
214 0x00d3 Oxed6f Oxedbd Oxe4deb Oxcble 0x388f
215 0x179b 0x148c 0xfe35 Oxfe32 0x008f Oxffbf

216 0xf5f4 0x1c58 0xf30b 0x23fc 0xa570 0Oxd8fa
217 0x9ece Oxdac4 0x49ba 0x17d5 0x097d 0xc76e
218 0x207a 0x08e5 0x3770 0x0db8 0x6519 0x55f0
219 0x00d0 Ox4efa Oxfee7 0x9f36 Oxffcl 0xfb61
220 0x0447 Oxe86e 0x0a92 Oxaa51 Oxfbal 0x0233
221 0x0017 0xe8d6 0x00f3 Oxdce3 Ox14el 0x504e
222 0xc396 0x319b 0x1040 0x2b4f 0x508d 0xd750
223 0x5203 Oxffab Oxdeec 0x00c2 0x03eb Oxdad5
224 0xb34b 0xf2f9 Oxc8ff 0x0df6 Oxadab 0xfd65
225 0xf7e4 0x0dal 0xf388 0xb459 0x021b 0xfa06
226 0x1ch8 0xc493 0x5844 0x4ba9 0x0413 0x40f3
227 0xf8b0 0xfe63 0x04d3 Oxeb64 0xf222 0x558f
228 Oxlefb 0xf828 0x4248 0xe571 0x72d1 0xf655
229 Oxcaeb 0x20c5 Oxa3ac 0xa9b5 0xc89e 0xc827
230 0xd2c9 0xb186 0x3eb8 0xf8c8 0x3d69 0x1194
231 0x0f09 0xbf3b Ox4ecl Oxad5d 0x1e62 0x2e58
232 Oxe66d 0xfb07 0xb66b Oxd42e 0x2d74 0x0414
233 0x09e0 Oxeb5dd Oxba03 0xd39e Oxece2 Oxfcl0
234 0x04d9 0x10a4 0x090f 0x17df 0x0dod Ox4efl
235 0x0bc6 0xf418 0x14c4 Oxee45 0x515f 0x21fe
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index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)
236 0xf902 0xc6ab 0x0116 0x3684 Oxd8af Oxd6cd
237 0xa734 0xeOeb Oxfb7e 0x35fd Oxfa34 0xfb21
238 0Oxe36b 0xfd99 0x3326 0x49ef 0x26a9 0Ox05ac
239 0x09f8 Oxféde 0x0d60 Oxedea 0x2b74 0xb380
240 0xd48b Oxafb7 0xd599 Oxd5el Oxaeel Oxlabl
241 0x03d8 0xc509 0x168f 0x6225 0x1501 0xb2a9
242 0x0205 0x33d8 Oxe2de 0xf951 0x5084 0xe883
243 Oxach57 0x33c3 Oxaec5 0x3489 0x4381 0x3330
244 0xc23d 0xc088 0x5a35 0xfO3b Oxdffd 0x0367
245 0x0246 0x311b Oxad77 0xc652 Oxdcld 0x1635
246 0x10de 0xf910 Ox2cal Oxba9d 0xd93f 0x0241
247 0x177d 0x41be 0x44f7 0x9b5a OxeedO 0xf222
248 Oxca50 0xbf63 0x0e34 Oxf2fe Oxadod 0xcl1f2
249 0x19a5 0xd475 0x21c9 0Oxcccb 0x5b31 0xch03
250 0xf612 Oxdcaa Oxe27a 0x7238 0x0e75 Oxfe81
251 0xd68c 0Ox6l1a3 0x0765 Oxdfee 0x51b8 OxcOae
252 0x149c 0x4156 0x29a3 Ox4de4 Oxed41 0xb484
253 Oxfdec Oxdbac 0x6¢d0 0x1365 OxffOf 0x0218
254 0xfd03 Oxafle 0Oxf2ac 0x49b6 OxOacd 0x058¢
255 0xf40d 0x0a94 Oxb5b2 Oxfeb5 0x0dd1 0x0074
Table E.3.7: VQ table for hebap 7 (16-bit two's complement)
index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)
0 Oxad4b 0x5585 0x2896 0x354e 0x29de Oxdc27
1 0xa809 Oxdfff 0x4798 Oxe61b 0Ox63ae 0xd5a0
2 0x1a90 Oxca42 Oxcc22 0x5792 0x394b Oxae36
3 0x092b 0x2914 0x0465 0xf281 0x15c1 0x6a00
4 0xe627 0x2e4b 0xa034 0x5999 0x4f8a 0xe87d
5 Oxaaf8 0x29b9 0xb361 0xc553 Oxdee2 Oxf7df
6 0xf547 Ox21lec Oxecel 0x6¢5b 0x1d82 0xd147
7 0xfc04 0x099c¢ Oxfc46 0x1292 0xfd8d 0xc010
8 0xb30a 0x5a39 0x004b Oxca8c 0Oxf5ac 0x083c
9 0x0fd1 0xf4c8 0x16db Oxee95 0x5686 0x3110
10 Oxacc8 Oxbd17 0xfd26 Ox1cfb 0xd276 0xd6e5
11 0x2c44 0x0700 0x682a 0x5bde 0xb397 Oxfel5
12 Oxbabd Oxbe77 Oxcada 0xc7ch 0xa9f3 0xf660
13 0x0443 Oxe8b1l 0xe0d9 Oxbdaf 0xb030 Oxaab5
14 0x47d4 0xfbb1 0x078d 0x341e Oxbbc9 0x46¢c2
15 0x5876 0x43cl 0xd912 0x45ff 0x4762 0x02ba
16 0x05cc 0x4f49 0xe986 0x986d 0x134d 0xa909
17 0xf5d5 Ox1leb 0xe92e 0x4820 0x223f 0xf5f8
18 0xf513 0xfobe 0x54d1 0x0clb 0Ox9bad 0x0c98
19 Oxb5ad 0x1255 Oxec71 Ox17ac 0x07b4 0xc509
20 0xf773 0x252¢ Oxfdee 0x50bd Oxedca 0xdfo3
21 Oxa8ch 0xdd49 0x09el 0xd3a8 0x1564 0x03e6
22 0x5654 Oxec44 0x0673 0xf59f 0x1207 0x090f
23 0x5177 Oxf3fa Oxf2fe 0x1009 0x349e 0x0bfd
24 0x0055 0x4389 0x2818 0xc660 0x00d6 0x005a
25 0x9903 0xb65f 0xb468 0x4b2c 0xd816 0x26b5
26 0xd9f5 0x5011 Oxe64d 0xe4b9 0x0b4b Oxfdle
27 0x505f 0xc20c Oxa67f Oxlad6 0x004¢ 0x0147
28 0x2228 Oxcdb3 0xa65f 0xfébc 0xb420 0xd9d5
29 Oxcdaa 0x3f37 0x525¢ 0xOeed 0x02ed 0xca20
30 0xc185 0x47df 0x0957 0Oxbb03 Ox4clc 0Oxe87e
31 0x058f 0x2dd6 0x0fd3 Ox4b5a Oxlac9 0xb31f
32 Oxebb0 0x2626 0x4746 0x099f 0x494c OxedOc
33 Oxfdab Ox4c2a 0x052b 0xdc78 Oxfecc 0xfbb0
34 0xf3e5 0x9b7d Oxc2cf 0x62f4 0x121a 0x0a4b

ETSI




184 ETSI TS 102 366 V1.4.1 (2017-09)
index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)

35 Ox4ca7 0xf6b0 Oxell7 Ox2el4 0xdb8b 0xc8fc
36 0x0a52 0x6755 Oxad9d 0xd78e 0xf963 0xf951
37 0x560f 0x5479 0x2d3c Oxa67d Oxefd3 0x0081
38 0xe816 0x0dd6 0x0393 Oxfefb Oxffef Oxfe81
39 0x06a0 0x1a30 Oxfa6f 0x5166 0x0359 OxeecO
40 0x058f 0xc450 Oxde9a Oxda3d 0x145a 0x1637
41 Oxee58 0xfd9b 0xd25d 0x15f2 0x1086 0x026b
42 0x03a9 Oxec9d Oxc8ea 0xbd30 0xe506 0xe8c0
43 0xch524 Oxfelf 0xe3bb 0xc5d2 0x49bc 0x54a9
44 0x9bc6 0x0b5e 0x0477 Oxfeb9 0xfe36 Oxfcld
45 Oxda48 Oxfccd 0x9ebc 0x0af4 0x4f01 0x043b
46 Oxfba9 0xf19e 0xf904 Oxb3dc 0x03c6 0x0335
47 Ox1c7d Oxab01 0x2a26 Oxe46d 0xa503 0xfo45
48 Oxfee6 Oxd4ab 0x00aa Oxae2a 0x8f02 0x3147
49 0x4612 0x0e81 0xf9e5 0x0375 0x0005 0x0234
50 0x17e4 0x58a8 0x08c2 Oxe4d9 0x26f7 0xe80c
51 0x10f2 0x68b8 0xf187 0x07b8 0xfbc9 0xf5f6

52 0xfd6b 0xel123 0xf594 Oxc4ab 0x453a 0x1117
53 Oxefb2 0xd4d3 0x02cd 0xa816 0x061a 0x2fdc
54 0xe6fb 0x479e 0x17d7 0x1b47 0x1744 0x4713
55 0x267b Oxl4fa 0x5c34 0xe533 0xe657 Oxffc2

56 0x55cc 0x342f 0xfd55 0x0ec9 0x0878 0x00d1
57 Oxf20f 0xfbh99 0xb2f4 0xfofg8 0x051c Oxfcdd
58 0xf3f5 0x3ebl Oxca2l 0xf3fb 0x10c6 Ox5cal
59 0xd8f1l 0x26d7 0xc200 0x3286 Oxa3bl 0x54c3
60 0x25fa 0x5935 0x2fa0 0x3af3 0x159d 0x12e5
61 0x08c3 0x0833 0x04db 0x0ff9 0x128c 0x329c
62 0x0fa7 0xf65¢ 0x0d19 0xf3ec 0x228b 0x4280
63 0x10ea 0x17ef Ox15ad 0x2421 0x2bda 0x6fb0
64 Oxda8e 0xdd87 0x00ec 0x03f1 0x01c7 0xfc3c
65 Oxlaad Ox4b5a 0xfc06 0x00c8 0x071d 0x0242
66 0x144c 0x03bd 0x2884 0x0d02 0xce00 0xff81

67 0xf432 Oxdfff 0xc723 0x562d 0x1720 0x041d
68 0x2aeb6 0x6556 Oxalle 0Oxab12 0xd17f 0xe57b
69 0x588b Oxd4fe 0x1668 0x0a07 0x5c99 0xd7f3
70 Oxf2f1 Oxef77 Oxeaae 0x50bb Oxd5ab Oxfleb
71 Oxefdd Oxfle4d Ox11df Oxfcc3 Oxfea2 Oxfcbl
72 0xf319 0x0d7b Oxe3la Oxd2ac 0xObcf 0x01c7
73 0x0c80 Oxdab5 0x0c82 0xa693 0x2bb0 0x989e
74 0xc8f3 Oxefeb 0x3c16 0x37d7 0xd55d 0xb067
75 0x0edf 0xd4f8 0x5624 0x3822 0xc420 Oxelcb
76 Oxe76d Oxbac9 0xf9e8 0x2f10 Oxb2a3 Oxfed5
77 Oxe7fd 0xef76 0xff60 0x20ab 0x586e 0x2e87
78 Ox4afd 0x0497 Oxl1cfe 0xd96d Oxefd8 0x1260
79 0xffb8 Oxe2lc 0xff90 Oxd14d 0xf362 0x6a27
80 OxOcca 0x174b 0Ox1d4d 0xbd85 0x0362 0x9c94
81 0x02el 0x0745 0x0729 0x07e6 0x0950 0x1293
82 Oxebof 0x1d58 0x0cfb 0x0a9b 0x0bf9 0xf9ba
83 0x1097 0x0235 0x15fd 0x09c1 0x4663 Oxecc8
84 Oxf4ef 0Oxba00 0xe082 0x3d7a 0xfc06 0x0858
85 0xObea 0xb3e5 0x4222 0x748b 0xd812 0x3b31
86 Oxd3ae 0x0076 0x9b3c Oxca3f 0x3bd8 Oxfe2c
87 Oxed28 0x1360 0xef59 0x0627 0xd69f 0x4c69
88 0xdff5 Oxfa7f 0xfd05 0xfb8d Oxfdal 0x0580
89 0xf765 0xd369 0x07e5 0xe70c 0xf5d8 0x02c7
90 0xfe63 0xf631 0xff28 0xf241 0x9195 0x06b7
91 0xc792 0x429a 0x365d 0x34bb 0x9b5e 0xcl107
92 Ox4blc Oxlcad 0xcff3 0x02aa 0xf131 0xff39

93 Oxefof 0x510a Oxc2dd 0x2c55 0x16e4 Oxfcc8
94 OxacOe 0xf226 Oxfffd 0xf957 0xf089 0x23fd
95 0x3c55 Oxf8ac 0x07dc 0xb355 0x3f64 Oxed13
96 Oxfacd 0xf16b 0xe346 0xff51 0xb169 0x2ba6
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97 0xf20d 0x9ff5 0x4cf4 0x19fe 0x03d3 0xfd72

98 0x553c Oxe2fa Oxe611 0xd5f1 0xdf56 0x3ch7

99 0x39eb 0x4639 Oxe3dc Oxf2af 0x0772 Oxbc78
100 0x0dc5 0xf095 Oxfa79 0xf512 0x44f0 0x0822
101 Oxeb4c 0xc469 0xba07 0x0539 0x3bea 0x52a6
102 0x1842 0x25e2 0x3b33 0x9fa6 0xa815 0xf061
103 0xf934 Oxfdaf 0x0447 Oxel9d Ox6le2 Ox15el
104 0x53a7 0xfe50 0xfo86 0xe50e Oxfa62 0Oxc78a
105 Oxedel 0x02bc 0xd095 0xfd17 0xal85 0x57¢c2
106 0x188f 0x0cd3 Ox2afe 0x0f04 0x4af0 0x39bd
107 Oxa8la Ox3baa 0x1543 0xf508 0xfc36 Oxf2f1
108 0x0ch9 0xf184 0x1288 0xdf93 0x591e 0xd820
109 0x5fla Oxael6 0x4d86 0x03db Oxdl4a 0xe77b
110 0x0f42 0xb30b 0x3304 0xfob7 0x48d1 Ox1d2a
111 0x98d7 Oxa7eb 0x3fbl 0x07de Ox2adf 0x4670
112 0xe481 0x122f Oxc6le 0x4933 Ox3dad 0x0510
113 0x245e 0xfo6f 0x394b 0xf302 0x67a7 0xd1b3
114 0x1660 0x171d 0x3458 0x2724 Oxf744 0x9f80
115 0x06¢cd 0xe5b9 0x3197 Oxaal7 0x0ff0 0x154a
116 0xf5¢c3 0x24b1 0x5297 Ox9aae 0xf3a6 Oxf61f
117 0x50c0 0x49ce 0xc98d Ox1lb4e Oxdfbc 0x3dc3
118 Oxa2f6 Ox2baf Oxcab9 0x2e5¢ Ox3ead 0x0a46
119 0x47b9 0xd814 0x033d 0x0358 0xfcOe 0x009d
120 0x3840 Oxedba 0x1421 0xccl6 0x94d6 Oxd4ec
121 0x546d 0x2bf8 0x442d Ox1db4 0x334a Oxfelc
122 0x0007 0x04d4 0x023d 0x1076 0x15c8 0xf3f7
123 0x0394 Oxdc7c 0x0505 0xdd02 0x04al 0x8fe5
124 0x5453 0x5c8f Ox4aac 0xf4bb 0xc836 0OxdfOa
125 0x5b76 Oxe7ef 0x32b2 0x0bf5 0xdb79 0x08bc
126 0xf402 0xe350 0xb154 0x169¢c 0x0246 0xfdd9
127 0xf067 0x013b Oxela3 0x2020 0x924e Oxcfaf
128 0x35c6 0xc403 0x4b05 0xaf70 0x32f3 0xb4d1
129 0x0ecl Oxffaf 0x1f5d Oxfcl7 0x4594 0x142a
130 0xe374 0xefl19 0xb950 0xfd94 Oxfaba 0x3a54
131 0x39a4 0xfb3b Oxcded 0xc5h6 Oxfddd 0x69f5
132 0x08ba Ox06ac OxOacc 0x1528 0x1f32 0x9db5
133 0x0b39 0x0e34 0x0f98 0x14e0 0x279e 0x530b
134 0x0486 0x1503 0x01fc Oxd6ee 0x0122 0xfobl
135 0x045a 0x60d5 0x40bf 0x9db0 Oxfed6 0xf4f0
136 Oxfbad 0xe800 0xf882 Oxel91 0xf465 Oxa514
137 0x0fb0 0x2a29 0x43a5 OxefOa OxaeOa 0xf2c9
138 Oxee72 0xff31 0xd921 0xf209 0x1f0b 0x0482
139 0xe268 0x1fb5 0xc921 0x4256 0x98a7 0x946¢
140 Oxc4c4 0x3ee0 Oxbe34 Oxdd4a 0xa358 0x3e22
141 0x615a 0x1630 Oxf8ae 0x0la4 0x0084 0x0075
142 Oxfe06 0xb492 Oxff3a 0x019c¢ Oxfec9 0x02f0
143 0xf88e 0x0f8d 0xelf8 0x40b6 Oxb4ab Oxc67e
144 Oxfe71 0xfd27 0xf121 0xef9c 0xcf95 0x1dd7
145 0x0d28 0x091a 0x2384 0x5c86 Oxd7ce 0xf957
146 0xf3b4 0x0a24 OxeOce 0x390a Oxed39 0x40f3
147 0x1f79 0x05c9 0x0031 0x4335 0x6125 0x1d32
148 0xb498 Oxfdff 0x2e81 0x092a 0x15d4 0x0d25
149 Oxec39 Oxaacc Ox2c6a 0x2a90 0x1311 0x0105
150 0x12ba 0x5061 0x13f5 0xe877 0xe08f OxfaOf
151 0x1fbd 0xc65¢c 0x509f Oxc5ba 0x5d85 Oxflbe
152 0x30a3 0x0565 0x0eld 0x21ef Oxa23e 0x12f0
153 0x1a46 0x2993 0x2766 0x6281 0x9db9 0xfbd7
154 0x19al 0x3699 0x0b5f 0x54e9 0x4051 0x9a3e
155 0xf910 0x0a0f 0xb36a 0xbe60 0x0bd8 Oxlal7
156 Ox3aa4 Oxbala OxdfOa Oxabce 0x9619 0x2e20
157 0x0d78 0xfc64 0xcld7 0xfb91 0x1406 Oxaf7b
158 0x1e28 0x08b2 0x4437 0x153a 0x710e 0x4490
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159 0x04de 0x3cfe 0xd221 0x602a Oxbb7d 0x0cc8
160 0x0c8f Ox461le OxOadf Oxfd2e 0xa770 0x175b
161 0xe9d2 0xf390 0x9al19 0x65b2 0x19b7 0x0ceb
162 0x4f56 0xf21d 0xf565 Oxfed4 Oxfa31 0x05f6
163 0xaf60 Oxaa2e 0xd051 0x9b3f 0x229f 0xfbf4

164 0x45e0 0x023a Oxclla 0x2089 0xf607 0Ox3bab
165 0xf58b 0x26de 0xf8a9 0x405d Oxce26 0x8ebl
166 0xff88 0xf753 0x00db 0x0061 0x016d 0x0023
167 0x04f6 0xfd32 0x05¢c8 Oxf57f 0x078a 0xe299
168 0x0768 0x222e 0x0772 0x473b 0Oxcebe Oxe7e2
169 0xf16b 0x3591 0xd966 Oxcla8 Oxfaa0 0xe416
170 0xd698 0x2130 0x3e5f Oxdda8 0x1d6c 0x4fd7
171 0x0bel 0xch6f 0x0408 0x96b8 0x169b 0x6198
172 Oxeel2 Oxdfe4 0xdb96 0xe820 Oxbcab 0x6491
173 0xba70 Ox1b3a 0x0ea8 0x0272 0xff8e 0x0882
174 0x1161 Oxed02 Ox1b8e Oxeaed 0x1282 0xf4f5

175 0x133a 0xfd75 0x49fb 0xd976 0x0350 0x075e
176 Oxfeb0 Oxeade 0x1c42 Ox4fdc Oxda9l Oxfda8
177 0x030d Oxb3ee 0xce98 0x19ea 0x0586 0x01c2
178 0xf2b9 Oxbe7e 0x2b63 0x3390 Oxea86 0x549f
179 Oxf33f 0x12fb 0Oxe8b7 Ox1d6a Oxd5ab 0x6db6
180 0x286e 0xcd9b 0x6463 0x6428 0xfd81 0x015f
181 0x048b 0x494b Oxeaab 0xc511 0xff6f Oxfaof

182 0xc773 0Ox6a5d 0x8569 0x8073 0x53bf 0xf4b2
183 0x3c3c 0x4987 0x5670 0x4bcb 0x5837 0x3513
184 Oxd64e 0x29d6 0x13el Oxed6¢c 0x038d Oxaee8
185 Oxcd6e Oxafdc 0x1cf2 Ox0aa2 0x0d63 0x2d41
186 Oxfbaf 0x47¢c6 0x4d13 Oxdade 0x57aa 0x4ch2
187 Oxfed8 0xe572 Oxc6ab 0x5463 0x4d54 0x5397
188 Oxb46a 0xe2b3 0x6366 0x3358 0x218c 0x9d2e
189 0x0c14 0xd686 0x51a0 0x2421 0xf302 0x0704
190 Oxfcd5 0x05a9 0x0c22 0x128c 0x2f29 0Oxc84a
191 0xaf10 0x37¢c3 Oxefl4 0x9b12 0xe96b Oxad63
192 Oxebf4 0x293a 0xc93c 0xa97a 0x0b18 0xfdd6
193 0x63bd 0x44f0 0x3a26 Oxadae 0x099b 0x6236
194 0xdb66 0xf904 Oxcdc2 0xe912 0x9b2d 0Oxd4f1
195 Oxla2a 0x0333 0x2849 0x00a6 0x6bbd 0x020b
196 0x0065 0xb444 0x0d55 0x25a6 0x0040 0x0326
197 0xf54a 0xb9f5 0xf5f0 0x5922 0x2169 0x0466
198 0x0b9c 0x3b63 0x0700 0x635a 0xe9a0 0xbc8f
199 Oxfa75 0x0644 Ox112e Ox2cbc 0x06¢c3 0x5ceb
200 0xebf0 0x1211 0xd663 0x6d4d 0x26a9 0xf632
201 0xd6e0 0x927f 0x0bb7 0xfa06 OxfccO Oxfcc2

202 0xd483 0xcf21 0x56be 0xe3b5 0Oxa3e6 Oxab3e
203 0x4227 Oxaa7c 0x0745 Oxda7a 0x24d8 0x4a52
204 0x2825 0x252¢ 0x68bf 0x07da Oxecbl 0xdc88
205 Ox15ab 0xf75e 0x37be 0xc43c 0xb48c 0x071e
206 OxedOe Oxfcfl 0xddo01 0xf3fc Oxbla8 0xf383
207 0x2028 0xf516 Oxbaa8 0x33fc 0x0cod Oxfc21

208 0xd033 0xe64b 0x284b Oxdab0 0x08d4 0xaf58
209 Oxe4a8 0x1599 0xe27f Oxe2be 0xd79a 0xd7e6
210 0x0e39 0x4cl7 Oxe8ac 0xb567 0xb776 0x3205
211 0x0503 Oxefbc 0x1066 0x90c7 0xf63e 0x074a
212 Ox3eaf 0x68ca 0xcd03 0xe754 0x03d9 0xfoc3

213 Oxfe6d 0x3570 0x1939 Ox6lee 0x69f4 Oxafla
214 0xb96a 0xf902 0x9e66 0x1741 0xfc46 0x67e8
215 0xal60 0xc3e9 0x60d4 0x07al 0xfb90 0x00bb
216 0xf70f 0x30d9 Oxaefe 0xfc78 0x4794 0x530a
217 0x0a62 0xe804 0x3f33 0x5704 Oxfdd4 0x086a
218 0xe839 0x367e 0x9bae 0x93bf 0x0fd1 Oxed45
219 Oxac34 0x6769 Ox4beb Oxdchc 0x037f 0x012f
220 0xa948 0x99bf 0xe876 0x6099 0xa672 Oxdcbha

ETSI




187 ETSI TS 102 366 V1.4.1 (2017-09)
index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
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221 0xc83c 0xc192 0x5cbh4 Oxa6bd 0x2434 OxfOff

222 0x732a 0x55a3 Oxe7bb 0x068f 0xf7f5 Oxfba0
223 Oxfe4d 0x264a 0xfOcd 0x3047 0xef40 0xb5e5
224 0x4d38 Oxffaa 0x09a3 0x07¢c6 0xfc03 Oxebl16
225 0x51fa Oxddb1 Oxeb2f 0xa3f6 Oxed86 0x0a71
226 Oxecl9 0x15e5 Oxedeb Ox4ace 0x65b5 0xdo1d
227 0x03cc Oxlaca 0x11c7 0x6d2d 0xf047 0xf720
228 0x17bb 0xf344 Oxec83 Oxfe8b 0xfodd 0xfl6e
229 Oxe3a8 0Oxcd40 0xdd8c OxecOb 0x5a0e 0x13be
230 0x0398 0x0a37 Oxlee8 0xe347 Oxecd7 Ox4eda
231 0xff06 0x154e 0x0c44 0x1b10 Oxb6édd 0xf7fd

232 0xd7c5 Oxeeec 0x4c98 0x130f 0xfdéb 0xf8a3
233 0x39e0 Oxde65 0xb299 0x17f7 Oxad26 0x371c
234 0xd157 0xf751 0x139a 0x2e74 0x58d5 0x0196
235 0xcc80 0xf5ch 0xcc38 0xa85f 0xcf3e 0xdf44
236 Ox42aa 0x62b3 Oxf71f 0x13c0 Oxfeaa 0x0091
237 0x20d1 Oxbaed Ox4aa8 0x2977 0xb403 0x42bb
238 0x5155 0xe9bc 0x300a 0x9c02 0x2897 0x1eOc
239 0x11c6 0x3da3 0x43ba Oxb44d Oxed60 0x04b6
240 Oxeld5 0x2a54 0x95e4 0xd351 Oxlab3 0xf910
241 0x09ee 0x0c7f 0x115a 0x4469 0xf181 Oxfcbe
242 0x51e0 Oxbe7a 0xe94a 0x2b4f Oxffba 0x59b1
243 0x0ce9 0x0b67 0x1870 0Oxed40 Oxaela 0xf362
244 0x1724 0xbf5d 0x0887 OxOaad 0x0d76 0xa4f6
245 0xe853 0xff3e 0xc9e4 0xd525 0x4c20 0x0405
246 0x1173 Oxe8b4 Oxb5c4 0x05ef 0xfe99 0x0357
247 0xfod3 0xe249 0x5636 Oxd2c4 0xd8d0 Ox42ce
248 0xcf84 0x09f9 0x10e4 0x57e4 0x1677 0x2f8a
249 0x9dd9 0x464¢c 0xe710 0x049¢ 0x049e 0x2596
250 0x5ba6 Oxdee9 Oxeed8 0xf593 0x1dd6 Oxbe3d
251 Oxea79 0xf4b9 0xd5fb Oxae6d Oxlcde 0x041d
252 0x0a8f 0xaf86 Oxe27e Ox1d5c¢c Oxelc4 Ox16ec
253 0x50be 0x558d 0x01c9 0x3a79 0xbb07 0xd16f
254 0x0el3 0xfoch Oxf77f 0xff63 0xffd5 0x025d
255 0x09d1 0x22fa 0x291f 0x581f Oxcllc 0xcl157
256 0x1772 0x1357 Oxla8b Oxed02 0xa880 0x49al
257 0x1da6 0xf963 0x9f90 0xf2b4 0x3759 0x04be
258 Oxeed?2 0xe5f9 Oxe52a 0xd89d 0x9fec 0x2425
259 0x28e4 0x4557 Oxelbc 0x0093 0xe756 0x1143
260 0x3f3b 0xbf53 Oxefe9 0x10ce 0x1dc9 0x1521
261 0x0ce7 OxOaaf 0x1d22 0xb242 0xf732 Oxf18a
262 0xf7e3 0x5469 0x3al6 0x3101 0xe83f 0xf9lc
263 0x1246 0Ox2ddc 0x0b2b 0x1b29 0x077f 0xfOel
264 0x0dc2 Oxaaa3 0xf65b 0xd72b 0x49cd 0xd60a
265 0OxOeaf 0xd831 Oxecfe 0xf59d Oxbab59 0xfb26
266 0x3a8f 0x2487 0Ox2ebe 0xfadb Oxed10 0x5815
267 0x2525 0x95f0 0x29ee 0x5173 0x99b7 Oxba2a
268 Oxe3fe 0xfa90 0xb3d9 0Ox31ca 0x2006 0xf83c
269 0x075b 0Ox6dfe Oxfch2 Oxe3bd 0x00f9 0x00e9
270 0xe3e0 0x029d Oxfe8d 0xf47¢ Ox5ac2 0xe9fd
271 0x0c45 0x0120 0x0c97 0xfb16 0xff9e 0x9429
272 0x43dd Oxa53d 0x13f6 0xd441 Oxf5f2 0xd321
273 OxeccO 0x05ee Oxeab0 0x029e 0xb89a 0x079f
274 0x285e 0xb267 Oxedd7 0x0169 0xff60 0xfc65
275 0x492¢ 0x37b8 0xf3ad Oxe2c3 0xf300 0x1747
276 Oxfle2 0x5255 Ox1c6e 0x0ddo0 0x1fb9 0xfa08
277 Oxdfla 0x01f4 0xb512 0x49f1 0x6718 Oxfbfl

278 0x3d17 0x6444 0x20b7 0x076f 0x0799 0xd135
279 0xf564 0x0d3d 0x68e2 Oxeelb 0x070b 0x0016
280 0x0499 0xfd71 0x04d1 0xf7b0 Oxlea4 0x06e7
281 0xfd07 0x2011 Oxb4a6 OxeeOf 0x0783 Oxfea9
282 Oxfd4f 0xf236 0xf33d 0xf124 Oxf53f 0x4886
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283 0xf7c2 0x07aa Oxfab7 0x4103 OxOacd Oxabc2
284 Oxfe4f 0x1329 0x012e 0x32d8 0x3e3d Oxe8ef
285 0x0c83 0x101le Ox2bad Oxea88 Oxfe1f 0xfb78
286 0xfbbd 0Oxe6bb 0xfa79 0x1632 Oxfefd 0x0247
287 0xdb43 0xb38c 0x1848 0x067a 0x03el 0xffb5

288 0xf961 Oxee68 0xf70f 0xf008 0xe664 0xbf3f

289 0x1298 0xfc84 Oxd56a 0x1974 0x5e87 0xe885
290 0xff03 0x03e8 0x003f Oxffaf 0xff8d 0xfe82
291 Oxfach 0x5eal 0xfd46 Oxedch 0xf50f 0xb538
292 0xfc94 0x8f3e Oxaa8f 0x3185 0xe738 0x0ca3
293 0x41cf 0x5299 0x99c4 0xf391 Oxfe74 0x00e6
294 0x4778 0xel192 Oxcdc7 0xfd59 Oxfa3f 0x0005
295 0xd708 Ox2cab 0Ox64cd 0xfb9e 0x0579 Oxfeda
296 0x0ec6 0xe2fb 0x6860 0x449f 0x4b39 0x30fe
297 0x18bc 0xfd16 0x31f5 0x2464 0xa7f2 Oxeb16
298 0x0d5a 0xa738 0x6962 0x477f 0x0434 0x03bc
299 0x954d 0xf454 0x0398 0x00eb 0x08b9 0x0051
300 0x1837 0x14b0 0x3edd 0x39b0 0xdf13 0xfba8
301 0xe6e0 0x4b2c 0x26¢1 0xf34b 0x04fe 0xfc46
302 0x5e95 0x0801 0Oxa66d 0x0al9 0xf696 0xef88
303 0x2446 0x37ca 0xb2e9 0xfO6f 0xf6d8 0x0404
304 0xb160 0x4649 0xdbOe 0x59e4 Oxbda9 0x21b1l
305 0xe510 0xaf06 0x0eb2 0x4407 0x5745 0x4a50
306 0x034a 0x5e75 0x61e6 0xe931 0xffb2 0x03a9
307 0xfd93 0x4d0a Oxal74 0xf856 0Oxc5fa 0xffc8

308 0x58ee Oxec01 0x43d5 0x5d3c 0xb3e8 0xe662
309 0xf792 0x4452 Oxac45 0x0dOc Oxcded 0xb0b9
310 Oxda6b 0x43ad 0x02ch 0x08d9 Oxefe5 Oxfel4d
311 0x23c4 0x3293 Ox6aa7 Oxad49 0xe848 0xdbOf
312 0xcc94 0Oxab51b 0xc94a Oxefa8 0x1b42 0x0002
313 0x03aa Oxcbbb 0x0dc0 Oxall7 0x5976 0x4c85
314 Oxecdl Oxb2c2 0x4d34 Oxdba2 0xce96 0x0eeb
315 Oxeaaa 0xef67 0xe4b5 0xe78c 0xc989 0x9dc2
316 0x247d 0x2881 0xc9da 0xe5d0 0x581c 0xfdf9

317 0x19fb 0x4950 Oxed09 0x311a 0x398a 0xd81f
318 Oxfcc9 0x46¢c7 0x018e 0xfad2 0xff8c 0xfe95
319 Oxe4e9 Oxceba 0x9118 0x2168 Ox1b31 Oxff11

320 0xf5d6 Oxeda0 0xfc03 0x07df 0x1409 0x5¢c76
321 Oxcefl 0xe002 0x9e3c 0x4870 0x3763 0x067f
322 0x0eeb 0x522¢ Oxda6ec Oxec45 0xf8f8 Oxfbcl
323 0xa9d7 0x4123 0x3a70 0x24f3 Ox0ae2 0x425f
324 0x9a48 0xb48a 0xe6f2 0x0450 0x16a6 0xb989
325 0xfo37 0x60f9 0x28b1 Oxd4bl 0x0380 0xeb67
326 0xf8cl 0x2d8d 0xf50d 0x60e9 Oxac45 0xb2b0
327 Oxad4f Oxbea7 0Oxe96a 0x160b 0x0a4c 0x134c
328 0xf944 0x1124 0x97cf Oxca81l 0x294a 0x9ad9
329 0x3bfe 0xb3d8 0x6682 0xb7c3 0x06¢c8 0x1f76
330 0x1634 0x519a 0x0ffb 0xb564 0xc704 0xd71c
331 0x436¢ 0xc05d 0x3a0b Oxbadl Oxb51a 0x3093
332 0x95cf Oxcee3 0xl1a57 Oxfdce 0x03d0 Oxfeff

333 0x306b 0Oxde56 0xa918 0xb27d 0x2b05 0x1e52
334 0x0ed7 Ox2e4d 0x941a Oxdee7 0x0441 Oxfa29
335 0x102d 0xf77a 0x97a0 0xfd21 Oxfcfa 0x05bd
336 0x0c35 0x35¢c2 Ox11fe 0x7249 0x4953 0xd9la
337 Oxbbc7 Oxdblb 0xbb66 Oxféle Oxe6dd 0xf172
338 0xf932 0x10ff 0xe547 0xb2c3 0x259b 0xd662
339 0x1c53 0x0dc5 0x2a53 Ox15el 0x626e Oxa4cc
340 0xd7c4 Oxbab5a 0x0277 0x2d78 0x07fc Oxae72
341 0xfc97 Oxdeca 0xfbd9 0xc2c6 0xd63b 0x3a56
342 Oxclab 0x6de9 0x1494 0x01dd Oxfbe3 0x0486
343 Oxfa29 0xdd92 0xe97c 0x9e7b 0x6584 Oxlee3
344 Oxfbf2 Oxff8e Oxféfc Oxfad9 0xe6b0 0x05c0
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345 0x131f Oxbal7 0x9b06 0x14b5 0xff44 0x062d
346 0x0c80 0x4349 0x10fa 0x5655 0xb791 0x560c
347 0xd7f6 0x0221 Oxd54c 0x08e4 0x925a 0x1fb6
348 0x3bef 0x0919 0x2464 0x5039 0x3a3c 0x521d
349 0x18b9 0x17f2 0xa044 0x0345 Oxde43 0xe92¢
350 Oxlcda OxfeOb 0x2907 Ox4ea3 Ox2cab Oxed6éd
351 0xf547 0x5e6e Oxdbc6 0x3ba9 0xdf3b 0xe935
352 0x0bb0 0xf4d0 0x17a0 Oxe2cf Ox2da7 Oxble4d
353 0xfc8d Oxdl4e 0xd908 Oxaabb Oxeeac 0x95d6
354 0x0d82 Ox4caa 0x0500 0x0a25 0x4d89 0x1487
355 Oxeb3d Ox4abd Oxc74a 0xddOe 0x35b5 Oxfab8
356 0x48d2 0x44f7 0x2af9 Oxlaal 0xb80e 0x18c0
357 Oxfo5f 0x08c4 OxedeO 0x0féc Oxcda6 Oxeb67
358 Ox4fcc 0x292e 0x104a 0xfcOc Ox4bef 0x54bb
359 0xf481 0xb2e9 0xefa0 0x0528 0x038d 0xdd3f
360 0x2487 0OxeQ7e 0xf5¢c6 Oxcd7b 0x67d6 0x0db3
361 0x25e9 0xa79c 0x2077 Ox1fe7 Oxccl3 0x15e8
362 0x0c96 0x0eab Oxfalc 0x00a5 Oxffcc 0xff3c

363 0x0066 0xa728 0xdd80 0x0387 0xd363 0Oxc6ba
364 0xff88 0x176e 0x4d35 0x3459 0x0e2¢c 0x144d
365 0x2150 0x16¢3 0xfbd6 0x0306 0xffd9 0xff5a

366 0x24c¢c3 Oxdafc 0x256d Oxcd34 0x5f88 0x6144
367 0x45d6 0x08bb Oxab79 Ox4ffe 0x126¢ Oxe3ea
368 0xf64e 0x2527 0x064b Oxaa49 0x3796 Oxfaf7

369 0x2448 0xf70d Ox5aaf 0xf284 0xd5a6 0x000b
370 0x2518 0Ox0bel 0x140a OxfOce Oxadld Oxa7c3
371 0x37b6 0xd992 Ox4ee3 0x36¢3 0x005b OxbcdO
372 0xb761 0x03d4 0x0011 0x0335 0x0078 0Oxfdc2
373 0x2ffd Oxb4bb 0x35ae 0x3ff5 Oxff5f 0x1789
374 0xf2dc 0x05fa 0xfO5b 0x0996 0xd588 Oxa2el
375 0x0069 0x13dd Oxfefc 0x169e Oxfdb4 Ox4ae?2
376 0x1019 0x1049 0x347f 0x3934 0x51a3 0x1d0a
377 0xff51 0x332d 0xf188 Ox5acl 0x0f43 0x277a
378 0xe82b Ox5bab 0x1454 Oxfac3 0x063f 0x3376
379 Oxf36f 0xf25a 0x3b0d 0xdf3d 0xd20e Oxed72
380 0x047a 0x1243 Oxb44e 0x3a45 Oxecld 0x00f9
381 Oxabfe 0x2798 Oxbfa7 Oxcc07 0x47ce Oxde67
382 0x0274 0x098f 0x0d10 0x0c3a Oxec05 0x0077
383 0x45ec Oxa86a Oxbbi1f 0x55cf 0xc05b 0xe204
384 0x41df 0x5e96 Ox15ec 0xfOee Oxfcd7 0xOeee
385 0xf70d 0x276b 0xf6¢c8 0x9deb 0xfb36 0x0138
386 0x0b8d 0x2bf8 0x6879 Oxcc2e 0xf281 0xfb98
387 Oxb2ce 0xf56¢ 0x11fc 0x18d3 0x0666 0x639d
388 0xb377 Oxelb7 0x0c57 Oxffab Oxfel7 0xf8cl
389 0x032e 0x30de 0x4a85 Oxedb7 0xf5ce Oxfa3e
390 0xa490 Oxb5ad 0x1fc9 0Ox4da6 Oxlee8 Oxfee6
391 0x0347 0xb33c 0x2e97 Ox6a8e 0xf375 0x08da
392 0x0fb4 Oxfbaa 0x2022 0xfb06 0x51ba 0Ox6le4
393 0x67d0 0x0145 0OxdeOb 0xff18 0xf756 0xfd45
394 0xd3e3 0xefo8 0x070d Oxe5ef 0Oxa664 Oxfach
395 0xf82b 0Oxclf2 Oxfbe9 0x93d9 Oxcc4dd 0x3822
396 0xa9c7 0x079d 0x3377 0xc2d8 0xf8ca 0x1f77
397 0x0bdf 0x2ef9 Ox1bdc 0x9fc8 0x019d 0xf6d5
398 0xa210 0xff32 0x30ab 0xe602 Oxfe5f 0xd895
399 0x4703 0xa378 Oxafdd 0xbff4 Ox1c3e 0x02fb
400 0x161b Oxec23 0x3636 Oxa34f 0xd4bb 0xb37d
401 0x2c4c 0x01f5 0x61d0 0x1dc0 0xb336 0x0645
402 0x97e6 0x22ae 0x2930 0Ox0lal 0x0513 0x0105
403 0x387¢ 0x2c69 0xf341 0x2706 0x2002 0x46bf
404 0x054b Oxae9a Oxdcl14 Oxcl44 Oxde9l 0xfd26
405 0xf882 Oxae37 0xb88b 0xf663 0xf5a5 0x10dc
406 0xf506 0x5fc9 0xd50c 0x9b87 0x0134 0xfb2e
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index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)

407 Oxdc8d 0xbc80 0xf8d7 0x8d62 Oxal6b 0xbf09
408 0xf4e5 0x27b5 Oxeb25 0xf4b8 0x5562 Oxaca4
409 0xc228 0x3a01 Oxa31c 0x1440 0x2781 Oxaf61
410 Oxb3b1l 0xd39f 0x20dd 0x05ce 0xa396 0xe981
411 Oxe2a8 0x0403 Oxaecb 0x35a4 0x4db4 Oxaab2
412 0xd09c 0xe492 0xb519 0xdd78 0x566d 0xbf96
413 0x0791 0x145a 0xe752 0xa314 0x3355 Ox2b4da
414 Oxff33 0x1794 Oxfe84 0x21d2 Oxff17 0x6d74
415 Oxea6bd 0x1d35 0x1dd3 0x5¢2b 0x2623 0xf5e2
416 0x549a 0x9167 0xf3f2 Oxfed4 0xfbf8 0x06d0
417 0xa8b0 0x4106 0x00d0 0x1a09 0xbc08 0xf42¢
418 0x4832 0x2478 Oxf54f 0xb454 0x0197 Oxeedb
419 Oxeccf 0xbc26 0x4983 OxbbOa 0x3468 0x3b80
420 Ox1e45 0x18e0 0x5a5f 0xb902 0Ox1da0 0xef68
421 Oxfa2f 0xe685 0x024a 0xd853 0x3a74 0x63e0
422 0x0f04 Oxe7f4 0x1321 0OxcdOb 0xa802 0x160f
423 Oxded5 0xf7c7 0x9f3a 0x0389 0xdb92 0x05b0
424 0xf420 Oxfa3c 0x048e Oxeeb4 0x2be4d 0x23f4
425 0x0d45 0xfa55 0x351e 0xc21f 0x5fdc 0x16bb
426 0x2123 Oxf44f 0x542b Oxbdec Ox1e3d 0x5dd2
427 Oxchac 0xa332 Oxeb2c 0xe5f8 Oxee6f 0x33d3
428 0x4bb3 0x3274 0xf7a2 Oxfd1f 0x526¢ Oxa9ab
429 0x0d41 Oxedeb 0x1667 0xb61f Oxedc7 0x0a7f
430 0x047¢ 0OxcOed Oxac47 0x9241 0xfd8a 0xc78f
431 0x1c84 0x02a0 0x4862 Oxbbd4 0xd85b 0x015f
432 0x2c5¢ 0xd522 0x433c 0x1210 0x0091 0x457f
433 0xfd39 0xf269 0xf742 0x3e0f 0x07eb 0x0000
434 0x9270 0x0702 Oxfdaf 0xf53a Oxaaa4 0x2d0f
435 0Oxb31d 0x1349 0x55f4 0x5413 0xf3b4 0x06fe
436 0x032d 0x2027 0x0a49 Ox2ecd 0xf41d 0x56b9
437 0x22f8 0x9f48 Oxfd4e 0x3al9 0xféc2 Oxeb04
438 0x20d6 Oxeacl Oxfeee Oxfd7e Oxffef 0x030a
439 0xe633 Ox1c5a 0x512¢ Oxa42d 0xb73f 0x58fe
440 0xa690 0x9c70 0x2724 0xfob2 0x05e4 Oxfa8f

441 0x1db7 0x0197 0x9f9a Oxbfff 0xf8f4 Oxedab
442 0xd6a0 0xb53d 0x28de 0xf15d 0x2211 0xe4f9
443 0x32d2 Oxl4ac Oxe7aa Oxecec Oxaeb8 0xf8fb

444 0x41fb 0xca36 Oxfe2f 0x4b8f 0xd60b Oxcd61
445 0x6269 0xc631 0xe9cf 0xfdf7 Oxfebf 0xfb45
446 0x1b05 0xf3eb Ox4ed7 0x96€e9 0xd106 0x050f
447 0x0131 0x07c8 0x4c01 Oxfc27 0x0019 Oxfdf7

448 0x1a33 0xf18e 0x20ad Oxdell 0Ox55al 0x95e2
449 0x123c 0x176d Oxlbcd 0x2db0 0x5f51 0xd5d6
450 0x02e8 0xdb38 0x4db5 0x07ab Ox1ef2 0xd9a0
451 0x0d66 0x5322 0xf938 0Ox2a5c¢ 0x2275 0x6987
452 0xdd93 0x05f1 Oxa2la 0x0673 0Ox1e9e 0xfb48
453 0x0f47 0xd42b 0x0cc9 0xcf03 0x1c00 0x47e2
454 0x548a 0x239d 0xd2f0 Oxeb78 Ox1bab 0x094e
455 0x0064 0x0ee9 Oxe5¢7 0x04dc 0x05ee Oxfebf

456 0x1f0a 0xb712 0x29ab Oxecfe 0x02d7 0x0308
457 0xc1f5 0Oxe02a 0xf7d9 0x58d3 0x061f 0xf266
458 0x11lc 0xf551 0x2115 Oxe48f 0xd360 0x0525
459 0x695a 0x1129 0x1dfl 0x4499 0xfd36 0x028a
460 0xcOcl Oxfcbd 0x20ad 0x0703 0xc816 0x3fa9
461 0x1198 0xd8c0 Oxldee 0x97be Oxbbec 0Ox0al4
462 0x0030 0xf070 0x0234 0xe911 0x0a62 Oxb71e
463 0x3123 0x9a60 0xc2e6 0x0a70 Oxfabd 0xfc89
464 Oxecaa 0x1070 0xe565 0x0a09 0xaf73 Oxde2e
465 0xf8d4 Oxc6le Oxea3d Oxa4e6 0xc630 0x650b
466 0x153a 0x9215 Oxfécb 0xf4bd Oxfdc6 0x097f
467 0x3328 0xf52d 0x61a2 0xcf30 0x9f6d Oxfbff

468 0xe9d4 0xefOd 0x0774 0x48c4 Oxach5 0x43d6
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index val[index][0] val[index][1] val[index][2] val[index][3] val[index][4] val[index][5]
(16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's (16-bit two's
complement) | complement) | complement) | complement) | complement) | complement)

469 0x6¢0c 0x9307 Oxc3cf 0x059¢ 0xe438 Oxf73f

470 0x1f53 0x0f07 0x5ff8 Oxfe2b 0x25ca 0x29bb
471 0xfc79 0xd85b 0x0709 Oxacf4 0x12bb Oxddd1
472 0x0462 0xda92 0x0a41 0x5907 0x03bc 0x0372
473 Oxlec4 0x4a83 0xd954 0xal36 0x1d48 0x243d
474 0x03d4 0x9774 Oxeaf6 0x1514 0x043e 0x0670
475 0x70a6 0xfbOa Oxfedl 0x0005 Oxfe53 Oxffec

476 Oxc44d 0x17f4 0x591c 0x04e4 0xd915 Ox01ff

477 0x0353 0x1ef5 Oxfe37 0xdO4e 0x10a5 0x1d9b
478 Oxeede 0x2104 0xfb22 0x38a5 0x9e89 0xe980
479 Oxba6a 0xd619 0x269f 0xa287 0xch88 0x0756
480 0xc537 0x27b5 0x406b 0xc6f5 0xd240 Oxad5c¢
481 0xf30b 0x0348 0Oxe9cd 0x578d 0x07ca 0x024a
482 0x5a76 0xe964 0xc53d 0xd77¢c 0Oxdbc9 Oxcb2d
483 Oxfcfb Oxdadb 0xf067 0xal38 0x210f Ox16ac
484 0xde9f Oxfd41 0xcf68 0xfoef 0x9dde 0x920d
485 Oxbeed 0x3e81 OxOaba 0x064b 0x13e9 Oxfbed
486 0x0029 0xe3f3 0x4dbf 0x7b43 0x8213 0x3667
487 0xe9e6 0x034d Oxcela 0x1649 0x4137 Oxffaa

488 0x14a2 0x3alb 0x6992 0x5284 0x3da0 0xd713
489 0x3978 Ox4cc0 0xd321 Oxcbcf Oxbllc 0xc483
490 0x2195 Oxdc4e 0Oxfd8e 0x2a8b 0xe881 0Ox18ca
491 0xfa30 0xfb08 Oxfa39 Oxfae9 0xf188 Oxea93
492 0xf2d6 0x45cf 0xe634 0x6162 0x651e 0xf3c9
493 0x20e0 0x6¢87 0xfa97 0x14e6 Oxef5¢ 0x4el9
494 0x1638 0x016a 0x435e Ox0eel 0xf352 0x0440
495 0xffo7 0x8c59 0Ox0abb 0x3b77 0xff59 0x0e8a
496 0x0dae 0xf385 0x219a Oxle5¢c 0xfoe2 Oxfcéd

497 Oxfel5 0x0ch9 0xf689 0x1592 0x507e 0xff9c

498 0xc984 0xd398 0Oxc3f1l 0xaa96 Oxdeb8 0x2fbd
499 0xfd98 0x0978 0xf819 0x112e 0xf123 Ox1fac
500 Oxe3dc 0x5233 0x52db Oxdb4d 0xb441 0x0380
501 0xe997 0xc4c8 Oxacce Ox42aa Oxfc12 0Oxfe92
502 0x1875 0x0ca8 0xd15f 0OxcOab 0xc234 0x19b5
503 0xf3ad 0x60dc OxOaad 0xfb17 0xfc95 0xfoc3
504 0xb00b 0x2b56 0x5e07 Oxdceb 0x3738 0x08ac
505 0xc8e6 0x2eb7 0xa821 0x1027 Oxfbel Oxead4
506 0x0321 Oxf5al 0x003c 0xeb34 Oxfcea 0x1731
507 0xe334 0xf9lc 0xa85f 0x9a34 0x54ch 0x1052
508 Oxe9ad 0xe608 0xc5c4 0x052d Oxa214 0x05d5
509 0xe878 0xcf38 0x5d7a 0x0b86 0x0641 0x0495
510 Ox4a7b Ox44de 0x4609 0xd662 0x2ab0 Oxeca2
511 0x0c9f 0xf32c Ox6ac8 0x104e 0xfo6d 0x01f1
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Annex F (normative):
AC-3 and Enhanced AC-3 bit streams in the ISO Base
Media File Format

F.O Scope

The purpose of this annex isto define the necessary structures for the storage and identification of AC-3 and Enhanced
AC-3 hit streamsin afile format that is compliant with the SO Base Media File Format. Examples of file formats that
are derived from the 1SO Base Media File Format include the M P4 file format and the 3GPP file format.

F.1 AC-3 and Enhanced AC-3 Track definition

In the terminology of the |SO Base Media File Format specification [i.9], AC-3 and Enhanced AC-3 tracks are both
audio tracks. Therefore the following rules shall apply to the media box in the AC-3 or Enhanced AC-3 track:

. In the Handler Reference Box, the handler_type field shall be set to "soun™.
e  The Medialnformation Header Box shall contain a Sound Media Header Box.

. The Sample Description Box shall contain abox derived from AudioSampleEntry. For AC-3 tracks, thisbox is
called AC3SampleEntry and is defined in clause F.3. For Enhanced AC-3 tracks this box is called
EC3SampleEntry and is defined in clause F.5.

e  Thevaue of the timescale parameter in the Media Header Box, and the value of the SamplingRate
parameter in the AC3SampleEntry Box or EC3SampleEntry Box shall be equal to the sample rate (in Hz) of
the AC-3 or Enhanced AC-3 hit stream respectively.

e  AC-3hit streams shall aways be identified by using the AC3SampleEntry Box. The use of the
M P4AudioSampleEntry Box in combination with the Object Type Indicator value assigned for AC-3 to
identify AC-3 bit streams is prohibited.

. Enhanced AC-3 hit streams shall always be identified by using the EC3SampleEntry Box. The use of the
M P4AudioSampleEntry Box in combination with the Object Type Indicator value assigned for Enhanced
AC-3 to identify Enhanced AC-3 bit streams is prohibited.

e  Thefollowing bit stream parameters shall remain constant within an AC-3 bit stream that isidentified by the
AC3SampleEntry Box:

- bsid

- bsmod

- acmod

- Ifeon

- fscod

- frmsizcod

e  Thefollowing bit stream parameters shall remain constant within an Enhanced AC-3 bit stream that is
identified by the EC3SampleEntry Box:

- Number of independent substreams

- Number of dependent substreams
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- Within each independent substream:

=  bsid

" bsmod
. acmod
" Ifeon

= fscod

- Within each dependent substream:

*  bsid

. acmod
" Ifeon

= fscod

" chanmap

While the present document defines the AC-3 and Enhanced AC-3 bit stream syntax in big-endian byte order, it should
be noted that little-endian byte order streams are valid and may be present within files that are compliant with the SO
Base Media File Format. The byte order of the AC-3 or Enhanced AC-3 hit stream can be determined from the order of
the bytesin the syncword field at the start of each AC-3 or Enhanced AC-3 syncframe. A bit stream stored in big-
endian byte order has a syncword value of 0xOB77, and a bit stream stored in little-endian byte order has a syncword
value of 0x770B. It is strongly recommended that AC-3 and Enhanced AC-3 bit streams are stored within 1SO Base
Media Files in big-endian byte order.

F.2 AC-3 and Enhanced AC-3 Sample definition

AC-3 or Enhanced AC-3 Samples contain six audio blocks, equivalent in duration to 1 536 contiguous samples of PCM
audio data. Consequently, the value of the sample_delta field in the Decoding Time to Sample Box shall be 1 536.

An AC-3 Sample shall be defined as follows:
. Exactly one AC-3 syncframe, as defined in clause 4.1 of the present document.
An Enhanced AC-3 Sample shall be defined as follows:

The number of Enhanced AC-3 syncframes required to deliver six blocks of audio data from every substream present in
the Enhanced AC-3 bit stream, beginning with independent substream 0.
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ISO BMFF sample

AC-3 sample Enhanced AC-3 sample

AC3 syncframe Enhanced AC-3 syncframe

Enhanced AC-3 coded

AC-3 coded audio block audio block

Figure F.2.1: Composition of ISOBMFF samples

How datais structured within an ISOBM FF sample depends on the configuration of the bitstream. Figures F.2.2
through F.2.4 provide different examples of ISOBMFF sample makeup.

Figure F.2.2 shows the construction of an ISOBMFF sample that contains a single Enhanced AC-3 Sample consisting of
six audio blocks.

*— ISO BMFF Sample =™

Enhanced AC-3 Sample

| S~

| “"m\

| ~‘*N‘

| T -

| T~

| ‘~‘\“

| "‘sh\

Sync Info ﬂzgm Audio Audio Audio Audio Audio Audio ALx CRC
Info Block Block Block Block Block Block Data

Figure F.2.2: ISOBMFF sample with a single substream with six blocks per frame

The six audio blocks represent 1, 536 PCM samples of audio from a single substream (substream 0).

Figure F.2.3 shows an ISOBMFF sample that contains a single Enhanced AC-3 Sample consisting of four frames.
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I ISO BMFF Sample —™

Enhanced AC-3 Sample

|
|
|
| T~ -~
| el P
| T~
| Tea -~ -
BIA|JA|ATA|C BIAJAJA|A|C BIA|AIA|lA]|C BIA[A|AIA]|C
S |s|B|B|IB|U|R| S |S|B|IB|B|I|U|IR| S |S|B|B|B|JU|R|] S |S|B|IBIB|U|R
IJoJOo]JO|X|C {11111 X]|C l'JoJOo]JO|[X]|C 1111 X]|C
. AN A\ AN S
N \'d ' e
Frame representing 768 Frame representing 768 Frame representing 768 Frame representing 768
samples of substream 0 samples of substream 1 samples of substream 0 samples of substream 1
audio audio audio audio

Figure F.2.3: ISOBMFF sample with two substreams with three blocks per frame

Each frame contains three audio blocks (denoted 'ABO' for substream 0 and 'AB1' for substream 1), each representing
256 PCM samples of audio from all channelsin each substream.

Figure F.2.4 shows an ISOBMFF sample that contains a single Enhanced AC-3 Sample consisting of six frames. Each
frame contains one audio block, each representing 256 PCM samples of audio from every channel in the substream.

[ ISO BMFF Sample —™

Enhanced AC-3 Sample

| -~

| S~

| ~——

| “"s_‘

| \\N‘

| e

| T e—
BI|A|JA|C BIlA|[A]|C BI|A[A]|C BI|A|JA|C BIA|A]|C BIA|A|C

S|S|IBIJUIR|IS|IS|B|UIR|IS|S|IBIJU|IR|S|S|B|JU|IR|IS|S|BJU|IR|S|S|B|JU|R

| O | X]|C IO X]|C IO X]|C [ O X]|C I {0 X]|C | O X]|C

Figure F.2.4: ISOBMFF sample with a single substream with one block per frame

AC-3 and Enhanced AC-3 Samples shall be byte-aligned. If necessary, up to 7 zero-valued padding bits shall be added
to the end of an AC-3 or Enhanced AC-3 Sample to achieve byte-alignment. The Padding Bits Box (defined in
section 8.23 of ISO/IEC 14496-12 [i.9] need not be used to record padding bits that are added to a Sample to align its

size to the nearest byte boundary.
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F.3 AC3SampleEntry Box

F.3.0 Introduction

The bitstream format does not require external metadata to set up the decoder, asit is fully contained in that regard.
Descriptor datais present, however, to provide information to the system without requiring access to the elementary
stream, as the bitstream can be encrypted.

F.3.1 Syntax

Syntax No. of bits Identifier  Value

AC3Sanpl eEntry()

{
BoxXHeader. Si ze .. ... i 32 ui nsbf
BoxHeader. Type ... 32 ui mebf
Reserved [B] .. ... ... 8 ui msbf 0
Dat a-reference-i NdeX .. ... 16 ui nsbf
Reserved [ 2] ... 32 ui mebf 0
Channel CoUNt ... 16 ui nsbf 2
Sanmpl €SI ze ... 16 ui msbf 16
ReSerVed ... 32 ui msbf
SanpliNgRat @ . ... 16 ui mebf 0
RESEIVEd . .. 16 ui nsbf 0
AC3Speci fi cBox

}

F.3.2 Semantics

The layout of the AC3SampleEntry box isidentical to that of AudioSampleEntry defined in 1ISO/IEC 14496-12 [i.9]
(including the reserved fields and their values), except that AC3SampleEntry ends with abox containing AC-3 bit
stream information called AC3SpecificBox. The AC3SpecificBox field structure for AC-3 isdefined in clause F.4.

For unencrypted tracks, The value of the BoxHeader.Type field shall be set to 0x61632d33 (‘ac-3'). For encrypted
tracks, the value should be set according to the encryption scheme.

The values of the Channel Count and SampleSize fields within the AC3SampleEntry Box shall be ignored.

F.4  AC3SpecificBox

F.4.1 Syntax

Syntax No. of bits Identifier

AC3Speci fi cBox ()

{
BoxHeader. Si ze . ... .. 32 ui nmsbf
BoxXHeader. Type ... 32 ui mebf
FSCOd .. 2 ui nsbf
DS d 5 ui msbf
DSIOd . .. 3 ui s bf
ACITDA . .. e 3 ui nbsf
7= 1 bsl bf
bit_rate_code . ...... ... ... 5 ui msbf
[ SNV . .t 5 ui nbsf

}
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F.4.2 Semantics

F.4.2.1 BoxHeader.Type - 32 bits
The value of the 32-bit BoxHeader.Type field shall be set to 0x64616333 (‘dac3).

F.4.2.2 fscod - 2 bits

The 2-bit fscod field shall have the same meaning and shall be set to the same value as the fscod field in the AC-3 bit
stream.

F.4.2.3 bsid - 5 hits

The 5-bit bsid field shall have the same meaning and shall be set to the same value as the bsid field in the AC-3 bit
stream.

F.4.2.4 bsmod - 3 hits

The 3-hit bsmod field shall have the same meaning and shall be set to the same value as the bsmod field in the AC-3
bit stream.

F.4.2.5 acmod - 3 hits

The 3-hit acmod field shall have the same meaning and shall be set to the same value asthe acmod field in the AC-3
bit stream.

F.4.2.6 Ifeon - 1 bit

The 1-hit Ifeon field has the same meaning and is set to the same value as the Ifeon field in the AC-3 bit stream.

F.4.2.7 bit_rate_code - 5 bits

The 5-hit bit_rate_code field shall indicate the data rate of the AC-3 hit stream in kbit/s, as shown in Table F.4.1. The
value of thisfield shall be derived from the value of the frmsizcod parameter (see Table 4.13).

Table F.4.1: bit_rate_code

Bit_rate code Nominal bit rate (kbit/s)
00000 32
00001 40
00010 48
00011 56
00100 64
00101 80
00110 96
00111 112
01000 128
01001 160
01010 192
01011 224
01100 256
01101 320
01110 384
01111 448
10000 512
10001 576
10010 640
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F.4.2.8 reserved - 5 bits

These bits are reserved, and shall be set to 0.

F.5 EC3SampleEntry Box

F.5.1 Syntax

Syntax No. of bits Identifier  Value

EC3Sanpl eEntry()

{
BoxHeader . Si ze .. ... . 32 ui nmsbf
BoxHeader. Type ... ... .. 32 ui msbf
Reserved [B] ... 8 ui nebf 0
Data-reference-i NdeX .. ... . e 16 ui nsbf
Reserved [2] .. ... 32 ui msbf 0
Channel CoUNt . .. ... 16 ui nsbf 2
SANPl €SI ZE . . . 16 ui mebf 16
ReSErVEd ... 32 ui nsbf 0
SanplingRat e . ... ... 16 ui msbf
ReServVed ... 16 ui msbf 0
EC3Speci fi cBox

}

F.5.2 Semantics

The layout of the EC3SampleEntry box isidentical to that of AudioSampleEntry defined in ISO/IEC 14496-12 [i.9]
(including the reserved fields and their values), except that EC3SampleEntry ends with a box containing Enhanced
AC-3 hit stream information called EC3SpecificBox. The EC3SpecificBox field structure for Enhanced AC-3is
defined in clause F.6.

For unencrypted tracks, the value of the BoxHeader.Type field shall be set to 0x65632d33 (‘ec-3"). For encrypted tracks,
the value should be set according to the encryption scheme.

The values of the Channel Count and SampleSize fields within the EC3SampleEntry Box shall be ignored.

F.6 EC3SpecificBox

F.6.1 Syntax

Syntax No. of bits Identifier
EC3Speci fi cBox()
{
BoxXHeader . Sl ze ... ... e 32 ui nmsbf
BoxXHeader. Type ... 32 ui mebf
dat @ rat @ ... 13 ui nmebf
NUMLE NA_SUD ..o 3 ui msbf
for(i = 0; i < numind_sub + 1; i++)
{
FSCOd .o e 2 ui nsbf
DS A oo 5 ui msbf
FESEIVEA . oot 1 bsl bf
ASVC o e 1 bsl bf
DS . .. 3 ui nsbf
ACNMDA . . ot 3 ui s bf
=T 1 bsl bf
FSEBI VA . .ot 3 ui nbsf
NUM dEP_SUD ... 4 ui nmebf
if numdep_sub > 0
Chan_| OC . ... 9 ui e bf
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Syntax No. of bits Identifier
}
el se
{
FESEIVEA . .o 1 bsl bf
}
} .
SNV ..ttt vari abl e bsl bf
}

F.6.2 Semantics

F.6.2.1 BoxHeader.Type - 32 bits
The value of the 32-bit BoxHeader.Type field shall be set to 0x64656333 (‘dec3).

F.6.2.2 data rate - 13 bits

The 13-bit data_rate field indicates the data rate (in kbps) of the entire bitstream. The value is the sum of the datarates
of al the substreams. When a bitstream uses variable data-rate encoding, data_rate indicates the maximum data rate of
the bitstream.

The data rate of each substream is calculated using this equation:

(frmsiz+1)*fs

data_rate_sub = e 16

In this equation:
° frmsiz isthe value of the frmsiz field in the frame as defined in clause E.1.3.1.3.

o fsisthe sample frequency of the bitstream (in kHz) as defined in clause E.1.3.1.4. (Thefs valueis derived
from the fscod parameter in the frame.)

. numblks isthe number of audio blocks per frame as defined in clause E.1.3.1.5. (The numblks valueis
derived from the numblkscod parameter in the frame.)

F.6.2.3 num_ind_sub - 3 bits

The 3-bit num_ind_sub field shall indicate the number of independent substreams that are present in the Enhanced
AC-3 bit stream. The value of this field shall be equal to the substreamID value of the last independent substream of
the bit stream.

NOTE: Thisisthe frame with astrmtyp value of O that precedes the frame with both a strmtyp value of 0 and a
substreamid value of 0 (indicating that this frame belongs to the first independent substream of the
bitstream).

F.6.2.4 fscod - 2 bits

The 2-hit fscod field shall have the same meaning and shall be set to the same value as the fscod field in the
independent substream.

F.6.2.5 bsid - 5 bits

The 5-hit bsid field shall have the same meaning and shall be set to the same value as the bsid field in the independent
substream.
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F.6.2.6 reserved - 1 hit

This bit isreserved, and shall be set to 0.

F.6.2.7 asvc -1 bit

The asvc field is used to signal whether the audio service carried by the independent substream (and dependent
substreams associated with the independent substream, if present) is amain audio service intended to be presented on its
own, or is an associated audio service that isintended to be decoded and mixed with a main audio service prior to
presentation. The asvc parameter shall be set to '1' if the audio service is an associated audio service, and isset to '0' if
the audio service isamain audio service.

Decoding devices that are not capable of simultaneously decoding two independent substreams and mixing the decoded
audio together shall ignore independent substreams with a substream|D value greater than O.

If the asvc parameter is set to '1' for independent substream 0, then the audio service carried in independent substream
Oisintended to be mixed with amain audio service carried in a separate Enhanced AC-3 bit stream stored in a different
track in the 1SO base mediafile. Decoding devices that are not capable of simultaneously decoding two Enhanced
AC-3 hit streams and mixing the decoded audio together shall ignore Enhanced AC-3 audio tracks that have the asvc
parameter set to '1' for independent substream 0.

F.6.2.8 bsmod - 3 hits

The 3-hit bsmod field has the same meaning and is set to the same value as the bsmod field in the independent
substream. If the bsmod field is not present in the independent substream (i.e. when the infomdate field in the
independent substream is set to '0"), thisfield shall be set to 0.

F.6.2.9 acmod - 3 hits

The 3-bit acmod field shall have the same meaning and shall be set to the same value asthe acmod field in the
independent substream.

F.6.2.10 Ifeon - 1 bit

The 1-bit Ifeon field shall have the same meaning and shall be set to the same value as the Ifeon field in the
independent substream.

F.6.2.11 reserved - 3 bits

These bits are reserved, and shall be set to 0.

F.6.2.12 num_dep_sub - 4 bits

The 4-bit num_dep_sub field shall be set to the value of the substreamid field found in the frame with a strmtyp
value of 1 (that is, in the dependent substream) immediately preceding a frame with a strmtyp value of O (that is, in the
independent substream).

F.6.2.13 chan_loc - 9 bits

The chan_loc field indicates channel 1ocations (beyond the standard 5.1 channels) that are carried by dependent
substreams associated with an independent substream. The contents of the chan_loc field are determined by parsing the
chanmap bit field in every dependent substream associated with a particular independent substream, and setting the
corresponding channel locationsin the chan_loc field to avalue of 1.

Because thisfield is used by the system only to indicate the unique channel locations present in the bitstream, it is not
necessary to reflect replacement channelsin this field. Therefore, duplicate channel locations in the chanmap field
indicate replacement channels and can be ignored.
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Table F.6.1: chan_loc field bit assignments

@

it Location
Lc/Rc pair
Lrs/Rrs pair
Cs

Ts

Lsd/Rsd pair
Lw/Rw pair
Lvh/Rvh pair
Cvh

8 (MSB) |LFE2

~NOO|AR|WIN|FL|O

F.6.2.14 reserved - variable

Additional reserved bytes may follow at the end of the EC3SpecificBox. The number of reserved bytes present is
determined by subtracting the number of bytes used by the EC3SpecificBox fields specified above from the total
length of the EC3SpecificBox as specified by the value of the BoxHeader.Size field of the EC3SpecificBox.
Decoders conformant with this annex should ignore any reserved bytes that are present at the end of the
EC3SpecificBox.
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Annex G (normative):
Enhanced AC-3 bit streams in the MPEG-2 multiplex

NOTE:

Transport of Enhanced AC-3 bit streamsin an MPEG-2 Transport Stream that conforms to System A is
defined in ATSC Standard A/52:2012 Annex G [i.10]. Transport of Enhanced AC-3 bit streamsin an

MPEG-2 Transport Stream that conformsto System B isdefined in ETSI TS 101 154 [i.6] and ETSI
EN 300 468 [i.7].
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Annex H (normative):
Extensible format for delivery of metadata

H.O  Scope

This annex defines an extensible metadata delivery format (EMDF) to enable delivery of metadata that is not natively
supported by the AC-3 and Enhanced AC-3 bit stream syntax. Extensibility is enabled through the use of versioning and
identifiers for specific payload types. The metadata payloads defined in this Annex may be used to describe the nature
or configuration of the audio programme being delivered in an AC-3 or Enhanced AC-3 bit stream, or may be used to
control audio processing algorithms that are designed to further process the output of the AC-3 or Enhanced AC-3
decoder.

H.1  Overview

The extensible metadata delivery format consists of a container that contains one or more data payloads. Each payload
isidentified in the EMDF container using a unique payload identifier value to provide an unambiguous indication of the
type of data present in the payload. The order of payloads within the EMDF container is undefined - payloads can be
stored in any order, and a parser shall be able to parse the entire EMDF container to extract relevant payloads, and
ignore payloads that are either not relevant or are unsupported. Protection data follows the final payload in the EMDF
container. This protection data can be used by a decoding device to verify that the EMDF container and the payloads
within the EMDF container are error-free. Figure H.1.1 illustrates the structure of the EM DF container and payloads
within the EMDF container.

EMDF Container

o o [0} o
o |4 s | s | 2 o | 3 {E
o3| | &5 % |l 5| 5|9 NE

=% I | I I

9;|"‘§ g 2 | emdf_payload_ B 2 | emdf_payload_ g 2 | emdf_payload_ g 2 | emdf_payload_|o & 5
| g| < o < o < o < o é'i ol
2 (2 (5] T 3 byte(s) > | 2 byte(s) = 8 byte(s) = 3 byte(s) ol =
S (L. ) | 5} | ) | Y | al o
ol|o Q. o o o o o Q. o | f=4
S I_. o I_. o I_. o] I_. o sl ©
a3 a | 3 a3 a3 n| 2

oa oa o oa

Payload Payload Payload Payload

Figure H.1.1: Diagram of EMDF container structure

The EMDF container may be carried within an AC-3 or Enhanced AC-3 syncframe using one of the reserved data
spaces supported by the AC-3 and Enhanced AC-3 bitstream syntaxes, for example the auxdata field located at the end
of the syncframe (see clause 4.4.4), or the skip fields (skipfld, see clause (see clause 4.4.3.60)) present at the end of
each audio block. Care should be taken to ensure that the addition of the EMDF container and the data payloads within
the EMDF container do not adversely affect the sound quality of the AC-3 or Enhanced AC-3 bitstream.
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H.2  Container syntax and semantics specification

H.2.1 Syntax

H.2.1.1 emdf_sync - EMDF container synchronization information

Syntax No. of bits
emdf _sync()
SYNCWOT 0 . oo e e e 16
emdf _contai ner _ | engt h ... 16
}

H.2.1.2 emdf container - EMDF container

H.2.1.2.0 emdf_container

Syntax
emdf _cont ai ner ()
{
BT VeI i ON L . 2
if (version == 3)
{
version += variable_bits(2) ....... ... vari abl e_bi ts(2)
}
KBy O o 3
if (key_id ==7)
{
key_id += variable_bits(3) ....... vari abl e_bi ts(3)
}
while (emdf _payload_id) = OXO .. ... e e e 5
{

if (emdf_payload_id == O0x1F)

emdf _payload_id += variable_bits(5) ........ .. ... . vari abl e_bi t s(5)
}
endf _payl oad_config()
emdf _payl 0ad_Si ze ... ... vari abl e_bi ts(8)
for (i = 0; i < payload_size; i++)

emdf _payl 0ad_byt e ... ... 8

emdf _protection()

H.2.1.2.1 variable_bits - variable bit-length field format

Syntax
variable_bits (n_bits)

{

value = 0
do {
val Ue += read ... e n_bits
== Lo [ 10 = 1
if (read_nore)
{
val ue <<= n_bits;
val ue += (1<<n_bits);

} while (read_nore)
return val ue
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H.2.1.3 emdf_payload_config - EMDF payload configuration

Syntax No. of bits
enmdf _payl oad_config()
{
Sl Of f St @ L o e 1
i f(snploffste)
SR Of St L 11
FESEIVEA . .. 1
AU AL T ONE L L o 1
if(duratione) {duration} ........ ... ... vari abl e_bi ts(11)
OF OUPT 0B o oo 1
if (groupide) {groupid} ....... ... vari abl e_bi ts(2)
COOBCAAL @B . . . . ottt 1
if (codecdatae) {reserved} ........ ... 8
di scard_unknown_payl 0ad . . ... ... 1

i f (discard_unknown_payl oad == 0)
if (smploffste == 0)

payload_frame_aligned ... ... ... 1
i f (payl oad_frane_aligned)

create_duplicate ... ... 1
remove_dupliCat @ .. ... 1
}
}
if (snpoffste == 1 || payload_franme_aligned == 1)
{
T 0 1 Y2 5
ProcC_al | OWB . . . .. 2

}
}

}

H.2.1.4 emdf protection - EMDF protection data

Syntax No. of bits
emdf _protection()
{
protecti on_| ength_pri mary ... ... 2
protection_|l ength_Secondary . ..... ... ... 2
protecti on_bits_primary .. ... ... 8/ 32/ 128
protection_bits_secondary ......... ... 0/8/32/128
}

H.2.2 Semantics

H.2.2.1 emdf_sync - synchronization information

H.2.2.1.1 syncword - synchronization word - 16 bits

The 16-bit syncword field identifies the start of the EMDF container. The value of the syncword shall be set to 0x5838,
or 0101 1000 0011 1000.

H.2.2.1.2 emdf_container_length - EMDF container length - 16 bits

The 16-bit emdf_container_length field specifies the length of the EMDF container in bytes. If the EMDF container
does not occupy an integer number of bytes, the remaining bits needed to reach the byte boundary indicated by the
value of the emdf_container_length shall be set to zero.
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H.2.2.2 emdf_container - EMDF metadata container structure

H.2.2.2.1  variable_bits(n) - variable-bit field encoding

A number of fields within the EMDF container structure, payload_config, and payload data, are encoded using a
method known as variable_bits. This method enables efficient coding of small field values with extensibility to be able
to express arbitrarily large field values.

A field coded using variable_bits coding consists of one or more groups of n bits, with each group followed by a 1-bit
read_more field. At aminimum, coding of n bitsrequires n + 1 bitsto be transmitted. All fields coded using
variable_bits shall beinterpreted as unsigned integers. The number of groups required is dependent on the value to be
encoded, and the value of n. The read_more bit that follows each group of n bits shall be set to 1 for all groups except
for the last group. A read_more value of 0 indicates that no additional groups follow in the bitstream. Table H.2.1
shows examples of variable_bits encoding for different value ranges.

Table H.2.1: Examples of variable_bits encoding for different value ranges

Range of values to be encoded Number of n-bit groups group_offset Encoded value stored in
required to encode value value variable_bits field
O0<values(2"-1) 1 0 = value
2" <value £ (2" +227- 1) 2 2n = value - 2"
(2" + 22" < value < (2" + 227 + 230 - 1) 3 2N + 220 = value - (2" + 227

In general terms, the encoded value to be stored in the variable_bits field is always equal to the original value to be
encoded, minus the group_offset value (as shown in Table H.2.1). Once the encoded value has been calculated, it is
split into the required number of groups of n-bits, and aread_more bit is added each group to create the final
variable_bits-encoded field to be written to the bit stream.

To decode avalue from a field encoded using variable_bits, the encoded value is read from the bitstream by
concatenating each group of n bits, ignoring the read_more bits between each group. To calculate the decoded value,
the encoded value is then added to the group_ offset value that corresponds to the number of groups of n-bits present in
the variable_bits field. Table H.2.2 shows examples of variable_bits decoding for different numbers of groups of
n-bits.

Table H.2.2: Examples of variable_bits decoding for different numbers of groups

Number of groups | group_offset value Decoded value
1 0 = encoded value
2 2n = encoded value + (2
3 20 + 22n = encoded value + (2" + 22
4 2N + 220 4 23n = encoded value + (2" + 22" + 23

H.2.2.2.2  emdf_version - EMDF syntax version - 2 bits / variable_bits(2)

The 2-bit emdf_version field shall indicate the syntax version that the EMDF container conformsto. For EMDF
containers that conforms to the syntax defined in this Annex, the emdf_version field shall be set to '0'.

H.2.2.2.3 key _id - authentication key identification - 3 bits

The value of the 3-bit key _id field identifies the authentication key used to calculate the value of the
protection_bits_primary and protection_bits_secondary fields of the EMDF protection data. The values of key _id
are implementation dependent and are not defined in the present document.
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H.2.2.2.4 emdf_payload_id - EMDF payload identification - 5 bits

The 5-bit emdf_payload_id field identifies the type of payload that followsin the EMDF container. The assignment of
emdf_payload_id field values to specific payload types shall be specified in Table H.2.3. The final payload in the
EMDF container shall have aemdf_payload_id value of 0x0, indicating that no additional payloads following the
EMDF container. When the value of the emdf_payload_id field is0x0, all fieldsin the emdf_payload_config (see
clause H.2.2.3) shall be set to 0, and the value of the emdf_payload_size field (see clause H.2.2.2.5) shall be set to 0.
The EMDF payload types defined in this annex are specified in clause H.3.

Table H.2.3: Defined EMDF payload types

Payload_ID value EMDF Payload Type Definition
0x0 Container End clause H.2.2.2.4
0x1 Programme loudness data clause H.3.1
0x2 Programme information clause H.3.2
0x3 E-AC-3 substream structure clause H.3.3
0x4 Dynamic range compression data for portable devices clause H.3.4
0x5 Programme Language clause H.3.5
0x6 External Data clause H.3.6
0x7 Headphone rendering data clause H.3.7

H.2.2.2.5 emdf_payload_size - size of EMDF payload - variable_bits(8)

The emdf_payload_size field indicates the size, in bytes, of the following payload. The value of the
emdf_payload_size field shall be equal to the number of bytesin the following payload, excluding the
emdf_payload_size field and al fieldsin emdf_payload_config().

H.2.2.3 emdf_payload_config - EMDF payload configuration data

H.2.2.3.1 smploffste - payload sample offset exists - 1 bit

If the 1-bit smploffste field is set to '1', the smploffst field shall follow in the bit stream. If the current payload applies
to the first sample of the AC-3 or Enhanced AC-3 syncframe, thisfield shall be set to '0'.

H.2.2.3.2  smploffst - payload sample offset - 11 bits

The 11-bit smploffst field shall indicate the offset, in units of PCM audio samples, from the beginning of the AC-3 or
Enhanced AC-3 syncframe to the first PCM audio sample that the data in the payload shall apply to. Note that thisfield
may indicate a sample number that extends beyond the current AC-3 or Enhanced AC-3 syncframe.

H.2.2.3.3 duratione - payload duration data exists - 1 bit

If the 1-bit duratione field is set to '1', the duration field shall follow in the bit stream. If the current payload applies to
all samples up to and including the final sample of the AC-3 or Enhanced AC-3 syncframe, thisfield shall be setto '0'.

H.2.2.3.4 duration - payload duration data - variable_bits(11)

The 11-bit duration field shall indicate the time period in units of PCM audio samples that the data in the payload
appliesto. The duration field shall be limited in size to a maximum of two groups of 11 bits (i.e. the read_more bit of
the second group shall be set to '0"). Note that this field may indicate a sample number that extends beyond the current
AC-3 or Enhanced AC-3 syncframe.

H.2.2.3.5 groupide - payload group ID data exists - 1 bit

If the 1-bit groupide field is set to '1', the groupid field shall follow in the bit stream.
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H.2.2.3.6  groupid - payload group ID - variable_bits(2)

The groupid field provides a mechanism to indicate to a decoding device that specific payloads within the EMDF
container are associated with one another and that the payload data are related. For payloads that are associated with
each other, the groupid field for each payload shall be set to the same value.

H.2.2.3.7 codecdatae - codec-specific data exists - 1 bit

The 1-bit codecdatae field enables codec-specific data to be included in the payload configuration. For payload
configuration data that conformsto this Annex, this field shall be set to'0'.

H.2.2.3.8 discard_unknown_payload - discard unknown payload during transcode -
1 bit

The 1-bit discard_unknown_payload field indicates whether the current payload is retained or discarded during a
transcoding process if the transcoder does not recognize the specific emdf_payload_id value of the payload. If the
discard_unknown_payload field is set to '1', the current payload shall be discarded during a transcoding processif the
emdf_payload_id value is unrecognized. If the discard_unknown_payload field is set to '0', the current payload shall
be retained during a transcoding process unless otherwise indicated by the proc_allowed field, as specified in

clause H.2.2.3.13.

H.2.2.3.9 create_duplicate - create duplicate payload during transcode - 1 bit

In some transcode operations, the frame length of the output format may be shorter than the length of an AC-3 or
Enhanced AC-3 syncframe. The 1-bit create_duplicate field shall be set to '1' to indicate that the payload shall be
duplicated in all frames of the output format that correspond to the same period of time as the current AC-3 or
Enhanced AC-3 syncframe. The create_duplicate field shall be set to '0' if the payload does not need to be repeated in
all frames of the output format that correspond to the same period of time as the current AC-3 or Enhanced AC-3
syncframe.

H.2.2.3.10 remove_duplicate - remove duplicate payload during transcode - 1 bit

The 1-bit remove_duplicate field shall be set to '1' to indicate that payloads with the same emdf_payload_id value as
the current payload need to be included only once in every output frame of the transcoding process when the output
frame duration of atranscoding processislonger than the length of an AC-3 or Enhanced AC-3 syncframe. Subsequent
payloads carried in AC-3 or Enhanced AC-3 syncframes that correspond to the same period of time as the current frame
of the output format shall be discarded. The remove_duplicate field shall be set to '0' to indicate that payloads carried
in all AC-3 or Enhanced AC-3 syncframes that correspond to the same time period as the current output frame of the
transcoding process shall be included in this output frame.

H.2.2.3.11 payload_frame_aligned - payload to audio data frame alignment - 1 bit

The 1-hit payload_frame_aligned field is used to indicate how closely the payload data and the audio data within the
AC-3 or Enhanced AC-3 syncframe need to be synchronized after decoding and/or during transcoding. If the
payload_frame_aligned field is set to '0', the application of the payload data to the decoded audio from the AC-3 or
Enhanced AC-3 syncframeis not required to be frame aligned. If the field is set to '1', the payload data shall be applied
to the decoded audio from that AC-3 or Enhanced AC-3 syncframe.

H.2.2.3.12 priority - payload priority - 5 bit

The 5-hit priority field is used to indicate the priority of this payload in relation to other payloads in the EMDF
container. Thisfield may be used to indicate whether a payload can be discarded during a transcoding process to a
lower data rate output format that is not able to support all payloads. A priority field value of '0'shall indicate that the
payload has the highest priority of al payloads within the EMDF container. Higher values of the priority field shall
indicate alower payload priority. Multiple payloads within the EM DF container may have the same priority field value.
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H.2.2.3.13 proc_allowed - retain payload during transcoding - 2 bits

The 2-bit proc_allowed field is used to indicate whether a payload should be retained or discarded during transcoding
if processing is applied to the metadata and/or audio data decoded from the AC-3 or Enhanced AC-3 syncframe during
transcoding. The value of the proc_allowed field shall be set as shown in Table H.2.4.

Table H.2.4: Meaning of proc_allowed values

proc_allowed Meaning
field value
00 payload may be retained only if no processing and no changes to any metadata in the AC-3 or
Enhanced AC-3 syncframe occur during transcoding
01 payload may be retained if no processing other than sample rate conversion of the PCM audio is
applied during transcoding
10 payload may be retained if one or more of the following processes, but no other processing, occur

during transcoding:

e sample rate conversion

e momentary sound elements are mixed with the decoded PCM from the syncframe
e informational metadata related to the audio data is modified

e the channel configuration of the audio is changed

11 payload may be retained regardless of any processing performed during transcoding

H.2.2.4 emdf protection - EMDF container protection data

H.2.24.1 protection_length_primary - length of protection_bits_primary field - 2 bits

The 2-bit protection_length_primary field is used to specify the length of the protection_bits_primary field. The
value of the protection_length_primary field shall be set as shown in Table H.2.5.

Table H.2.5: Meaning of protection_length_primary field values

protection_length_primary length of protection_bits_primary
field value field
00 Reserved
01 8 bits
10 32 bits
11 128 hits

H.2.2.4.2 protection_length_secondary - length of protection_bits_secondary field -
2 bits

The 2-hit protection_length_secondary field is used to specify the length of the protection_bits_secondary field.
The value of the protection_length_secondary field shall be set as shown in Table H.2.6.

Table H.2.6: Meaning of protection_length_secondary field values

protection_length_secondary length of protection_bits_secondary
field value field
00 0 bits
01 8 bits
10 32 bits
11 128 hits

H.2.2.4.3 protection_bits_primary - primary EMDF container protection data - 8 to
128 bits

The protection_bits_primary field contains protection data that may be used to verify the integrity of the EMDF
container and the payload data within the EMDF container. Calculation of the value of the protection_bits_primary
field isimplementation dependent and is not defined in the present document.
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H.2.2.4.4 protection_bits_secondary - secondary EMDF container protection data - O to

128 bits

The protection_bits_secondary field, if present, contains additional optional protection data that may be used to

check the integrity of the EMDF container and the payload data within the EMDF container. Calculation of the val ue of

the protection_bits_secondary field isimplementation dependent and is not defined in the present document.

H.3 EMDF payload types

H.3.1 Payload ID 0x1 - programme loudness data

H.3.1.1 Overview

The programme loudness data payload conveys data about programme loudness, including measured |oudness val ues

for the programme, and indication as to whether the loudness of the programme has been corrected prior to AC-3 or
Enhanced AC-3 encoding. This data may be used to control the operation of loudness processing downstream of the
AC-3 or Enhanced AC-3 decoder.

H.3.1.2 Syntax

Syntax No. of bits
| oudness_dat a()
{
VB ST 0N oo e 2
if (version == 0x3)
{
Version += extended VeI Si ON .. ... ... 4
}
di @l Chane . ... e 1
if (dialchane){dialchan} ........ ... 3
L OUAPr ACT YD . oo 4
if (loudpractyp != 0x0)
{
loudcorrdial gat ... ... 1
L OUAC O T LY P oottt 1
loudrel gat e ... ... 1
if (loudrelgate) {loudrelgat} ....... ... 7
loudspehgat @ . ... ... 1
if (loudspchgate) {loudspchgat} ........ ... 7
L oUdSt rBS e L 1
if (loudstrnBse) {loudstrnBs} ... ... .. . 8
UK L 1
i (truepke) {truepk} ... 8
dmi Xl OUdOf f St @ . e 1
if (dmxloudoffste) {dm xloudoffst} ... ... .. . . . . . 5
Prambndye . ..o 1

i f (prgnbndye)
{
prgnmbndy = 1
prgnbndy_bit = 0
whil e (prgnbndy_bit == 0)
{

prgnbndy <<=1

Prambndy it .. 1
BN _OF St Al t .o e 1
PragmbNdyof f St @ .. 1
if (prgnbndyoffste) {prgnmbndyoffst} ... ... . 11
}
fill bits =0 /* up to byte boundary */ ... ... ... 0to7
if (loudrelgate)
{
hrioudrel gat @ ... ... 1
if (hrlioudrelgate) {hrioudrel gat} .. ... ... e 3

}
i f (loudspchgate)
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Syntax No. of bits
{
hrloudspChgat € . .. ... 1
if (hrloudspchgate) {hrloudspchgat} .. ... ... ... e 3
}
if (loudstrnBse)
{
Nr L OUAST I MBS . .. 1
if (hrloudstrimBse) {hrloudstrBs} .. ... ... 3
}
if (truepke)
{
NE T UBPKE o 1
if (hrtruepke) {hrtruepk} ... 3
}
if (loudcorrdialgat) {loudcorrdialgattyp} ...... ... 3
if (loudrelgate == 0)
{
extloudrel gat @ ... ... 1
if (extloudrelgate) {extloudrel gat} . ..... ... e 11
}
if (loudspchgate == 0)
{
eXt ] OUASPCNgAt @ . . .. 1
} if (extloudspchgate) {extloudspchgat} ..... ... ... 11
if (loudspchgate || extloudspchgate) {loudspchdialgattyp} ........... ... ... ... ... ... ... ..... 3
if (loudstrnBse == 0)
{
eXt I OUdSt rMBS e ... 1
if (extloudstrnBse) {extloudstrnBs} ... ... .. 11
if (truepke == 0)
{
EXE LT UBPKE . . 1
if (exttruepke) {exttruepk} ... ... 11
MBX| OUAST rMBSE . ..o 1
if (maxloudstrnBse) {maxloudstrnBs} ...... ... ... 11
B T UBPK O . oo e e 1
if (maxtruepke) {maxtruepk} . ... ... 11
B 1
if (lrae)
- PP 10
T APr BT YD .« ottt 3
}
L OUAMNE F Y . 1
if (loudmtrye) {loudmntry} .. ... 11
MBXI QUAMMIE I Y . o oo 1
if (maxloudmtrye) {maxloudmtry} ... ... .. 11
fill bits =0 /* up to byte boundary */ ... ... ... 0to7

H.3.1.3 Semantics

H.3.1.3.1 version - Version of loudness payload - 2 bits

The 2-bit version field shall indicate the version of the loudness payload. For loudness data payloads that conform to
this Annex, the version field shall be set to '01', and the extended_version field shall not be present in the payload.

H.3.1.3.2 dialchane - Dialogue presence data exists

If the 1-bit dialchane field is set to '1', the 3-bit dialchan field shall follow in the payload.
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H.3.1.3.3 dialchan - Dialogue present in channel - 3 bits

The 3-bit dialchan field shall be used to indicate whether the Left, Right and/or Center channels contain spoken
dialogue. The bit alocation of the dialchan field is shown in Table H.3.1. Bit 0, which indicates the presence of the left
channel, shall be stored in the most significant bit of the dialchan field. Each bit of the dialchan field shall be set to '1'
if the corresponding channel contains spoken dialogue during the preceding 0,5 seconds of the programme.

Table H.3.1: channel assignment of dialchan bits

Bit Channel
0 L
1 R
2 C

H.3.1.3.4 loudpractyp - Loudness measurement practice used - 4 bits

The 4-bit loudpractyp field shall be used to indicate which recommended practice for programme loudness
measurement has been followed to generate the programme loudness data that follows in the payload and to calculate
the value of the dialnorm field (see clause 4.4.2.8) in the AC-3 or Enhanced AC-3 bit stream. The interpretation of the
loudpractyp field shall be as defined in Table H.3.2. If the loudpractyp field is set to any value other than '0000', the
loudcorrdialgat and loudcorrtyp fields shall follow in the payload.

Table H.3.2: loudpractyp bit values

loudpractyp value Meaning
0000 Programme loudness measurement method not indicated
0001 Programme loudness measured according to ATSC A/85 [i.13]
0010 Programme loudness measured according to EBU R128 [i.14]
0011 Programme loudness measured according to ARIB TR-B32 [i.15]
0100 Programme loudness measured according to FreeTV OP-59 [i.16]

0101 - 1101 Reserved

1110 Manual
1111 Consumer leveller

H.3.1.3.5 loudcorrdialgat - Dialogue-gated loudness correction applied - 1 bit

If the loudness of the programme has been corrected using dialogue gating, the value of the loudcorrdialgat field shall
be set to '1'. Otherwise thisfield shall be setto '0'".

H.3.1.3.6 loudcorrtyp - Type of loudness correction applied to programme - 1 bit

If the loudness of the programme has been corrected with an infinite |ook-ahead (file-based) loudness correction
process, the value of the loudcorrtyp field shall be set to '0'. If the loudness of the programme has been corrected using
a combination of real-time loudness measurement and dynamic range compression, the value of this field shall be set to
1",

H.3.1.3.7 loudrelgate - Relative gated loudness data (ITU) exists - 1 bit

If the 1-bit loudrelgate field is set to '1', the 7-bit ituloudrelgat field shall follow in the payload.

H.3.1.3.8 loudrelgat - Relative gated programme loudness (ITU) - 7 bits

The 7-hit loudrelgat field shall indicate the integrated loudness of the audio programme, measured according to
Recommendation ITU-R BS.1770-3 [i.12] without any gain adjustments due to dialogue normalization and dynamic
range compression being applied. The values of 0 to 127 shall be interpreted as -58 LUFSto +5,5 LUFS, in 0,5 LU
steps. If the loudrelgat field is present in the payload and the loudcorrdialgat field is set to 0", the value of the
dialnorm field (see clause 4.4.2.8) in the AC-3 or Enhanced AC-3 bit stream shall match the loudness indicated by the
value of the loudrelgat field.
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H.3.1.3.9 loudspchgate - Speech-gated loudness data (ITU) exists - 1 bit
If the 1-bit loudspchgate field is set to '1', the 7-bit loudspchgat field shall follow in the payload.

H.3.1.3.10 loudspchgat - Speech-gated programme loudness (ITU) - 7 bits

The 7-bit loudspchgat field shall indicate the integrated speech-gated loudness of the entire audio programme,
measured according to Recommendation ITU-R BS.1770-3 [i.12], and without any gain adjustments due to dialogue
normalization and dynamic range compression being applied. The values of 0 to 127 shall be interpreted as -58 to
+5,5LUFS, in 0,5 LU steps. If the loudspchgat field is present in the payload and the loudcorrdialgat field is set to "1,
the value of the dialnorm field (see clause 4.4.2.8) in the AC-3 or Enhanced AC-3 bit stream shall match the loudness
indicated by the value of the loudspchgat field.

H.3.1.3.11 loudstrm3se - Short-term (3 second) loudness data exists - 1 bit

If the 1-bit loudstrm3se field is set to '1', the 8-bit loudstrm3s field shall follow in the payload.

H.3.1.3.12 loudstrm3s - Short-term (3 second) programme loudness - 8 bits

The 7-bit loudstrm3s field shall indicate the ungated loudness of the preceding 3 seconds of the audio programme,
measured according to Recommendation ITU-R BS.1771-1 [i.11] and without any gain adjustments due to dialogue
normalization and dynamic range compression being applied. The values of 0 to 255 shall be interpreted as-116 LUFS
to +11,5 LUFSin 0,5 LUFS steps.

H.3.1.3.13 truepke - True peak loudness data exists - 1 bit
If the 1-bit truepke field is set to "1, the 8-bit truepk field shall follow in the payload.

H.3.1.3.14 truepk - True peak value - 8 bits

The 8-bit truepk field shall indicate the true peak value measured between the preceding occurrence of the truepk or
exttruepk field and the present occurrence of the truepk field in the bit stream. The measurement is according to
Annex 2 of Recommendation ITU-R BS.1770-3 [i.12], without any gain adjustments due to dialogue normalization and
dynamic range compression being applied. The values of 0 to 255 shall be interpreted as-116 dBTPto +11,5dBTPin
0,5 dB steps.

H.3.1.3.15 dmixloudoffste - Downmix loudness offset data exists - 1 bit

If the 1-bit dmixloudoffste field is set to '1', the 5-bit dmixloudoffst field shall follow in the bit stream. The
dmixloudoffste field may only be set to '1' when the acmod value of the AC-3 or Enhanced AC-3 bit stream is greater
than 2.

H.3.1.3.16 dmixloudoffst - Downmix loudness offset - 5 bits

The 5-bit dmixloudoffst field shall be used to indicate whether there is a difference between the expected loudness of a
2-channel downmix output from an AC-3 or Enhanced AC-3 decoder, and the actual measured loudness, with all gain
adjustments due to dialogue normalization, dynamic range compression and/or fixed attenuation to protect against
downmix overload having been applied prior to measurement. For example, an Enhanced AC-3 decoder that is
decoding a bit stream with adialnorm field value of 24 (-24 dBFS) will apply 7 dB of attenuation during decoding to
align the loudness of the decoder output to areference level of -31 LUFS. -31 LUFS is therefore the expected |oudness
of the 2-channel downmix output. The dmixloudoffst field is used to indicate any deviation between this expected
downmix output loudness and the measured downmix output loudness.

Values of 0to 30 shall beinterpreted as-7,5LU to+ 7,5LU, in 0,5 LU steps. A value of 31 isreserved, and if present
shall beinterpreted as an offset of 0 LU. When the value of the dmixloudoffst field indicates a positive LU value, this
shall indicate that the measured downmix loudnessis louder than the expected downmix loudness by the indicated LU
value. When anegative LU valueisindicated, this shall indicate that the measured downmix loudness is quieter than the
expected downmix loudness by the indicated LU value. Note that if a negative LU value isindicated, the system should
ensure that any positive gain applied to the 2-channel downmix to compensate for the loudness offset does not introduce
clipping of the audio signal.
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H.3.1.3.17 prgmbndye - Programme boundary data exists - 1 bit

If the 1-bit prgmbndye field is set to '1', programme boundary data shall follow in the payload.

H.3.1.3.18 prgmbndy_bit - Programme boundary bit value - 1 bit

The multi-bit prgmbndy variable is delivered in the bitstream as a sequence of 1-bit prgmbndy_bit fields. The value of
the prgmbndy variable shall be equal to the number of syncframes between the current syncframe and the syncframe
that contains the boundary between two different programmes. This data may be used to determine when to begin and
end the measurement of the loudness parameters specified in this payload.

The prgmbndy variableis limited to positive integer values that are a power of 2, and is stored in the bit stream as a
bit-reversed integer. For example, if the sequence of prgmbndy_bit values read from the bit stream is'001b', the
prgmbndy value shall be interpreted as '100b’ (decimal value 8). To decode the prgmbndy variable value from the bit
stream, the following processis followed:

. The prgmbndy variableisinitialized to avalue of '1".
e  The decoder readsthe prgmbndy_bit field that follows a prgmbndye field value of '1".

. If the value of the prgmbndy_bit field is'0', this bit is added to the prgmbndy variable as the |east significant
bit (i.e. aleft shift is performed on the initial prgmbndy variable value of '1"), and the decoder repeats the
reading process.

. Each subsequent prgmbndy_bit field with avalue of '0" that is read from the bitstream is added to the
prgmbndy variable as the least significant bit, increasing the size of the prgmbndy variable by one bit.

e  Thereading processisrepeated until aprgmbndy_bit field with avalue of '1' isread from the bit stream. A
prgmbndy_bit field value of '1' shall indicate that all bits of the prgmbndy variable have been read from the
bit stream.

The range of the prgmbndy variable shall be limited to a minimum value of '10" and a maximum value of '1000000000'.
H.3.1.3.19 end_or_start - Programme boundary indicates end or start of programme -
1 bit

If the 1-bit end_or_start field is set to '1', then the value of the prgmbndy variable shall indicate the number of
syncframes between the current syncframe and the syncframe that contains the next programme boundary. If the
end_or_start field is set to '0', then the value of the prgmbndy variable shall indicate the number of syncframes
between the current syncframe and the syncframe that contains the previous programme boundary.

H.3.1.3.20 prgmbndyoffste - Programme boundary sample offset exists - 1 bit
If the 1-bit prgmbndyoffste field is set to '1', the 11-bit prgmbndyoffst field shall follow in the payload.

H.3.1.3.21 prgmbndyoffst - Programme boundary sample offset - 11 bits

The 11-bit prgmbndyoffst field shall indicate the offset in audio samples from the first sample of the syncframe
indicated by the prgmbndy variable to the actual audio sample in that syncframe that corresponds to the programme
boundary.

H.3.1.3.22 hrloudrelgate - High resolution relative gated loudness data (ITU) exists -
1 bit

If the 1-bit hrloudrelgate field is set to '1', the 3-bit hrloudrelgat field shall follow in the payload.
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H.3.1.3.23 hrloudrelgat - High resolution relative gated programme loudness (ITU) -
3 bits

In applications where transmission of high resolution relative gated loudness data is required, the 3-bit hrloudrelgat
field is used in conjunction with the loudrelgat field to allow the relative gated programme loudness to be specified in
0,1 LU steps by adding or subtracting up to 0,4 LU from the loudness value indicated by the loudrelgat field. The
interpretation of the hrloudrelgat field shall be asindicated in Table H.3.3.

Table H.3.3: Meaning of hrloudrelgat values

hrloudrelgat value Meaning
000 -0,4 LU
001 -0,3 LU
010 -0,2 LU
011 -0,1LU
100 +0,1 LU
101 +0,2 LU
110 +0.3 LU
111 +0,4 LU

When the hrloudrelgat field is present in the payload, the integrated loudness of the audio programme, measured
according to Recommendation ITU-R BS.1770-3 [i.12] without any gain adjustments due to dialogue normalization and
dynamic range compression being applied, is equal to the LUFS value indicated by the loudrelgat field summed with
the LU value indicated by the hrloudrelgat field.

H.3.1.3.24 hrloudspchgate - High resolution speech-gated loudness data (ITU) exists -
1 bit

If the 1-bit hrloudrelgat field is set to '1', the 3-bit hrloudrelgat field shall follow in the payload.

H.3.1.3.25 hrloudspchgat - High resolution speech-gated programme loudness (ITU) -
3 bits

In applications where transmission of high resolution speech-gated loudness data is required, the 3-bit hrloudspchgat
field is used in conjunction with the loudspchgat field to allow the speech-gated programme loudness to be specified
in 0,1 LU steps by adding or subtracting up to 0,4 LU from the loudness value indicated by the loudspchgat field. The
hrloudspchgat field shall be coded and interpreted in the same way as the hrloudrelgat field, as specified in
TableH.3.3.

When the hrloudspchgat field is present in the payload, the integrated speech-gated loudness of the audio programme,
measured according to Recommendation ITU-R BS.1770-3 [i.12], and without any gain adjustments due to dialogue
normalization and dynamic range compression being applied, is equal to the LUFS value indicated by the loudspchgat
field summed with the LU value indicated by the hrloudspchgat field.

H.3.1.3.26  hrloudstrm3se - High resolution short-term (3 second) loudness data exists -
1 bit

If the 1-bit hrloudstrm3se field is set to '1', the 3-bit hrloudstrm3s field shall follow in the payload.

H.3.1.3.27 hrloudstrm3s - High resolution short-term (3 second) loudness - 3 bits

In applications where transmission of high resolution short-term (3second) loudness data is required, the 3-bit
hrloudstrm3s field is used in conjunction with the loudstrm3s field to alow the short-term (3-second) loudness to be
specified in 0,1 LU steps by adding or subtracting up to 0,4 LU from the loudness value indicated by the loudstrm3s
field. The hrloudstrm3s field shall be coded and interpreted in the same way as the hrloudrelgat field, as specified in
TableH.3.3.
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When the hrloudstrm3s field is present in the payload, the ungated loudness of the preceding 3 seconds of the audio
programme, measured according to Recommendation ITU-R BS.1771-1 [i.11] and without any gain adjustments due to
dialogue normalization and dynamic range compression being applied, is equal to the LUFS value indicated by the
loudstrm3s field summed with the LU value indicated by the hrloudstrm3s field.

H.3.1.3.28 hrtruepke - High resolution true peak loudness data exists - 1 bit

If the 1-bit hrtruepke field is set to '1', the 3-bit hrtruepk field shall follow in the payload.

H.3.1.3.29 hrtruepk - High resolution true peak value - 3 bits

In applications where transmission of high resolution true peak loudness datais required, the 3-bit hrtruepk field is
used in conjunction with the truepk field to allow the true peak value to be specified in 0,1 dB steps by adding or
subtracting up to 0,4 dB from the true peak value indicated by the truepk field. The hrtruepk field shall be coded and
interpreted as specified in Table H.3.4.

Table H.3.4: Meaning of hrtruepk values

hrtruepk value Meaning
000 -0,4 dB
001 -0,3dB
010 -0,2dB
011 -0,1 dB
100 +0,1 dB
101 +0,2 dB
110 +0.3 dB
111 +0,4 dB

When the hrtruepk field is present in the payload, the true peak value of the audio programme, measured since the
previous occurrence of the truepk field in the bit stream and according to Annex 2 of Recommendation

ITU-R BS.1770-3 [i.12], and without any gain adjustments due to dialogue normalization and dynamic range
compression being applied, is equal to the dBTP value indicated by the truepk field summed with the dB value
indicated by the hrtruepk field.

H.3.1.3.30 loudcorrdialgattyp - Dialog gating type used for loudness correction - 3 bits
This 3-bit loudcorrdialgattyp field shall indicate which dialog gating method has been utilized for loudness correction

of the programme and for calculation of the value of the dialnorm field (see clause 4.4.2.8) in the AC-3 or Enhanced
AC-3 bit stream. The loudcorrdialgattyp field shall be interpreted as shown in Table H.3.5.

Table H.3.5: Meaning of loudcorrdialgattyp values

loudcorrdialgattyp Meaning
value
000 Dialog gating method - Not Indicated
001 Dialog gating method - Automated Center or Left+Right Channel(s)
010 Dialog gating method - Automated Left, Center, and/or Right Channel(s)
011 Dialog gating method - Manual Selection
100 - 111 Reserved

NOTE 1: loudcorrdialgattyp methods '001' and '010' are described in [] For method '001', dialog
gating is applied to the Center channel of a multichannel programme OR to the power
sum of Left and Right channels in a stereo programme. For method '010', dialog gating
is applied individually to all front (main) channels of the programme.

NOTE 2: A value of '011' indicates that a manual process was utilized to select representative
portions of the programme containing dialog for measurement.

H.3.1.3.31 extloudrelgate - Extended range relative gated loudness data (ITU) exists -
1 bit

If the 1-bit extloudrelgate field is set to '1', the 11-bit extloudrelgat field shall follow in the payload.
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H.3.1.3.32 extloudrelgat - Extended range relative gated loudness data (ITU) - 11 bits

If the measured relative gated |oudness exceeds the range supported by the loudrelgat parameter specified in

clause H.3.1.3.8, the 11-bit extloudrelgat field should be used instead of the loudrelgat field. The 11-bit extloudrelgat
field shall indicate the integrated loudness of the audio programme, measured according to Recommendation

ITU-R BS.1770 [i.12] and without any gain adjustments due to dialogue normalization and dynamic range compression
being applied.

The extloudrelgat field shall be encoded according to the following equation:
extloudrelgat = (loudness value relative gated LUFSx 10+ 0,5) + 1 024
and shall be decoded according to the following equation:
loudness value relative gated LUFS= (extloudrelgat - 1 024) / 10

If the extloudrelgat field is present in the payload, and the loudcorrdialgat field is set to '0', the value of the dialnorm
field (see clause 4.4.2.8) in the AC-3 or Enhanced AC-3 bit stream shall match the loudness indicated by the value of
the extloudrelgat field.

H.3.1.3.33 extloudspchgate - Extended range speech-gated loudness data (ITU) exists -
1 bit

If the 1-bit extloudspchgate field is set to '1', the 11-bit extloudspchgat field shall follow in the payload.

H.3.1.3.34 extloudspchgat - Extended range speech-gated loudness value - 11 bits

If the measured dial og-based |oudness exceeds the range supported by the loudspchgat parameter specified in
clause H.3.1.3.10, the 11-bit extloudspchgat field should be used instead of the loudspchgat field. The
extloudspchgat field shall indicate the integrated dial og-based loudness of the entire audio programme, measured
according to Recommendation ITU-R BS.1770-3 [i.12] with dialog-gating. The extloudspchgat value represents the
dialog-based loudness without any gain adjustments due to dialogue normalization and dynamic range compression
being applied.

The extloudspchgat field shall be encoded according to the following equation:
extloudspchgat = (loudness value speech gated LUFSx 10+ 0,5) + 1 024
and shall be decoded according to the following equation:
loudness value speech data LUFS = (extloudspchgat - 1 024) / 10

If the extloudspchgat field is present in the payload and the loudcorrdialgat field is set to '1', the value of the
dialnorm field (see clause 4.4.2.8) in the AC-3 or Enhanced AC-3 bit stream shall match the loudness indicated by the
value of the extloudspchgat field.

H.3.1.3.35 loudspchdialgattyp - Dialog gating type used for loudness measurement - 3
bits

This 3-bit loudspchdialgattyp field indicates which dialog gating method has been utilized for speech-based loudness
measurement of the programme. The loudspchdialgattyp field shall be interpreted in the same way as the
loudcorrdialgattyp field, as specified in clause H.3.1.3.30.

Typicaly the value of the loudspchdialgattyp should be equal to the value of the loudcorrdialgattyp field. However,
in some applications it may be desirable to re-measure the loudness of the programme using a different dialog gating
method than that used for loudness correction of the programme. In this case, the loudspchdialgattyp parameter may
be used to identify the type of dialog gating used for this additional measurement step. The loudspchgat or
extloudspchgat field values calculated by this additional measurement step shall not be used to set the value of the
dialnorm field (see clause 4.4.2.8) in the AC-3 or Enhanced AC-3 bit stream.
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H.3.1.3.36 extloudstrm3se - Extended range short-term (3 second) programme loudness
exists - 1 bit

If the 1-bit extloudstrm3se field isset to '1', the 11-bit extloudstrm3s field shall follow in the payload.
H.3.1.3.37 extloudstrm3s - Extended range short-term (3 second) programme
loudness - 11 bits

If the measured short-term (3 second) loudness exceeds the range supported by the loudstrm3s field specified in
clause H.3.1.3.12, the 11-bit extloudstrm3s field should be used instead of the loudstrm3s field. The extloudstrm3s
field shall indicate the ungated loudness of the preceding 3 seconds of the audio programme, measured according to
Recommendation ITU-R BS.1771-1 [i.11] and without any gain adjustments due to dialogue normalization and
dynamic range compression being applied.

The extloudstrm3s field shall be encoded according to the following equation:
extloudstrm3s = loudness value short_term 3s LUFS x 10 + 0,5) + 1 024
and shall be decoded according to the following equation:

loudness value short_term_3s LUFS = (extloudstrm3s - 1 024) / 10

H.3.1.3.38 exttruepkee - Extended true peak value exists - 1 bit

If the 1-bit exttruepke field is set to '1', the 11-bit exttruepke field shall follow in the payload.

H.3.1.3.39 exttruepk - Extended true peak - 11 bits

If the measured true peak value exceeds the range supported by the truepk field specified in clause H.3.1.3.14, the
11-bit exttruepk field should be used instead of the truepk field. The exttruepk field shall indicate the true peak value
measured between the preceding occurrence of the truepk or exttruepk field and the present occurrence of the
exttruepk field in the bit stream. The measurement is according to Annex 2 of Recommendation

ITU-R BS.1770-3 [i.12], without any gain adjustments due to dialnorm and dynamic range compression being applied.

The exttruepk field shall be encoded according to the following equation:
exttruepk = (true_peak value dBTPx 10+ 0,5) + 1024
and shall be decoded according to the following equation:
true_peak value dBTP = (exttruepk - 1 024) / 10

H.3.1.3.40 maxloudstrm3se - Max short-term (3 second) loudness value exists - 1 bit

If the 1-bit maxloudstrm3se field is set to '1', the 11-bit maxloudstrm3s field shall follow in the bitstream.

H.3.1.3.41 maxloudstrm3s - Max short-term (3 second) loudness value - 11 bits

The 11-bit maxloudstrm3s field shall indicate the maximum short-term ungated loudness of the audio programme,
measured according to Recommendation ITU-R BS.1771-1 [i.11] and without any gain adjustments due to dialogue
normalization and dynamic range compression being applied.

The maxloudstrm3s field shall be encoded according to the following equation:
maxloudstrm3s = (max_loudness value short_term 3s LUFS x 10 + 0,5) + 1 024
and shall be decoded according to the following equation:

max_loudness value short_term 3s LUFS = (maxloudstrm3s - 1 024) / 10
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H.3.1.3.42 maxtruepke - Max true peak value exists - 1 bit

If the 1-bit maxtruepke field is set to '1', the 11-bit maxtruepk field shall follow in the bitstream.

H.3.1.3.43 maxtruepk - Max true peak value - 11 bits

The 11-bit maxtruepk field shall indicate the maximum true peak value of the programme measured according to
Annex 2 of Recommendation ITU-R BS.1770-3 [i.12].

The maxtruepk field shall be encoded according to the following equation:
maxtruepk = (max_true peak value dBTP) x 10+ 0,5) + 1 024
and shall be decoded according to the following equation:
max_true peak value dBTP = (maxtruepk - 1 024) / 10

H.3.1.3.44 Irae - Loudness range data exists - 1 bit

If the 1-bit Irae field is set to '1', the 10-bit Ira field shall follow in the bitstream.

H.3.1.3.45 Ira - Loudness range - 10 bits
The 10-hit Ira field shall indicate the loudness range of the programme as specified in EBU Tech Document 3342 [i.19].
Thelra field shall be encoded according to the following equation:
Ira = (loudness range LU x 10) + 0,5
and shall be decoded according to the following equation:

loudness range LU =Ira/ 10

H.3.1.3.46 Irapractyp - Loudness range dialog gating practice type - 3 bits

The 3-bit Irapractyp field shall indicate which method has been utilized to compute the loudness range of the audio
programme, as shown in Table H.3.6.

Table H.3.6: Meaning of Irapractyp values

Irapractyp value Meaning
000 Loudness range computed per EBU Tech 3342 [i.19] v1
001 Loudness range computed per EBU Tech 3342 [i.19] v2
010-111 Reserved

H.3.1.3.47 loudmntrye - Momentary loudness data exists - 1 bit

If the 1-bit loudmntrye field isset to '1', the 11-bit loudmntry field shall follow in the bitstream.

H.3.1.3.48 loudmntry - Momentary loudness data - 11 bits

The 11-bit loudmntry field shall indicate the momentary loudness of the programme measured since the preceding
occurrence of the loudmntry field in the bitstream, measured according to ITU-R BS.1771-1 [i.11] (or EBU
Tech 3341 [i.18]) without any gain adjustments due to dialogue normalization and dynamic range compression being

applied.
The loudmntry field shall be encoded according to the following equation:

loudmntry = (momentary_loudness LUFS x 10 + 0,5) + 1 024
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and shall be decoded according to the following equation:

momentary_loudness LUFS = (loudmntry - 1 024) / 10

H.3.1.3.49 maxloudmntrye - Maximum momentary loudness data exists - 1 bit

If the 1-bit maxloudmntrye field is set to '1', the 11-bit maxloudmntry field shall follow in the bitstream.

H.3.1.3.50 maxloudmntry - Maximum momentary loudness data - 11 bits

The 11-bit maxloudmntry field shall indicate the maximum momentary loudness of the programme measured as
specified in Recommendation ITU-R BS.1771-1[i.11] (or EBU Tech 3341 [i.18]) without any gain adjustments due to
dialogue normalization and dynamic range compression being applied.

The maxloudmntry parameter shall be encoded according to the following equation:
maxloudmntry = (maximum_momentary loudness L UFS x 10 + 0,5) + 1 024
and shall be decoded according to the following equation:

maximum_momentary |loudness LUFS = (maxloudmntry - 1 024) / 10

H.3.2 Payload ID 0x2 - programme information

H.3.2.1 Overview

The programme information payload conveys additional information about the audio programme that cannot be carried
in other portions of the AC-3 or Enhanced AC-3 bit stream. This payload contains information about processing applied
to the PCM audio prior to AC-3 or Enhanced AC-3 encoding, which portions of the audio programme bandwidth have
been encoded using specific audio coding techniques, and the compression profile used to create DRC datain the bit
Stream.

H.3.2.2 Syntax

Syntax No. of bits
progranmme_i nformation()
{
VBT ST DN ottt e e 2
if (version == 0x3)
{
version += extended _VerSi ON ... ... .. 4
ACT I VECNANE . . . 1
if (activechane) {activechan} ..... ... ... . . 16
A XL Y PO . ot 1
if (dm xtype == 0)
{
UPIM XL Y PO oo o e e 1
Pfo(upmi xtype) {UPm Xt Y P} oo 4
}
el se if (dmxtype) {dm XUYP} ..o 4
Preproi Nf O ... 1

if (preproinfoe)

SUE AL L BN L . 1

PO i |t o 1
L = T 1
L emDNl @VCOd . .. e 2
}
Ar Cprof i Nf OB Lo 1
if (drcprofinfoe)
{
QY N NGPr Of L 3
O Pr Of L e e e 3
SPECPI OCH Nf O . . o e 1

i f (specprocinfoe)
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Syntax No. of bits
{
SPECPI OCSt Ar tf L 3
SPECPI OCENAf L . 3
ChanCpl i Nf O . . 1
if (chancplinfoe)
ChanCpl St artf .. 5
chancpl endf . ... 5
}
ENNNCI NQE . . o 1
if (enhncrnge) {enhncrng} . ... ... 2
fill bits =0 /* up to byte boundary */ ... .. ... 0to7

H.3.2.3 Semantics

H.3.2.3.1 version - Version of programme information payload - 2 bits

The 2-bit version field shall indicate the version of the programme information payload. For programme information
payloads that conform to this Annex, the version field shall be set to '00', and the "extended_version™" field shall not be
present in the payload.

H.3.2.3.2 activechane - Active programme channels data exists - 1 bit

If the activechane hit is set to "1, the activechan field shall follow in the payload. If the strmtyp value of the
Enhanced AC-3 syncframeis set to '01' (dependent substream syncframe), this field shall be set to '0'.

H.3.2.3.3 activechan - Active programme channels - 16 bits

The 16-bit activechan field is used to indicate which channels within the programme contain audio information, and
which (if any) contain only silence for the duration of the corresponding AC-3 or Enhanced AC-3 syncframe. Thisfield
shall be used in conjunction with the acmod field in the current syncframe (and, if present, the chanmap field in the
associated dependent substream syncframe(s)) to determine which channels within the programme contain audio
information and which contain silence. This information may be useful for upmixing processes implemented
downstream of the AC-3 or Enhanced AC-3 decoder, for example to add audio to channels that contain silence at the
output of the decoder. The bit alocation of the activechan field is shown in Table H.3.7, and is the same as the bit
allocation of the chanmap field as specified in clause E.1.3.1.8. Bit O of the activechan field is the most significant bit
of the field, and corresponds to the Left channel. Each bit of the activechan field shall be set to '1' if the corresponding
channel location or pair of channel locations are present in the programme and contain audio content.

Table H.3.7: channel assignment of activechan bits

Bit Location
0 (MSB) |Left
1 Centre
2 Right
3 Left Surround
4 Right Surround
5 Lc/Rc pair
6
7
8
9

Lrs/Rrs pair
Cs

Ts

Lsd/Rsd pair
10 Lw/Rw pair
11 Vhl/Vhr pair

12 Vhce

13 Lts/Rts pair
14 LFE2

15 LFE
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H.3.2.3.4  dmixtype - Programme has been downmixed - 1 bit

If the audio programme was downmixed from a greater number of channels prior to AC-3 or Enhanced AC-3 encoding,
the 1-bit dmixtype field shall be set to '1' and the 5-bit dmixtyp field shall follow in the bit stream. If the acmod field
in the AC-3 or Enhanced AC-3 syncframeis set to a value other than 2 or 7, or the strmtyp value of the Enhanced AC-3
syncframeis'01' (dependent substream syncframe), this field shall be set to '0".

H.3.2.3.5 dmixtyp - type of Downmixing applied to programme - 4 bits

The 5-bit dmixtyp field indicates the type of downmixing applied to the audio programme prior to AC-3 or Enhanced
AC-3 encoding. Thisinformation may be useful to upmixing processes implemented downstream of the AC-3 or
Enhanced AC-3 decoder, for example to upmix the programme audio using parameters that most closely match the
downmixing method used. The interpretation of the dmixtyp field is dependent on the value of the acmod field in the
AC-3 or Enhanced AC-3 syncframe. The details of each downmix are specified in Table H.3.8 and Table H.3.9.

Table H.3.8: Meaning of dmixtyp when acmod =2

dmixtyp value Downmix Equation

0 Reserved

1 Lo=L+(-3dB)xC+(-3dB) x Ls
R,=R+(-3dB) x C+(-3dB) xRs

2 L,=L+(-3dB)xC-(-3dB) xLs-(-3dB) xRs
R,=R=R+(-3dB) xC + (-3dB) x Ls + (-3dB) x Rs

3 L,=L+(-3dB)xC-(-1,2dB) x Ls - (-6,2dB) x Rs
R,=R+(-3dB) x C +(-6,2dB) x Ls + (-1,2dB) x Rs

4-15 Reserved

Table H.3.9: Meaning of dmixtyp when acmod =7

dmixtyp value Downmix Equation
0 L=L
R=R
c=cC
LFE = LFE
Ls'=Ls+(-3dB) xCs
Rs'=Rs + (-3dB) x Cs
1 L=L
R=R
c=cC
LFE = LFE
Ls'=(-3dB) x Ls + (-3dB) x Lrs
Rs'=(-3dB) x Rs + (-3 dB) x Rrs
2 L=L
R=R
c=cC
LFE = LFE
Ls'=Ls +(-1,2dB) x Lrs + (-6,2 dB) x Rrs
Rs'=Rs + (-1,2dB) x Rrs + (-6,2 dB) x Lrs
3 L=L
R=R
c=cC
LFE = LFE
Ls'=Ls - (-1,2 dB) x Lvh - (-6,2 dB) x Rvh
Rs'=Rs + (-1,2 dB) x Rvh + (-6,2 dB) x Lvh
4 L'=L+Lvh
R'=R + Lvh
c=cC
LFE = LFE
Ls=Ls
Rs = Rs
5-15 Reserved
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H.3.2.3.6 upmixtype - Programme has been upmixed - 1 bit

The 1-bit upmixtype field may be used to indicate whether the audio programme was upmixed from a smaller number
of channels prior to AC-3 or Enhanced AC-3 encoding. If the upmixtype field is set to '1', the 5-bit upmixtyp field
shall follow in the bit stream. If the acmod field in the AC-3 syncframe or in an Enhanced AC-3 syncframeisset to a
value other than 7, this field shall be setto '0'.

H.3.2.3.7 upmixtyp - Type of upmixing applied to programme - 4 bits

The 5-bit upmixtyp field indicates the type of upmixing applied to the audio programme prior to AC-3 or Enhanced
AC-3 encoding. Thisinformation may be useful to downmixing processes implemented downstream of the AC-3 or
Enhanced AC-3 decoder, for example to ensure that the downmix method used is compatible with the upmixing method
applied to the audio programme. If the programme information payload is present in an AC-3 syncframe, or an
Enhanced AC-3 syncframe with a strmtyp value of '00', the upmixtyp field shall be interpreted as shown in

Table H.3.10.

Table H.3.10: Meaning of upmixtyp when acmod =7

upmixtyp value Upmix Type
0 Dolby Pro Logic®
1 Dolby Pro Logic® Il Movie Mode
2 Dolby Pro Logic® Il Music Mode
3 Dolby® Professional Upmixer
4-15 Reserved

If the current programme information payload is present in an Enhanced AC-3 syncframe with a strmtyp value of
'01'and a substreamid value of ‘000" (DO syncframe), the upmixtyp field shall be interpreted as shown in Table H.3.11,
and the interpretation shall be also dependent on the value of the chanmap field in the syncframe. The value of the
upmixtyp field shall only be considered valid if the conditions identified in the "Restrictions" column are satisfied.

Table H.3.11: Meaning of upmixtyp when present in DO syncframe

upmixtyp Upmix Type Restrictions
value
0 Reserved
1 Dolby Pro Logic® lIx Valid only when bit 6 (Lrs/Rrs pair) of chanmap ='1'
2 Dolby Pro Logic® l1z Height Valid only when bit 11 (Lvh/Rvh pair) of chanmap = '1'
3-15 Reserved

H.3.2.3.8 preproinfoe - Preprocessing information exists - 1 bit

If the 1-bit preproinfoe field is set to '1', information about processing that was applied to the PCM audio before AC-3
or Enhanced AC-3 encoding shall follow in the payload. If the audio programme does not contain surround channels or
an LFE channel, or if the current programme information payload is present in an Enhanced AC-3 syncframe with a
strmtyp value of '01', thisfield shall be set to '0'.

H.3.2.3.9 suratten - Surround attenuation applied - 1 bit

If the surround channels of the audio programme were attenuated by 3 dB prior to encoding, the 1-bit suratten field
shall be set to '1'. If the audio programme does not contain surround channels, thisfield shall be set to '0'.

H.3.2.3.10 ph90filt - 90 degree phase shift applied - 1 bit

If & 90 degree phase shift was applied to the Ls and Rs channels of the audio programme prior to AC-3 or Enhanced
AC-3 encoding, the 1-bit ph90filt field shall be set to '1". If the audio programme does not contain Ls and Rs channels,
thisfield shall be set to '0'.
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H.3.2.3.11 [fefilt - LFE filter applied - 1-bit

If alow-pass filter was applied to the LFE channel of the audio programme prior to encoding, the 1-bit Ifefilt field shall
be set to '1'. If the audio programme does not contain an LFE channel, this field shall be set to '0'.

H.3.2.3.12 Ifemonlevcod - LFE channel monitoring level - 2 bits

The 2-hit Ifemonlevcod field is used to indicate the level a which the LFE channel was monitored during production
relative to the full range audio channelsin the programme. Table H.3.12 shows the interpretation of the Ifemonlevcod
field. The value of thisfield may be used by the system to align the reproduction level of the LFE channel relative to the
reproduction level of the full range audio channelsin the programme. If the audio programme does not contain an LFE
channel, thisfield shall be set to '00'.

Table H.3.12: Meaning of Ifemonlevcod values

Ifemonlevcod value LFE channel monitoring level
00 Not indicated
01 +10 dB relative to full range audio programme channels
10 0 dB relative to full range audio programme channels
11 Reserved

H.3.2.3.13 drcprofinfoe - DRC profile information exists - 1 bit

If the 1-bit drcprofinfoe field is set to "1, fields describing the compression profile used to compute the values of DRC
datain the AC-3 or Enhanced AC-3 syncframe shall follow in the payload.

H.3.2.3.14 dynrngprof - DRC profile for dynrng data - 3 bits
The 3-bit dynrngprof field indicates the compression profile that was used by the AC-3 or Enhanced AC-3 encoder to

compute the values of the dynrng DRC data in the current AC-3 or Enhanced AC-3 syncframe. Table H.3.13 shows the
interpretation of dynrngprof values.

Table H.3.13: DRC profiles indicated by dynrngprof

dynrngprof value DRC profile
000 None
001 Film Standard
010 Film Light
011 Music Standard
100 Music Light
101 Speech

110-111 Reserved

The compression curves and time constants of each compression profile are specified in Table H.3.14. All gain
boundary values have a reference level of -31 dB.

Table H.3.14: Compression curves and time constants of DRC profiles indicated by dynrngprof

Profile | None Film Film Music Music Speech
Parameter standard light standard light
Compression Curve
Maximum boost gain [dB] 0 6 6 12 12 15
Maximum boost gain boundary [dB] 0 -12 -22 -24 -34 -19
Null-band lower boundary [dB] 0 0 -10 0 -10 0
Null-band upper boundary [dB] 0 5 10 5 10 5
Cut section gain [dB] 0 -5 -5 -5 -5
Cut section gain boundary [dB] 0 15 20 15 15
Maximum cut gain [dB] 0 -24 -24 -24 -15 -24
Maximum cut gain boundary [dB] 0 35 40 35 40 35
Time smoothing
Slow Attack Time Constant [ms] | A ] 100 [ 100 [ 100 | 100 | 100
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Profile | None Film Film Music Music Speech

Parameter standard light standard light
Slow Release Time Constant [ms] N/A 3 000 3000 10 000 3 000 1000
Fast Attack Time Constant [ms] N/A 10 10 10 10 10
Fast Release Time Constant [ms] N/A 1000 1 000 1000 1000 200
Attack threshold [dB] N/A 15 15 15 15 10
Release threshold [dB] N/A 20 20 20 20 10
NOTE: Profile None has a constant gain of 0 dB (i.e. it effectively disables dynamic range compression).

Therefore, the time constants are not applicable.

H.3.2.3.15 comprprof - DRC profile for compr data - 3 bits

The 3-bit comprprof field indicates the compression profile that was used by the AC-3 or Enhanced AC-3 encoder to
compute the values of the compr DRC datain the current AC-3 or Enhanced AC-3 syncframe. The comprprof field is
interpreted in the same way as dynrngprof, per clause H.3.2.3.14.

H.3.2.3.16 specprocinfoe - Spectral processing information exists - 1 bit

If the 1-bit specprocinfoe field is set to '1', fields describing the portion of audio bandwidth that is coded using spectral
processing techniques shall follow in the payload. If the current programme information payload is present in an AC-3
syncframe, or if the Enhanced AC-3 syncframe is not coded using spectral processing techniques, this field shall be set
to'0".

H.3.2.3.17 specprocstartf - Spectral processing start frequency - 3 bits

The 3-hit specprocstartf field shall indicate the lowest frequency at which spectral processing is being used to code the
programme audio. This information may be useful to equalization processes implemented downstream of the Enhanced
AC-3 decoder. The values of 0to 7 shall be interpreted as shown in Table H.3.15.

Table H.3.15:; Frequencies indicated by specprocstartf

specprocstartf value |Frequency (kHz)
000 4,55
001 5,67
010 6,80
011 7,92
100 9,05
101 10,17
110 12,42
111 14,67

The value of specprocstartf shall be lower than the value of the following specprocendf field.

H.3.2.3.18 specprocendf - Spectral processing end frequency - 3 bits

The 3-hit specprocendf field shall indicate the highest frequency at which spectral processing is being used to code the
programme audio. Thisinformation may be useful to equalization processes implemented downstream of the Enhanced
AC-3 decoder. The values of 0 to 7 shall be interpreted as shown in Table H.3.16.

Table H.3.16: Frequencies indicated by specprocendf

specprocendf value |Frequency (kHz)
000 7,92
001 9,05
010 10,17
011 12,42
100 14,67
101 16,92
110 19,17
111 21,42

ETSI



226 ETSI TS 102 366 V1.4.1 (2017-09)

The value of specprocendf shall be higher than the value of the preceding specprocstartf field.

H.3.2.3.19 chancplinfoe - Channel coupling information exists - 1 bit

If the 1-bit chancplinfoe field is set to '1', fields describing the portion of audio bandwidth that is coded using channel
coupling shall follow in the payload. If the AC-3 or Enhanced AC-3 is not coded using channel coupling, this field shall
besetto'0'.

H.3.2.3.20 chancplstartf - Channel coupling start frequency - 5 bits

The 8-bit chancplstartf field shall indicate the lowest frequency at which channel coupling is being used to code the
programme audio. This information may be useful to upmixing processes implemented downstream of the AC-3 or
Enhanced AC-3 decoder. Values of 0 to 26 shall be interpreted as shown in Table H.3.17. Vaues of 27 to 31 shall be
reserved and, if present, shall be interpreted as a frequency of 0 kHz. The value of chancplstartf shall be lower than the
value of the following chancplendf field.

Table H.3.17: Frequencies indicated by chancplstartf/chancplendf

chancplstartf |Frequency (kHz)

0 0

1 0,29
2 0,58
3 0,88
4 1,17
5 1,73
6 2,30
7 2,86
8 3,42
9 4,55
10 5,67
11 6,80
12 7,92
13 9,05
14 10,17
15 11,30
16 12,42
17 13,55
18 14,67
19 15,80
20 16,92
21 18,05
22 19,17
23 20,30
24 21,42
25 22,55
26 23,67

27-31 reserved

H.3.2.3.21 chancplendf - Channel coupling end frequency - 5 bits

The 8-bit chancplstendf field shall indicate the lowest frequency at which channel coupling is being used to code the
programme audio. This information may be useful to upmixing processes implemented downstream of the AC-3 or
Enhanced AC-3 decoder. Values of 0 to 26 shall be interpreted as shown in Table H.3.17. Values of 27 to 31 shall be
reserved and, if present, shall be interpreted as a frequency of 23.67 kHz. The value of chancplstartf shall be lower
than the value of the following chancplendf field. The value of chancplendf shall be higher than the value of the

preceding chancplstartf field.

H.3.2.3.22 enhncrnge - Dialog enhancement adjustment range data exists - 1 bit

If the 1-bit enhncrnge field is set to '1' the enhcrng field shall follow in the payload.
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H.3.2.3.23 enhncrng - Dialog enhancement adjustment range - 2 bits

The 2-bit enhncrng field shall specify the range of adjustment available to the user of a dialog enhancement process

when the user wishes to adjust the level of dialogue content relative to the level of non-dial ogue content in the audio
programme. The values of the enhncrng field shall be interpreted as shown in Table H.3.18.

Table H.3.18: Adjustment range indicated by enhncrng

enhncrng value |Adjustment range permitted
00 +3dB
01 +6dB
10 +9dB
11 +12dB

H.3.3 Payload ID 0x03 - Enhanced AC-3 substream structure

H.3.3.1 Overview

The Enhanced AC-3 substream structure payload provides an overall description of the substream structure of an
Enhanced AC-3 bit stream. The Enhanced AC-3 substream structure payload shall be stored only in an Enhanced AC-3
syncframe that has a strmtyp value of '0' and a substreamid value of '0'.

H.3.3.2 Syntax

Syntax No. of bits
eac3_substream structure()
{
NUMLE NA_SUD oo 3
for (i =0; i < numind_sub + 1, i++)
dep_sSUb_exi St Sl i ] ... 1
if (dep_sub_exists[i]) {numdep_sub[i]} .. ... 3
}
fill bits = 0 /* up to byte boundary */ ... ... 0to7
}

H.3.3.3 Semantics

H.3.3.3.1 num_ind_sub - Number of independent substreams - 3 bits

The 3-bit num_ind_sub field shall be set to a value of one less than the number of independent substreamsin the
E-AC-3 bit stream. This value is equal to the value of the substreamid field of the last independent substream in the bit
stream.

H.3.3.3.2 dep_sub_exist - Dependent substreams exist- 1 bit

The 1-bit dep_sub_exists field shall be set to '1' if one or more dependent substreams are associated with independent
substream [i]. If the dep_sub_exists field is set to '1', the num_dep_sub field shall follow in the payload.

H.3.3.3.3 num_dep_sub - Number of dependent substreams - 3 bits

The 3-bit num_dep_sub field shall be set to avalue of one less than the number of dependent substreams associated
with the corresponding independent substream[i]. This value is equal to the value of the substreamid field of the last
dependent substream in the bit stream.
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H.3.4 Payload ID 0x04 - dynamic range compression data for
portable devices

H.3.4.1 Overview

This payload provides dynamic range compression data intended to be used by portable devices. Portable devices
typicaly have limited loudspeaker output capabilities, and are primarily used in environments with high levels of
ambient noise, requiring the dynamic range of the programme audio to be significantly restricted to ensure audibility.

H.3.4.2 Syntax

Syntax No. of bits
portabl e_devi ce_drc()
{
VL ST DN Lttt 2
if (version == 0x3)
version += extended _VerSi ON ... ... .. 4
POTtAr Ce oo 1
if (portdrce){portdrCl .. ... 8
Ar Cprof i Nf O .. 1
if (dreprofinfoe){portdreprof} ... ... . 3
fill bits = 0 /* up to byte boundary */ ... ... 0to7
}

H.3.4.3 Semantics

H.3.4.3.1  version - Version of portable device DRC payload - 2 bits

The 2-hit version field shall indicate the version of the portable device DRC payload. For portable device DRC
payloads that conform to this Annex, the version field shall be set to '00', and the "extended_version™" field shall not be
present in the payload.

H.3.4.3.2 portdrce - Portable device DRC data exists - 1 bit

If the 1-bit portdrce field is set to '1', the portdrc field follows in the payload.

H.3.4.3.3 portdrc - Portable device DRC gain word - 8 bits

The 8-hit portdrc field is generated by the AC-3 or Enhanced AC-3 encoder, and may be used by the AC-3 or
Enhanced AC-3 decoder to scale the reproduced audio level in order to reproduce an extremely narrow dynamic range.
The portdrc field isinterpreted in the same way as the compr field, as specified in clause 6.7.3.

H.3.4.3.4 drcprofinfoe - DRC profile information exists - 1 bit

If the 1-bit drcprofinfoe field is set to "1, fields describing the compression profile used to compute the values of the
portdrc field shall follow in the payload.

H.3.4.3.5 portdrcprof - DRC profile for portable device DRC data - 3 bits
The 3-bit portdrcprof field indicates the compression profile that was used by the AC-3 or Enhanced AC-3 encoder to

compute the values of the portdrc DRC datain the current payload. The interpretation of the portdrcprof field shall be
the same as the dynrngprof field, as shown in Table H.3.13.
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H.3.5 Payload ID 0x05 - programme language

H.3.5.1 Overview

The programme language payload indicates the language of the audio programme. This payload shall use alanguage tag
and subtag structure that conforms to [i.20]. For Enhanced AC-3 bit streams, this payload shall only be carried in
independent substreams (strmtyp = 0x0).

H.3.5.2 Syntax

Syntax No. of bits
progranme_| anguage()
{

F P AME _SEQUENCE . . . 1

if (frame_sequence)

{

SEOUENCE ST Al b . . . 1
SEOUENCE_EBNA . . . 1
langt ag_ChUuNK . .. 16
}
el se
langt ag | engt h ..o 6
L ANt ag . . oo e 8 x (langtag_length + 2)
}
fill bits = 0 /* up to byte boundary */ ... ... 0to7

H.3.5.3 Semantics

H.3.5.3.1 frame_sequence - Syncframe sequence indication - 1 bit

The 1-hit frame_sequence field is used to indicate whether the language tag is delivered using multiple payloadsin a
sequence of AC-3 or Enhanced AC-3 syncframes, or whether the complete language tag is delivered in the current
payload. A value of '1' shall indicate that the language tag is delivered using multiple payloads delivered in a sequence
of AC-3 or Enhanced AC-3 syncframes, and information describing the sequence of syncframes shall follow in the
payload. A value of '0' shall indicate that the complete language tag is stored in the current payload. The value of
frame_sequence shall be set to 1" in all programme language payl oads that follow the programme language payl oad
in which both the value of the frame_sequence field and the value of the sequence_start field (see

clause H.3.5.3.2) is set to '1', up to and including the payload that contains the final byte of the language tag.

H.3.5.3.2 sequence_start - Syncframe sequence start indication - 1 bit

The 1-bit sequence_start field is used to indicate the start of a multi-frame sequence of language tag data. A value of
'1' shall indicate that this payload contains the first chunk of the language tag, and decoders shall start decoding the
language tag beginning with the data in this payload. A value of ‘0’ shall indicate that this payload does not contain the
start of the multi-frame sequence.

H.3.5.3.3 sequence_end - Syncframe sequence end indication - 1 bit

The 1-bit sequence_end field is used to indicate the end of a multi-frame sequence of language tag data. A value of '1'
shall indicate that this payload contains the last chunk of the language tag, and decoders shall finish decoding the
language tag using the data in this payload. A value of ‘0" shall indicate that this payload does not contain the end of the
multi-frame sequence.
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H.3.5.3.4 langtag_chunk - Language tag data chunk - 16 bits

The 16-bit langtag_chunk field shall contain atwo byte section of alanguage tag that conforms to the syntax and
semantics defined in [i.20]. The most significant byte of the language tag shall be stored in the most significant byte of
the langtag_chunk in a programme language payload that has aframe_sequence field value of '1'. Subsequent bytes
of the language tag shall be stored in the second byte of the current langtag_chunk and in the langtag_chunk of each
of the subsequent programme language payloads required to deliver the complete language tag. If the length of the
language tag does not correspond to an even number of bytes, the value of the extra byte that follows the end of the
language tag shall be set to 0xO0.

H.3.5.3.5 langtag_length - Language tag length - 6 bits

The 6-hit langtag_length field shall indicate the total length, in bytes, of the language tag. Vaues of 0 to 40 shall be
interpreted as 2 to 42 bytes. Values of 41 to 63 are reserved.

H.3.5.3.6 langtag - Language_tag - 16 to 336 bits

The variable length langtag field shall contain alanguage tag that conforms to the syntax and semantics defined in
IETF BCP-47 [i.20]. The minimum length of the langtag field shall be two bytes, supporting a two-character language
tag as specified in 1SO 639-1 [i.1]. The maximum length of the language tag supported by this field shall be 336 bits or
42 bytes.

H.3.6 Payload ID 0x6 - external data

H.3.6.1 Overview

The external data payload isintended to carry user-defined data types that do not have an assigned payload ID.

H.3.6.2 Syntax

Syntax No. of bits
external _data()

{

F P AME S EQUENCE . . . 1
if (frame_sequence)

{

SEOUENCE ST Al b . . 1
SEOUENCE_ENMA . . . 1
external _data Chunk .. ... ... 16

}

el se

{ : :
external _data |l ength ... ... . variabl e_bits(7)
external _data ........ .. ... 8 x (external _data_l ength)

}

fill bits =0 /* up to byte boundary */ ... ... . . . . 0to7

H.3.6.3 Semantics

H.3.6.3.1 frame_sequence - Syncframe sequence indication - 1 bit

The 1-hit frame_sequence field is used to indicate whether the user-defined data are delivered using multiple
payloads in a sequence of AC-3 or Enhanced AC-3 syncframes, or whether the user-defined data are delivered in the
current payload only. A value of '1' shall indicate that the user-defined data is delivered using multiple payloads
delivered in a sequence of AC-3 or Enhanced AC-3 syncframes, and information describing the sequence of syncframes
shall follow in the payload. A value of '0" shall indicate that the current payload contains the compl ete user-defined data.
The value of the frame_sequence field shall be set to 1" in al external data payloads that follow the external data
payload in which both the value of the frame_sequence field and the value of the sequence_start field (see

clause H.3.6.3.2) is set to '1', up to and including the payload that contains the final byte of the user-defined data.
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H.3.6.3.2 sequence_start - Syncframe sequence start flag - 1 bit

The 1-bit sequence_start field is used to indicate the start of a multi-syncframe sequence of user-defined data. A value
of "1' shall indicate that this payload contains the first 16 bits of the user-defined data, and decoders shall start decoding
the user-defined data beginning with the datain this payload. A value of ‘0" shall indicate that this payload does not
contain the start of the multi-syncframe sequence.

H.3.6.3.3 sequence_end - Syncframe sequence end flag - 1 bit

The 1-hit sequence_end field is used to indicate the end of a multi-syncframe sequence of user-defined data. A value
of '1' shall indicate that this payload contains the last 16 bits of the user-defined data, and decoders shall complete
decoding the user-defined data using the data in this payload. A value of '0' shall indicate that this payload does not
contain the end of the multi-syncframe sequence.

H.3.6.3.4 external_data_chunk - External data chunk - 16 bits

If the frame_sequence field is set to '1', the 16-bit external_data_chunk field shall contain a 16-bit chunk of the
user-defined data. The most significant byte of the user-defined data shall be stored in the most significant byte of the
external_data_chunk field. Subsequent bytes of the user-defined data shall be stored in the second byte of the current
external_data_chunk field, and in the external_data_chunk field of each of the subsequent external data payloads
required to deliver the user-defined data. If the length of the user-defined data does not correspond to an even number of
bytes, al bits that follow the end of the user-defined data shall be set to '0'.

H.3.6.3.5 external_data_length - External data field length - variable_bits(7)

If the frame_sequence field is set to '0', the variable length external_data_length field shall indicate the total length,
in bytes, of the external_data field.

H.3.6.3.6 external_data - External data field - external_data_length * 8 bits

If the multi-syncframe sequenceis not used to deliver the user-defined data, the variable length external_data field
shall contain the user-defined data.

H.3.7 Payload ID 0x7 - headphone rendering data

H.3.7.1 Overview

The headphone rendering data payload provides data intended for use by a headphone virtualization agorithm.

H.3.7.2 Syntax

Syntax No. of bits
headphone_r enderi ng_dat a()
{

ChaN _COUNt L o 3

for (ch = 0; ch < chan_count; ch++)

chan_gai N[ Ch] ... 6
L fechangal Ne . ... 1
if (Ifechangaine) {Ifechangai n} ........ ... 6
SEOUENCE ST Al b . . 1
SEOUENCE_ENM . . ottt 1
o T B o - - (= 1

if (brir_datae)

for (ch = 0; ch < chan_count; ch++)

chan_brir_chunk[ Chl ... ... 96

}
late BRI R ChUNK . ... 1536
if (sequence_end) {parity_check} ....... ... . . . .. 8
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Syntax No. of bits
if (sequence_start)

PrOPAl Y o oo 1
if (propdlye)

for (ch = 0; ch < chan_count; ch++)
pPropdl Y[ Ch] .o 11
}
FEB0dAt & . ... 1
if (rt60date)

NUM DNAS . . e 4
for (bnd = 0; bnd < num bnds; bnd++)

RT60[DNA] . ot 11

}
}

}
fill bits =0 /* up to byte boundary */ ... .. ... 0to7

}

H.3.7.3 Semantics

H.3.7.3.1 chan_count - Number of full-bandwidth channels - 3 bits

The 3-bit chan_count field shall indicate the number of full-bandwidth audio channelsin the AC-3 or Enhanced AC-3
bitstream to be processed for binaural output. The value of the chan_count field shall be between 1 and 7, indicating
between 1 and 7 full bandwidth channels.

H.3.7.3.2 chan_gain - Individual channel gain - 6 bits

The 8-bit chan_gain]i] field shall indicate the gain to be applied to each full bandwidth channel of the AC-3 or
Enhanced AC-3 bitstream before binaural processing. Values of 0 to 63 shall be interpreted as gains between O
and -63 dB in 1 dB steps.

H.3.7.3.3 Ifegaine - LFE channel gain value exists - 1 bit

If the 1-bit Ifegaine field is set to 1, LFE channel gain data shall follow in the bitstream.

H.3.7.3.4 Ifegain - LFE channel gain value - 6 bits

The 8-bit Ifegain field shall indicate the gain to be applied to the LFE channel of the AC-3 or Enhanced AC-3 bitstream
before binaural processing. Values of 0to 673 shall be interpreted as gains between 0 and -63 dB in 1 dB steps.

H.3.7.3.5 sequence_start - Syncframe sequence start indication - 1 bit

To minimize the data rate impact of the headphone rendering payload, some parameters are serialized across multiple
headphone rendering payloads, delivered in a sequence of AC-3 or Enhanced AC-3 syncframes. The 1-bit
sequence_start field is used to indicate the start of the multi-syncframe sequence of headphone rendering data. A
value of '1' shall indicate that this payload contains the start of the serialized headphone rendering data, and decoders
shall start decoding the headphone rendering data beginning with the datain this payload. A value of ‘0’ shall indicate
that this payload does not contain the start of the multi-syncframe sequence.

H.3.7.3.6 sequence_end - Syncframe sequence end indication - 1 bit

The 1-hit sequence_end field is used to indicate the end of the multi-syncframe sequence of headphone rendering
data. A value of '1' shall indicate that this payload contains the final set of serialized headphone rendering data for this
sequence, and decoders shall complete decoding the headphone rendering data using the data in this payload. A value of
'0" shall indicate that this payload does not contain the end of the multi-syncframe sequence.
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H.3.7.3.7 brir_datae - BRIR data exists - 1 bit

If the 1-bit brir_datae field is set to '1', data specifying the binaural room impulse response shall follow in the
bitstream.

H.3.7.3.8 chan_brir_chunk - Channel BRIR data chunk - 96 bits

The chan_brir[ch] variable is a multi-dimensional array used to specify 24-bit FIR filter coefficients that represent the
early BRIRs for channel ch to be used by the binaural rendering process. The size of each vector in the chan_BRIR[ch]
array is defined as follows:. 24-bit filter coefficients x 2 binaural output channels x 64 samples. To minimize the data
rate overhead of the array, the datais delivered in a series of 96-bit chan_brir_chunk fieldsin a sequence of 32 AC-3
or six-block Enhanced AC-3 syncframes, resulting in an update rate for the chan_brir array data of once every

1,024 seconds. Thefirst 96 bit chunk of the chan_brir[ch] variable shall be delivered in the syncframe that has a
sequence_start field value of '1'. The last 96 bit chunk of the chan_brir[ch] variable shall be delivered in the
syncframe that has a sequence_end field value of '1".

H.3.7.3.9 late_ BRIR_chunk - Late brir data chunk - 1536 bits

Thelate_brir variable is a multi-dimensional arrayused to specify 24-bit FIR filter coefficients that represent the
combined set of late BRIRs for each output channel of the binaural rendering process.The size of each vector in the

late BRIR array is defined as follows:. 24-bit filter coefficients x 2 binaural output channels x 1 024 samples. To
minimize the data rate overhead of the array, the datais delivered in a series of 1 536-bit late_brir_chunk fieldsina
sequence of 32 AC-3 or six-block Enhanced AC-3 syncframes, resulting in an update rate for the late_brir array data of
once every 1,024 seconds. The first 1 536 bit chunk of the late_brir variable shall be delivered in the syncframe that has
asequence_start field value of '1". Thelast 1 536 bit chunk of the late_brir variable shall be delivered in the
syncframe that has a sequence_end field value of '1'

H.3.7.3.10 parity_check - 8 bits

The 8-bit parity_check field is used to check that the set of chan_brir_chunk and late_brir_chunk data chunks
delivered in the sequence of syncframesthat start with sequence_start ='1' and ends with sequence_end ="1'is
complete and valid. The parity check shall be calculated by performing an exclusive OR operation of all the bytes of the
chan_brir_chunk and late_brir_chunk data chunks from all frames of a single sequence of chunks, beginning with the
syncframe which has asequence_start field value of '1', and ending with the syncframe which has a sequence_end
field value of '1', exclusive OR'd with the value 0xA9. The purpose of the latter isto force afailure in the case that all
data chunks are zeroes.

H.3.7.3.11 propdlye - Propagation delay data exists - 1 bit
If the 1-bit propdlye field is set to '1', per-channel propagation delay data shall follow in the bitstream.

H.3.7.3.12 propdly - Propagation delay data - 11 bits

The 11-bit propdly field shall specify the propagation delay of channel ch in units of samples. Valid values shal be
between 0 and 2 047 samples.

H.3.7.3.13 rt60e - RT_ data exists - 1 bit

If the 1-bit rt60e field isset to '1', RT, data shall follow in the bitstream.

H.3.7.3.14 num_bnds - Number of bands of RT, data - 4 bits

The 4-bit num_bnds field shall indicate the number of octave bands for which RT_ datais present. Valid values shall

be between 1 and 11. Values of 0 and 12 to 15 are reserved. The centre frequency of each octave band shall be as
specified in Table H.3.19.
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Table H.3.19: Centre frequencies of each octave band indicated by num_bnds

num_bnds value |Band number | Centre Frequency (Hz)

0 N/A N/A
1 1 16
2 2 315
3 3 63
4 4 125
5 5 250
6 6 500
7 7 1000
8 8 2 000
9 9 4000
10 10 8 000
11 11 16 000

12-15 N/A N/A

H.3.7.3.15 rt60[bnd] - RT,, value - 11 bits

The 11-bit rt60[bnd] field specifiesthe RT_ value for band bnd of the binaural rendering environment. The value of the

rt60[bnd] parameter may be used in the rendering device to update the room model or synthesize the reverb tail during
binaural rendering. Values 1 to 2 047 shall be interpreted as RT _ values of 0 to 2 047 milliseconds.
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Annex | (normative):
Signalling in MPEG-DASH

1.0 Scope

This annex describes the requirements and recommendations for delivering streams using the MPEG Dynamic
Adaptive Streaming over HTTP (DASH) standard in conjunction with the 1SO base media file format, specifically
referencing audio streams within the MPEG-DASH media presentation description (MPD) file.

.1 Media Presentation Description (MPD)

.1.1  General MPD requirements

[.1.1.1 Introduction

The syntax of the MPD can consist of common XML elements to describe amost any media format, the encoding type
and the configuration of a media stream that is part of alarger media presentation. This clause defines the values for
selected attributes and descriptors that are used in an MPD to properly describe a media stream.

The MPD and the contained XML elements shall conform to 1SO/IEC 23009-1 [2].

[.1.1.2  Adaptation Sets and Representations

Theinformation conveyed by an Adaptation Set XML element describes the presentation of one media component. An
Adaptation Set typically consists of multiple instances (Representations) of the same audio content, with each instance
encoded at a different datarate:

e  The @codecs valueisrequired. It specifies the codecs used to encode the Representations within one
Adaptation Set. The value of @codecs shall be the value of the codecs parameter as specified in clause J.2.

. The @mimeType value indicates the format used for encapsulation of the elementary streams present in the
adaptation set. The value of @mimeType shall be set to ‘audio/mp4'.

e  The @startWithSAP value shall be setto '1'.
Each Adaptation Set carries one or more Representations.
[.L1.1.3 AudioChannelConfiguration descriptor

The XML Element that references the elementary stream shall include an AudioChannel Configuration descriptor,
which unambiguously describes the channel configuration of the referenced elementary stream. Refer to clause1.1.2.1
for details.

1.1.2  Descriptors

[.L1.2.1 AudioChannelConfiguration descriptor

For the channel configurationslisted in table 1.1 column 1 (indicated by the acmod and chanmap field), the audio
channel configuration descriptor should use the scheme described in the schemel dUri

ur n: npeg: npegB: ci cp: Channel Confi gurati on. Thevaue should be aslisted in column 3, and interpreted as
index to ISO/IEC 23001-8 [4], Table 9. Vaid values are 1-7, 9-12, 14, 16-17, and 19. Column 2 in Table 1.1.1 provides
additional information how individual channels relate for the specified mapping.

The audio channel configuration descriptor may use the scheme described in the schemel dUri
tag: dol by. com 2014: dash: audi o_channel _confi gurati on: 2011.
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The value element shall contain a four-digit hexadecimal representation of the 16-bit field, which describes the channel
assignment of the referenced stream according to Table E.1.4, clause E.1.3.1.8, where | eft channel isMSB.

Table I.1.1: Mapping of channels indicated by acmod and chanmap to

MPEG channel configuration scheme

Present document ISO/IEC 23001-8 [4] CICP Table 3
Channels indicated by Loudspeaker names in Value
acmod and chanmap Loudspeaker Layout
Centre Centre Front 1
Left Left Front 2
Right Right Front
Centre Centre Front 3
Left Left Front
Right Right Front
Centre Centre Front 4
Left Left Front
Right Right Front
Cs Rear Centre
Centre Centre Front 5
Left Left Front
Right Right Front
Left Surround Left Surround
Right Surround Right Surround
Centre Centre Front 6
Left Left Front
Right Right Front
Left Surround Left Surround
Right Surround Right Surround
LFE LFE
Centre Centre Front 7
Left Left Front Centre
Right Right Front Centre

. Left Front
Lw/Rw pair Right Front
Left Surround Left Surround
Right Surround Right Surround
LFE LFE
Left Left Front 9
Right Right Front
Cs Rear Centre
Left Left Front 10
Right Right Front
Left Surround Left Surround
Right Surround Right Surround
Centre Centre Front 11
Left Left Front
Right Right Front
Lrs/Rrs pair L?ﬂ Surround

Right Surround
Cs Rear Centre
LFE LFE
Centre Centre Front 12
Left Left Front
Right Right Front
Left Surround Left Surround
Right Surround Right Surround
Lrs/Rrs pair Rear Surround L(_aft
Rear Surround Right

LFE LFE
Centre Centre Front 14
Left Left Front
Right Right Front
Left Surround Left Surround
Right Surround Right Surround
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Present document ISO/IEC 23001-8 [4] CICP Table 3
Channels indicated by Loudspeaker names in Value
acmod and chanmap Loudspeaker Layout
LFE LFE

. Left Front Vertical Height
VhiNVhr pair Right Front Vertical Height
Centre Centre Front 16
Left Left Front
Right Right Front
Left Surround Left Surround
Right Surround Right Surround
LFE LFE
. Left Front Vertical Height
VhiNVhr pair Right Front Vertical Height
Lts/Rts pair Left Vertical Height Surround
Right Vertical Height Surround
Centre Centre Front 17
Left Left Front
Right Right Front
Left Surround Left Surround
Right Surround Right Surround
LFE LFE
. Left Front Vertical Height
Vhi/Vhr pair Right Front Vertical Height
Vhce Centre Front Vertical Height
Lts/Rts pair Lgft Verticgl Heig.ht Surround
Right Vertical Height Surround
Ts Top Centre Surround
Centre Centre Front 19
Left Left Front
Right Right Front
. Left Side Surround
Lsd/Rsd pair Right Side Surround
Lrs/Rrs pair Rear Surround L(_eft
Rear Surround Right
LFE LFE
. Left Front Vertical Height
VhiVhr pair Right Front Vertical Height
Lts/Rts pair Left Vertical Height Surround
Right Vertical Height Surround

For an AC-3 stream with acmod = 2 (Stereo) the value of the audio channel configuration

descriptor for the scheme ur n: npeg: npegB: ci cp: Channel Confi gurati on should be 2.

For an E-AC-3 stream with acmod = 7 for independent stream O, and chanmap = 0x0058 for

dependent stream O, the value of the audio channel configuration descriptor for the scheme
ur n: npeg: npegB: ci cp: Channel Confi gurati on should be 12.

For astreamwith L, C, R, Ls, Rs, LFE, the value shall be set to "F801" (i.e. the hexadecimal
equivaent of the binary value 1111 1000 0000 0001).

1.2

Example Media Presentation Description

Thisis asimple example of a dynamic presentation, with multiple languages and multiple base URLSs.

The MPD document in Table 1.2.1 describes content available from two sources with audio available in two different
English-language presentations. main audio service only, or avisually impaired receiver-mix service. The visually
impaired serviceis enabled by simultaneously delivering the Enhanced AC-3 bitstream containing the main audio
service and an additional Enhanced AC-3 bitstream containing the associated audio service for visually impaired

listeners.

Three versions of the video are provided at bit rates between 250 kbps and 1 Mbpsin different spatial resolutions.
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Table 1.2.1: Example Media Presentation Description

<?xm version="1.0" encodi ng="utf-8"?>
<MPD xmi ns: xsi ="http://ww. w3. or g/ 2001/ XM_Schema- i nst ance"
xm ns: dol by="htt p: // ww. dol by. conf ns/ onl i ne/ DASH' xm ns="ur n: npeg: dash: schema: npd: 2011"
xsi : schemaLocat i on="ur n: npeg: dash: schema: npd: 2011 DASH MPD. xsd"
t ype="dynami c"
m ni nunpdat ePer i od="PT2S"
ti meshi ft Buf f er Dept h="PT30M
avail abilityStartTi me="2011-12-25T12: 30: 00"
m nBuf f er Ti me="PT4S"
profil es="urn: npeg: dash: profile:isoff-live:2011">
<BaseURL>htt p: // cdnl. exanpl e. conl </ BaseURL>
<BaseURL>htt p: // cdn2. exanpl e. com </ BaseURL>
<Peri od>
<l-- Video -->
<Adapt ati onSet m meType="vi deo/ np4" codecs="avcl. 4D401F" franeRate="30000/1001"
segnent Al i gnment ="true" start WthSAP="1">
<BaseURL>vi deo/ </ BaseURL>
<Segnent Tenpl at e ti mescal e="90000" nedi a="$Bandwi dt h$/ $Nunber $. n4s"
initialization="$Bandw dth$/0. mp4">
<Segmrent Ti el i ne>
<S t="0" d="180180" r="12"/>
</ Segnent Ti el i ne>
</ Segnent Tenpl at e>
<Representation id="v0" wi dth="320" hei ght="240" bandw dt h="250000" />
<Representation id="v1l" wi dth="640" hei ght="480" bandw dt h="500000" />
<Representation id="v2" w dth="960" hei ght="720" bandw dt h="1000000" />
</ Adapt at i onSet >
<!-- English Audio -->
<Adapt ati onSet m meType="audi o/ np4" codecs="ec-3" |ang="en" segnent Al i gnment =" 0"
start Wt hSAP="1">
<Accessibility schemel dUri ="urn:tva: met adat a: cs: Audi oPur poseCS: 2007" val ue="6"/>
<Rol e schenel dUri ="ur n: npeg: dash: rol e: 2011" val ue="mai n" />
<Segnent Tenpl at e ti mescal e="48000" nedi a="audi o/ en_nai n/ $Bandwi dt h$/ $Nunber $. n4s"
initialization="audi o/ en_mai n/ $Bandwi dt h$/ 0. mp4" >
<Segnent Ti nel i ne>
<S t="0" d="96000" r="11"/>
</ Segnent Ti nel i ne>
</ Segnent Tenpl at e>
<Representation i d="a0" bandw dt h="256000">
<Audi oChannel Confi gurati on
schenel dUri ="t ag: dol by. com 2014: dash: audi o_channel _confi guration: 2011" val ue="F801"/ >
</ Represent ati on>
</ Adapt ati onSet >
<!-- English Audio for visually inpaired |listeners -->
<Adapt ati onSet m meType="audi o/ np4" codecs="ec-3" |ang="en" segment Al i gnment ="t rue"
start Wt hSAP="1">
<Accessibility schemel dUri ="urn:tva: met adat a: cs: Audi oPur poseCS: 2007" val ue="1"/>
<Rol e schenel dUri ="urn: npeg: dash: rol e: 2011" val ue="comrentary" />
<Segnent Tenpl at e ti mescal e="48000" nedi a="audi o/ en_vi / $Bandwi dt h$/ $Nunber $. mds"
initialization="audio/en_vi/$Bandw dt h$/0. np4">
<Segmnent Ti el i ne>
<S t="0" d="96000" r="11"/>
</ Segnent Ti el i ne>
</ Segnent Tenpl at e>
<Representation id="al" dependencyl d="a0" bandw dt h="64000">
<Audi oChannel Confi gurati on
schenel dUri ="t ag: dol by. com 2014: dash: audi o_channel _confi guration: 2011" val ue="4000"/ >
</ Represent ati on>
</ Adapt at i onSet >
<!-- French Audio -->
<Adapt ati onSet m nmeType="audi o/ np4" codecs="ec-3" lang="fr" segnent Al i gnment ="0"
start Wt hSAP="1">
<Segment Tenpl at e ti mescal e="48000" nedi a="audi o/ f r/ $Bandwi dt h$/ $Nunber $. mis"
initialization="audi o/fr/$Bandw dt h$/0. np4" >
<Segment Ti el i ne>
<S t="0" d="96000" r="11"/>
</ Segnent Ti el i ne>
</ Segnent Tenpl at e>
<Representation id="a2" bandwi dt h="192000">
<Audi oChannel Confi gurati on
schenel dUri ="t ag: dol by. com 2014: dash: audi o_channel _confi gurati on: 2011" val ue="F801"/ >
</ Represent ati on>
</ Adapt at i onSet >
</ Peri od>
</ MPD>
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Annex J (normative):
Bit streams in the Common Media Application Format
(CMAF)

J.1 CMAF Tracks

J.1.1 Overview

This section specifies constraints that apply to all audio CMAF Tracks containing audio as defined in the present
document. These constraints are used to derive the Core Media Profile specified in clause J.3.

CMAF Tracks shall conform to Annex F as constrained and extended here; and shall conform to MPEG CMAF [1],
sections 6, 7, 8, 10.1 and 10.2.

J.1.2 codecs parameter signaling

The value of the codecs parameter shall be as specified in Table J.1.1. Thisisthe MIME type codecs parameter as
specified in IETF RFC 6381 [3].

Table J.1.1: codecs parameter

Audio coding algorithm Value of codecs parameter
AC-3 ac-3
Enhanced AC-3 ec-3

J.1.3 Considerations for Audio Encoding

J.1.3.1 Overview

Synchronized Enhanced AC-3 frames represent a contiguous audio stream where each audio frame represents an equal
size block of PCM samples at a given sampling frequency.

Additionally, the Enhanced AC-3 format does not require external metadata to set up the decoder, asit isfully
contained in that regard. Descriptor datais present, however, to provide information to the system without requiring
access to the elementary stream, as the bitstream is often encrypted.

J.1.3.2 Priming and delay

The codec uses audio blocks of afixed length of 256 samples, and a transform which applies over two audio blocks. To
obtain the correct audio from a block, both blocksin the transform are needed, and hence both the prior encoded block
and the current encoded block need to be decoded to output the first frame. Thisis sometimes called "priming" and may
be signaled using the 'roll' sample group.

Thus, afull reconstruction of the first 256 audio samples is sometimes not possible since there is no previous access
unit. If it isdesired to achieve full reconstruction of these samples, it is possible to add silence to the beginning of the
audio signal.

In practice, an encoder might prepend an arbitrary amount of silent audio waveform samples to the signal. This portion
of the audio signal is sometimes called "encoder delay" and varies depending on the implementation. This can be
compensated using one of the following delay compensation approaches.
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J.1.3.3 Delay compensation using an edit list

An edit list can be used to compensate any codec delay. When an edit list is used, asingle EditListBox shall be
recorded in the CMAF Header, as specified in MPEG CMAF [1], section 7.5.13.

J.1.3.4 Delay compensation before encapsulation

Delay can be compensated before stream encapsulation using the techniques specified in MPEG CMAF [1], annex G.5.
No EditListBox is required and thus no further delay compensation is required in the receiver.

J.1.3.5 Loudness and dynamic range control (DRC)

The audio stream should contain DRC and loudness metadata according to annex E and annex H. The audio encoder
should include the EMDF programme loudness data according to clause H.3.1. The audio encoder should include an
appropriate dynamic range compression word according to clause 4.3.3.

J.1.4 Track constraints

J.1.4.1 Storage of ISOBMFF samples

Storage of bitstream access units within a CMAF Track shall conform to the CMAF audio Track format as specified in
MPEG CMAF [1], section 10.2. Storage shall also conform to clause F.2. The following additional constraints apply:

. An ISOBMFF sample shall consist of either:
- exactly one AC-3 syncframe; or

- the number of Enhanced AC-3 syncframes required to deliver six blocks of audio data from every
substream present, beginning with independent substream 0.

. The first syncframe of an Enhanced AC-3 sample shall have:
- a stream type value of 0 (independent); and
- asubstream ID vaue of 0; and

- the convsync flag set to 1.

J.1.4.2 |ISOBMFF sample entry box

The ISOBMFF sample entry box is specified in annex F.

J.1.5 Elementary stream constraints

J.1.5.1 General

The bitstream shall be constrained as specified in clause F.1. The following additional constraints apply:
. The syncword parameter shall be 0x0B77, indicating "big endian” byte order.
e  Thevaue of theacmod parameter shall not be 0 (1+1) in any substream.

. The values of the parameters bsid, bsmod, acmod, Ifeon, fscod, frmsizcod, and chanmap shall remain
constant over the duration of one CMAF Track.
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J.1.5.2 Enhanced AC-3 elementary stream constraints

J.1.5.2.1 General
The following additional constraints apply to Enhanced AC-3 elementary streams.

. The value of the numblkscod parameter shall be the same for all substreams, indicating the number of blocks
per frame.

e  Thevalue of the strmtyp parameter shall be neither 2 (transcoded) nor 3 (reserved).

. The maximum number of substreams shall be 2, where the first substream shall be an independent substream
and, if present, the second substream shall be a dependent substream.

J.1.5.2.2 Independent substream O constraints

Independent substream O consists of a sequence of Enhanced AC-3 synchronization frames. These synchronization
frames shall comply with the following constraints:

. bsid - bit-stream identification: If independent substream 0 is the only substream in the bitstream, this field
shall be set to 10000b (16). If the Enhanced AC-3 bitstream contains both independent substream 0 and
dependent substream 0, this field shall be set to 00110 (6), 01000 (8) or 10000 (16).

. When bsid is 10000b (16), then:
- strmtyp - stream type: This field shall be set to 00b (Stream Type O - independent substream); and

- substreamid - substream identification: Thisfield shall be set to 000b (substream ID = 0).

J.1.5.2.3 Dependent substream O constraints

Dependent substream 0 consists of a sequence of Enhanced AC-3 synchronization frames. These synchronization
frames shall comply with the following constraints:

e  bsid - hit-stream identification: Thisfield shall be set to 10000b (16).
. strmtyp - stream type: Thisfield shall be set to 01b (Stream Type 1 - dependent substream).

e  substreamid - substream identification: Thisfield shall be set to 000b (substream ID = 0).

J.2 Switching Sets

Since al ISOBMFF samples consist of exactly one complete Access Unit (see Annex F), all ISOBMFF samples are
Stream Access Points (SAPs) of SAP type 1.

If a Switching Set contains more than one CMAF Track, the following requirements apply:

For time alignment between CMAF Tracks, either an encoder shall time align each SAP across all concerned CMAF
Tracks, or proper use of Edit Lists shall be employed, such that the decoded PCM samples align.

NOTE 1: Sample presentation times have to align with the tfdt, since that time is used for the switching alignment.
NOTE 2: Switching Sets can contain one or more CMAF Tracks.

To enable seamless switching between CMAF Tracksin a CMAF Switching Set, the following bitstream parameter, if
present, shall have identical valuesin al CMAF Tracks in the same CMAF Switching Set:

. bsid
° bsmod
. acmod
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° Ifeon
. fscod

e chanmap

J.3 Core Audio Media Profile

The Core CMAF Media Profile shall conform to the CMAF Track Format specified in clause J.1.
The following additional constraints apply.
. The fscod parameter shall always be O, indicating 48 kHz.
e  Thebitrate as calculated in accordance with clause F.6.2.2 shall be less than or equal to 3,024 kbps.

The FileTypeBox compatibility brand shall be ‘ceac' and should be used to indicate CMAF Tracks that conform to this
Media Profile.
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