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Introduction

Motivation

In order to more efficiently broadcast or record audio signal's, 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 a digital 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 must be stored or recorded, and not the
compression of dynamic range of the audio signal.) The goal of the digital compression agorithm 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 0.1 channel refersto a
fractional bandwidth channel intended to convey only low frequency (subwoofer) signals.

A typical application of the algorithm is shown in figure 1. In this example, a5.1 channel audio programme is 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 serial 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 demodulated 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 —»f -5 Encoder " Equipment g
Right Surround —»
Low Frequency
Effects Satellite Dish
Reception .
Output Audio
Signals
» Left
Encoded €
Modulated Bit-Stream > Center
Signal Reception 384 kb/s » Right
A G— , > AC-3 Decoder > LeftS d
Equ|pment > () urroun
» Right Surround
Satellite Dish > 'é‘f’f"‘;’c'zeq”emy

Figure 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. Nevertheless, the
encoder must produce a bit 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 process is 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 2.
Thefirst step in the encoding processis to transform the representation of audio from a sequence of PCM time samples
into a sequence of blocks of frequency coefficients. Thisis donein the analysis filter bank. Overlapping blocks of

512 time samples are multiplied by atime window and transformed into the frequency domain. Due to the overlapping
blocks, each PCM input sampleis 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 exponents is encoded into a coarse representation of the signal spectrum which is referred to as the spectral
envelope. This spectral envelope is used by the core bit alocation 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

(1536 audio samples) are formatted into an AC-3 frame. The AC-3 bit stream is a sequence of AC-3 frames.

Spectral
Envelope
Encoding

Exponents

PCM Time
Samples

Analysis Filter
Bank

Bit Allocation

Mantissas

Mantissa Bit Allocation Information
Quantization

Quan_tized Encoded
Mantissas Spectral
Envelope

Encoded AC-3

AC-3 Frame Formatting Bit-Stream

Figure 2: The AC-3 encoder

The actual AC-3 encoder is more complex than indicated in figure. 2. The following functions not shown above are also
included:

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

. error detection codes are inserted in order to allow the decoder to verify that areceived frame of datais error
free;

. the analysis filter bank spectral resolution may be dynamically atered so as to better match the time/frequency
characteristic of each audio block;

. 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
asto produce a more optimum bit alocation;

. the channels 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 3, must
synchronize to the encoded bit stream, check for errors, and de-format the various types of data such as the encoded
spectral envelope and the quantized mantissas. The bit allocation routine is run and the results used to unpack and de-
guantize 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 Bit | Information f Mantissa
Spectral . .
Allocation De-quantization
Envelope
Mantissas
Spectral Exponents Synthesis PCM Time
Envelope > .
: Filter Bank Samples
Decoding

Figure 3: The AC-3 decoder

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

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

. the synthesis filter bank resolution must be dynamically atered 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 a coded representation of audio information, and specifies the decoding process.
Informative information on the encoding process isincluded. The coded representation specified herein is suitable for
use in digital audio transmission and storage applications. The coded representation may convey from 1 to 5 full
bandwidth audio channels, along with alow frequency enhancement channel. A wide range of encoded bit-ratesis
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
algorithm specified in annex E is"E-AC-3".

2 References
Void.
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. A new audio block occurs every 256 audio samples

NOTE: Eachaudio sampleisrepresented in two audio blocks.
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 agroup 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
a coupled channel

full bandwidth (fbw) channel: audio channel capable of full audio bandwidth
NOTE: All channels (left, 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 is awaysindependent.

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.
Similar (but not identical) to the original set of exponents
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synchronization frame: unit of the serial bit stream capable of being fully decoded
NOTE: The synchronization frame begins with a sync code and contains 1 536 coded audio samples.

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.
3.2 Abbreviations

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

acmod audio coding mode

addbsi additional bit stream information
addbsie additional bit stream information exists
addbsil additional bit stream information length
audblk audio block

audprodie audio production information exists
audprodi2e audio production information exists, ch2
auxbits auxiliary data bits

auxdata auxiliary datafield

auxdatae auxiliary dataexists

auxdatal auxiliary data length

baie bit allocation information exists
bap bit allocation pointer

bin frequency coefficient bin inindex [bin]
blk block in array index [bIK]

blksw block switch flag

bnd band in array index [bnd]

bsi bit stream information

bsid bit stream identification

bsmod bit stream mode

ch channel in array index [ch]
chbwcod channel bandwidth code

chexpstr channel exponent strategy

chincpl channel in coupling

chmant channel mantissas

clev centre mixing level coefficient
cmixlev centre mix level

compr compression gain word

compr2 compression gain word, ch2
compre compression gain word exists
compr2e compression gain word exists, ch2
copyrightb copyright bit

cplabsexp coupling absolute exponent
cplbegf coupling begin frequency code
cplbndstrc coupling band structure

cplco coupling coordinate

cplcoe coupling coordinates exist
cplcoexp coupling coordinate exponent
cplcomant coupling coordinate mantissa
cpldeltba coupling dba

cpldeltbae coupling dba exists

cpldeltlen coupling dbalength

cpldeltnseg coupling dba number of segments
cpldeltoffst coupling dba offset

cplendf coupling end frequency code
cplexps coupling exponents

cplexpstr coupling exponent strategy
cplfgaincod coupling fast gain code
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cplfleak
cplfsnroffst
cplinu
cplleake
cplmant
cplsleak
cplstre
crcl

crc2
crersv
csnroffst
dis

d25

d45

dba
dbpbcod
deltba
deltbae
deltbaie
deltlen
deltnseg
deltoffst
dialnorm
dialnorm2
dithflag
dsurmod
dynrng
dynrng2
dynrnge
dynrng2e
exps

fow
fdcycod
fgaincod
floorcod
floortab
frmsizecod
fscod
fsnroffst
gainrng
grp
langcod
langcod?2
langcode
langcod2e
Ife
Ifeexps
Ifeexpstr
Ifefgaincod
Ifefsnroffst
Ifemant
Ifeon
mixlevel
mixlevel2
mstrcplco
nauxbits
nchans
nchgrps
nchmant
ncplbnd

ncplgrps

18

coupling fast leak initiaization
coupling fine SNR offset
coupling in use

coupling leak initialization exists
coupling mantissas

coupling slow leak initialization
coupling strategy exists

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

delta bit allocation

dB per bit code

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

Dolby surround mode

dynamic range gain word
dynamic range gain word, ch2
dynamic range gain word exists
dynamic range gain word exists, ch2
channel exponents

full bandwidth

fast decay code

channel fast gain code

masking floor code

masking floor table

frame size code

sampling frequency code
channel fine SNR offset

channel gain range code
group in index [grp]

language code

language code, ch2

language code exists

language code exists, ch2

low frequency effects

Ife exponents

Ife exponent strategy

Ife fast gain code

Ife fine SNR offset

Ife mantissas

Ifeon

mixing level

mixing level, ch2

master coupling coordinate
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
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ncplmant number of coupled mantissas
ncplsubnd number of coupling sub-bands
nfchans number of fow channels
nifegrps number of Ife channel exponent groups
nlfemant number of Ife channel mantissas
origbs original bit stream
phsflg phase flag
phsflginu phase flagsin use
rbnd rematrix band in index [rbnd]
rematflg rematrix flag
rematstr rematrixing strategy
roomtyp room type
roomtyp2 room type, ch2
sbnd sub-band in index [sbnd]
sdcycod slow decay code
seg segment in index [seg]
sgaincod slow gain code
skipfid skip field
skipl skip length
skiple skip length exists
slev surround mixing level coefficient
snroffste SNR offset exists
surmixlev surround mix level
syncframe synchronization frame
syncinfo synchronization information
syncword synchronization word
tdac time division aliasing cancellation
timecod1 time code first half
timecod?2 time code second half
timecodle time code first half exists
timecod2e time code second half exists

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 (AB), each of which represent 256 new audio samples. A synchronization information
(SI) header at the beginning of each frame 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 frameis 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 simplified 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

A continuous audio bit stream would consist of a sequence of synchronization frames:

Syntax
AC-3_bi tstream)

whi | e(true)

syncframe() ;

}
}/* 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 all 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()
SYNCWOT O . ot 16
L o o 16
F SO . o o 2
FrBI ZECOd . . oo 6
} /* end of syncinfo */

ETSI



21 ETSI TS 102 366 V1.1.1 (2005-02)

4.3.2 bsi - Bit stream information

Syntax Word size
bsi ()
{
DS A 5
DS L 3
ACIDA L 3
if((acnmpd & 0x1) && (acnmod !'= 0x1)) /* if 3 front channels */ {cmixlev} .................... 2
if(acnmod & 0x4) /* if a surround channel exists */ {surmixlev} ....... ... .. ... ... ... ... 2
if(acnmod == 0x2) /* if in 2/0 nmode */ {dsurmdd} .. .. ... 2
=T o 1
i Al MO M L 5
[ .15 = 1
T (COMPreE) {COMPI Y oo 8
L ANGCOOE . .o 1
if(langcode) {1angCod} . . ... ... 8
AUAPE O € . . . 1
i f (audprodi e)
{
M X BV Bl L 5
{0 o o ¢ 80V o 2
if(acnod == 0) /* if 1+1 node (dual nono, so sone itens need a second val ue) */
di Al NOr M 5
(o 110 22 1
I T (COMPr2€) {COMPI 2} . e e e e 8
[ ANGCOO2E . . . . 1
if(langcod2e) {1 angCod2} . . .. ... ... 8
AUAPr O0i 2@ . . oo 1
i f (audprodi 2e)
M XL BVl 2 . 5
0 T 01 0 0 2
}
}
COPYI TGNt D . 1
OF T gD 1
L MBCOO e . L oo 1
if(timecodle) {timBCOdl} ... .. . 14
L MBCOU2E . . o 1
if(timecod2e) {timBCOd2} .. ... 14
addbsi @ L 1
i f (addbsi e)
{
addbsi | ... 6
AddbST . . (addbsil +1) x 8
}
} /* end of bsi */
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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 dynam c range control */
Y NI NG 1
P (dynrnge) {dynrng} . ..o 8
if(acnbd == 0) /* if 1+1 node */
Y NI NG 2E e 1
I T(dynrng2e) {dynrng2} .. ... 8
/* these fields for coupling strategy information */
(o3 o = A = 1
if(cplstre)
{
CPl I U e 1
i f(cplinu)
{
for(ch = 0; ch < nfchans; ch++) {chincpl[chl} .. ... . . 1
if(acnmod == 0x2) {phsflginu} /* if in 2/0 mode */ ..... ... ... . . . . . . . . . 1
[ o1 0 = | 4
CPl Nl 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++)
if(chincpl[ch])
CPl COB CN] oo 1
i f(cpl coe[ch])
{
MBErCPl CO[ N .o 2
/* ncpl bnd derived from ncpl subnd, and cpl bndstrc */
for(bnd = 0; bnd < ncpl bnd; bnd++)
cplcoexp[chl[bnd] ... ... 4
cplcomant[ch] [bnd] . ... ... . 4
}
}
}
}
i f((acnod == 0x2) && phsflginu & (cplcoe[0] || cplcoe[l]))
for(bnd = 0; bnd < ncplbnd; bnd++) {phsflg[bnd]} ..... ... . . . 1
}
/* these fields for renatrixing operation in the 2/0 node */
if(acnpd == 0x2) /* if in 2/0 node */
LB St T 1
if(rematstr)
if((cplbegf >2) || (cplinu == 0))
{
for(rbnd = 0; rbnd < 4; rbnd++) {rematflg[rbnd]} ...... ... ... .. . . . . . . . 1
}
if((2 >= cplbegf > 0) &k 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
}
}
}
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Syntax Word size
/* these fields for exponent strategy */
P (eplinu) {Cpl eXPSt T} oo 2
for(ch = 0; ch < nfchans; ch++) {chexpstr[ch]} ... ... .. . . 2
(I feon) {lIfeexXpPStr) . 1

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

i f(chexpstr[ch] != reuse)

if(lchincpl[ch]l) {chbwcod[ch]} ..... ... . . 6
}
} .
/* these fields for exponents */
if(cplinu) /* exponents for the coupling channel */
{
i f(cplexpstr != reuse)
Pl AbS XD . o o 4
/* ncpl grps derived from ncpl subnd, cpl expstr */
for(grp = 0; grp < ncplgrps; grp++) {cplexps[grpl} ... 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 2

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

i f(lIfeexpstr != reuse)

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

/* these fields for bit-allocation parametric information */
DAl & 1
i f(baie)
{

SACYCOU oo 2
e {0374 oo To 2
SOAINCOO . oo 2
AbpbCOd 2
FlO0r COO .. 3
ST Of St & 1

i f(snroffste)

CSNI Of St L e 6
i f(cplinu)

CPl SN Of f St Lo 4
Cplfgal NCO . . .o 3

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

Fonrof St CN] . 4
Fgai NCOAL CR] Lo 3

if(lfeon)

Lfef SNrof f St .. e 4
I fefgai NCOd . ... . 3

}
}
i f(cplinu)

CPl Ak o 1
i f(cplleake)

cplfleak . ... 3
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Syntax Word size
[ ICE 3
}
/* these fields for delta bit allocation information */
el t bal & 1
i f (del tbaie)
{
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 o 1= I 0 =Y = o 3
for(seg = 0; seg <= cpldeltnseg; seg++)
cpldel tof f st sSeq] ... 5
cpldel tl en[ Seg] . oot 4
cpldel thal Seg] . . oo 3

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

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

del tNsSegl Ch] ... 3
for(seg = 0; seg <= deltnseg[ch]; seg++)
deltoffstchl[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 & 1
i f(skiple)
SKI Pl 9
SKI Pf L d skipl x 8
/* These fields for quantized mantissa values */ ...... .. ..
Ot _CPl Chan = 0. ..
for (ch = 0; ch < nfchans; ch++) ...
for (bin = 0; bin < nchmant[ch]; bin++) {chmant[ch][bin]} ..... .. ... ... ... ... .. ... (0-16)
if (cplinu & chincpl[ch] && !got_cplchan) ....... ... e
for (bin = 0; bin < ncplmant; bin++) {cplmant[bin]} ... ... ... . .. ... ... ... (0-16)
got _cCpl chan = A ...
}
if(lfeon) /* mantissas of low frequency effects channel */ ..... ... .. .. ... . .. ... ... ... ..
{
for (bin =0; bin < nlfemant; bin++) {Ifemant[bin]} ... ... ... .. . . . . . .. (0-16)
}
F /r end of audbl K X/
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4.3.4 auxdata - Auxiliary data

Syntax Word size
auxdat a()
AUX DT S . L nauxbi ts

i f (auxdat ae)

AUXAat Al . .. 14

}

AUXAAL BB, . . .. 1
} /* end of auxdata */

4.3.5 errorcheck - Error detection code

Syntax Word size

errorcheck()

} /* end of errorcheck */

4.4 Description of bit stream elements

A number of bit stream elements have val ues which may be transmitted, but whose meaning has been reserved. If a
decoder receives a bit stream which contains reserved val ues, 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

44.1.1 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 to 16 bits

This 16 bit-CRC appliesto the first 5/8 of the frame. Transmission of the CRC, like other numerical values, is most
significant bit first.

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 Sampling rate
(kHz)
00 48
01 44,1
10 32
11 Reserved
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4414 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).

442 bsi - Bit stream information

4421 bsid - Bit stream identification - 5 bits

Thisbit 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.

4422 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 (V1)

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 "010" to "111" Main audio service: karaoke
4423 acmod - Audio coding mode - 3 bits

This 3-bit code, shown in table 4.3, indicates which of the main service channels are in use, ranging from 3/2 to 1/0. If
the MSB of acmod isa 1, surround channels arein 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 isa0, the centre channel isnot in use. If the LSB of acmod isa 1, the centre channel isin use. 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 + nfchans if 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, a number of additional items

are present in BS! 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.
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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, SL, SR

111 3/2 5 L,C, R, SL, SR
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 till
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".

Table 4.6: Dolby Surround mode

dsurmod Indication
00 Not indicated
01 NOT Dolby surround encoded
10 Dolby surround encoded
11 Reserved
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4427 Ifeon - Low frequency effects channel on - 1 bit

Thishit hasavalue 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 are interpreted as-1 dB to -31 dB with respect to digital 100 %. If the
reserved value of 0 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 thisbit isal, 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 6.7.2.

44211 langcode - Language code exists - 1 bit

If thishitisal, 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 bit reserved value. (This element was originally intended to carry an 8-bit value that would, viaatable
lookup, indicate the language of the audio program. Because modern delivery systems provide the | SO 639-2 language
code in the multiplexing layer, indication of language within the AC-3 elementary 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).

4.4.2.14 mixlevel - Mixing level - 5 bits

This 5-bit code indicates the absolute acoustic sound pressure level of an individual 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 value of
mixlevel dB SPL, or 80 dB to 111 dB SPL. The peak mixing level isthe acoustic level of asinewavein 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".
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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-hit 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 thishit isa 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 applies to 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 thishitisa 1, the following 8 bits (i.e. the element langcod?2) shall be reserved. If thishit is a0, 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.

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

If thisbit isa 1, 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).

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

4.4.2.25 origbs - Original bit stream - 1 bit

Thisbit hasavalue of 1 if thisisan origina bit stream. This bit has avalue of 0 if thisis a copy of another bit stream.
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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 1/64th of aframe (one frame = 1/30th 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 code in 1/64th
frame increments up to 8 second.

4.4.2.27 timecod1l - 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 0to 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

timecod2e, 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
0to 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 aframe, with valid values from 0 to 63.

4.4.2.29 addbsie - Additional bit stream information exists - 1 bit

If this bit has avalue of 1 thereisadditional 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.

4.4.3 audblk - Audio block

4431 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 alength of 512 pointsto a length 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.
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4.4.3.3 dynrnge - Dynamic range gain word exists - 1 bit

If thishit isa 1, the dynamic range gain word 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 aframe where if the control word is not present the current value of
dynrng issetto 0.

4434 dynrng - Dynamic range gain word - 8 bits

This encoder-generated gain word is applied to scale the reproduced audio as described in clause 6.7.1.

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 aframe where if the control word is not present the
current value of dynrng2 isset to 0.

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, asdescribed in clause 6.7.1.

4.4.3.7 cplstre - Coupling strategy exists - 1 bit

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

44311 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.
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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 must 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] is a0, the sub-band number [sbnd] is not 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 O is received, then anew
band will be formed, beginning with the 12 bins of the current sub-band. The set of cplbndstrc[sbnd] valuesis
typically considered an array.

Each bit in the array corresponds to a specific coupling sub-band in ascending frequency order. The first element of the
array corresponds to the sub-band cplbegf, is always 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 previously 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.

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 2-3
10 2-6
11 2-9

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 channe! [ch] and band [bnd]. The index [ch] only will exist for those channels which
are coupled. The index [bnd] will range from 0 to ncplbnds. See clause 6.4.3 for further information on how to
interpret coupling coordinates.
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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

mantissas 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 thisbit isa 1, then new rematrix flags are present in the bit stream. If it is 0, rematrix flags are not present, and the
previous vaues 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 this bit 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 == )
(cplinu == 1) && (cplbegf > 2) 4
(cplinu == 1) && (2 = cplbegf > 0) 3
(cplinu == 1) && (cplbegf == 0) >

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.

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.
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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 or 7 bits

These elements represent the encoded exponents for channel [ch]. The first element ([grp] = 0) is a4-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 cplbedf 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 or 7 bits

These elements represent the encoded exponents for the Ife channel. The first element ([grp] = 0) is a4-hit absolute
exponent for the first (DC term) transform coefficient. There are two additional elements (nlfegrps = 2) which are
7-hit 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 thishitisa 1, then five separate fields (totalling 11 bits) follow in the bit stream. Each field indicates parameter
values for the bit alocation process. If thisbitisa0, 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 allocation process.

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 slow 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.
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4.4.3.36 snroffste - SNR offset exists - 1 bit

If this bit has avalue of 1, anumber of bit allocation parameters follow in the bit stream. If this bit has a value of 0,
SNR offset information does not follow, and the previoudly transmitted val ues should be used for this block. The bit
alocation 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 hit allocation 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 allocation 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 alocation process for the Ife channel.

4.4.3.44 cplleake - Coupling leak initialization exists - 1 bit

If thisbitisal, leak initialization parameters follow in the bit stream. If thisbit isa0, 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.

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 alocation process.

4.43.47 deltbaie - Delta bit allocation information exists - 1 bit

If thishitisa 1, some deltabit allocation information follows in the bit stream. If thisbit isa0, 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.
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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 shown in table 4.11. If the reserved
state isreceived, 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 number represented by the code.

4.4.3.51 cpldeltoffst[seq] - Coupling delta bit allocation offset - 5 bits
The first 5-bit 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[seq] - 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.

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
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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-hit binary code.

4.4.3.55 deltoffst[ch][seg] - Channel delta bit allocation offset - 5 bits
The first 5-bit 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 allocation 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 followsin 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.

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

Thisfield contains the null bytes of data to be skipped, as indicated by the skipl parameter.

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

The actual quantized mantissa values for the indicated channel. Each value may contain from O to as many as 16 hits.
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.

4.4.3.62 cplmant[bin] - Coupling mantissas - 0 to 16 bits

The actual quantized mantissa values for the coupling channel. Each value may contain from 0 to as many as 16 bits.
The number of mantissas for the coupling channel is equa to ncplmant, which may be determined from:

ncplmant = 12 x ncplsubnd.
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4.4.3.63 Ifemant[bin] - Low frequency effects channel mantissas - 0 to 16 bits

The actual quantized mantissa values for the Ife channel. Each value may contain from O to as many as 16 bits. The
value of nlfemant is 7, so there are 7 mantissa val ues for the Ife channel.

4.4.4  auxdata - Auxiliary data field

Unused data at the end of a frame will exist whenever the encoder does not utilize all available data for encoding the
audio signal. This may occur if the final bit alocation falls short of using all 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 frame,
amethod is provided to signal the number of actual auxiliary data bitsin each frame.

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

The number of bitsin the frame 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 frame.
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Table 4.13: Frame size code table (1 word = 16 bits)

Nominal Words/syncframe Words/syncframe Words/syncframe
frmsizecod bit rate fg =32 kHz fg =44,1 kHz fg =48 kHz
(kbit/s)
"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
"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: fg: 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 frame). 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 datain the auxbits auxiliary field.

4443 auxdatae - Auxiliary data exists - 1 bit

If thishit isa 1, then the auxdatal parameter precedes in the bit stream. If this bit is a0, auxdatal does not exist, and
thereis no user data.
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4.4.5 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. This will
result in acrc2 value which is not equal to the syncword.

4.45.2 crc2 - Cyclic redundancy check 2 - 16 bits

The 16-bit CRC applies to the entire frame. 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 frame.

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 frame.

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, all 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 details of the AC-3 bit stream syntax. This clause gives 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 this clause
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
The input bit stream will typically come from a transmission 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.
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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
datamay 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 elementary AC-3 bit stream with byte or (16-bit) word
alignment. The sync frame is always an integral number of words in length. The decoder may receive dataasa
continuous serial 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.

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 frame. 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 comesfirst and covers the first 5/8 of the frame, the result of acrcl check may be
available after only 5/8 of the frame has been received. Or, the entire frame 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 probability 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

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 which must 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.

Unpack BSI, side information
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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 exponents must be known. 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 must be known. The
details on how to unpack and decode exponents are provided in clause 6.1.

5.25 Bit allocation

The bit allocation computation reveals how many bits are used for each mantissa. The inputsto 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 bitsin 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 asindicated by the baps. Grouped mantissas must be
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 must be 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, asindicated 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 values
instead 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 this value to ater the magnitude of the coefficient (exponent and mantissa) as specified in clause 6.7.1.

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 coefficients into blocks of time samples. The inverse transform is detailed
in clause 6.9.
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5.2.11 Window, overlap/add

The individual blocks of time samples must be windowed, and adjacent blocks must be 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 sampling 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

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-%P. 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 leading zeros. Exponents require
5 bitsin order to represent al allowed values.

AC-3 bit streams contain coded exponents for all independent channels, al coupled channels, and for the coupling and
low frequency effects channels (when they are enabled). Since audio information is not shared across frames, block 0 of
every frame will include new exponents for every channel. Exponent information may be shared across blocks within a
frame, 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 - 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 must be added to the prior exponent value in order
to form the next absolute value.

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.
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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 frames, 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 frame) exponents. The three exponent coding strategies
provide atrade-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 fbw 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. Thisallows deltas of up to +2 (+12 dB) between exponents. These five values are mapped into the
values 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 va ue 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
table 6.2.

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
-2 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 must ensure that the exponent
chosen for the pair or quad is the minimum absolute val ue (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 M3) are grouped together and coded as
a 7-bit value according to the following formula:

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

The exponent field for agiven 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 Exponent decoding

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.

Table 6.4: Exponent strategy coding

chexpstr[ch], cplexpstr Exponent strategy Exponents
per group
00 Reuse 0
prior exponents
01 d15 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
0 Reuse 0
prior exponents
1 di5 3

Following the exponent strategy fields in the bit stream is a set of channel bandwidth codes, chbwcod[ch]. These are
only present for independent channels (channels not in coupling) that have new exponents in 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; /* (chisnot coupled) */
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For coupled channels the end mantissa bin number is defined by the starting bin number of the coupling channel:

endmant[ch] = cplstrtmant;/* (ch is coupled) */

where cplstrtmant is as derived below. By definition the starting mantissa bin number for independent and coupled
channelsis 0.

strtmant[ch] = 0.

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 starts in 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 aways a 4-bit absolute number. For these channels the absolute exponent aways
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 absolute 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 asa
4-bit value, however it corresponds to a 5-bit value. The LSB of the coupled channel initial exponent is always O, so the
decoder must take the 4-bit value which was sent, and double it (left shift by 1) in order to obtain the 5-bit 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:

nchgrps[ch] = 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 valueis converted to a differential exponent (dexp) by subtracting the mapping offset:
dexp = M2.
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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.

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++)

aexp[i] = prevexp + dexp[i];
prevexp = aexp[i];
}
/* expand to full absolute 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 =1fordi5;

= 2 for d25;

= 4 for d45.
absexp: absolute exponent (exps[ch][0], (cplabsexp<<1l), 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 absol ute exponent array for that channel.
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6.2 Bit allocation

6.2.1 Overview

The bit allocation routine analyses the spectral envelope of the audio signal being coded with respect to masking effects
to determine the number of bitsto assign to each transform coefficient mantissa. In the encoder, the bit allocation is
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 allocate bits across channels, frequencies, and audio blocksin
accordance with signal demand.

The bit alocation contains a parametric model of human hearing for estimating a noise level threshold, expressed as a
function of frequency, which separates audible from inaudible 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 tables in the next clause, isindependent of sampling frequency. The required
bit allocation for each mantissais established by performing a table 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 allocation must be computed in the decoder whenever the exponent strategy (Cchexpstr, 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 stepsin between. A complete set of new bit alocation information is always transmitted in audio
block 0.

Since the parametric bit allocation routine must generate identical resultsin all 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 val ues.

6.2.2 Parametric bit allocation

This clause describes the seven-step procedure for computing the output of the parametric bit allocation 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.
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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;

}
/* for coupling channel *

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

| festartmant = O;

| feendmant = 7;

i f(chincpl[ch]) endmant[ch] = 37 + (12 x cpl begf); /* channel iscoupled*/
el se endmant[ch] = 37 + (3 x (chbwcod + 12)); /* channel isnot coupled */

Specia case processing step:

Before continuing with the initialization procedure, all snr offset parameters from the bit stream should be evaluated.
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 |ook-ups to determine the values of sdecay, fdecay, sgain, dbknee, and floor from parametersin

the bit stream as follows:

Pseudo code

sdecay sl ondec[ sdcycod]; /* Table6.6*/
fdecay = fastdec[fdcycod]; /* Table6.7*/
sgai n = sl owgai n[ sgai ncod]; /* Table6.8*/
dbknee = dbpbt ab[ dbpbcod]; /* Table6.9*/
floor = floortab[floorcod]; /* Table6.10*/

Initialize as follows for uncoupled portion of fbw channel:

Pseudo code

start = strtmant[ch];
end = endmant[ch];

| owconp = 0;
fgain = fastgain[fgaincod[ch]]; /* Table6.11*/
snroffset[ch] = ((csnroffst - 15) << 4 + fsnroffst[ch]) << 2,
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Initialize as follows for coupling channel:

Pseudo code

start = cplstrtmant;

end = cpl endmant ;

fgain = fastgain[cpl fgaincod]; /* Table6.11*/

snroffset = ((csnroffst - 15) << 4 + cplfsnroffst) << 2;
fastl eak (cplfleak << 8) + 768;

sl owl eak (cplsleak << 8) + 768;

Initialize as follows for Ife channel:

Pseudo code

start = Ifestrtmant;

end = | feendmant;

| owconp = 0;

fgain = fastgain[lfefgaincod];

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[K] assumesintegral values ranging from 0 to 24, the dynamic range of the psd[] valuesisfrom 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. 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.
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Pseudo code
j = start ;
k = masktab[start] ;
do
{
lastbin = min(bndtab[ k] + bndsz[k], end);
bndpsd[ k] = psd[j] ;
i+t
for (i =j; i <lasthin; i++)
bndpsd[ k] = | ogadd(bndpsd[ k], psd[j]) ;
i+
}
k++ ;
}

while (end > |astbin) ;
| ogadd(a, b)
{

c=a b;
address = min((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 = nasktab[start];
bndend = nasktab[end - 1] + 1,
if (bndstrt == 0) /* Forfbw and Ifechannels*/

| owconp = cal c_| owconp(| owconp, bndpsd[ 0], bndpsd[1], 0);
excite[0] = bndpsd[0] - fgain - |owonp;
| omconp = cal c_| owconp(| owconp, bndpsd[ 1], bndpsd[2], 1);
excite[1] = bndpsd[1] - fgain - | owonp;
begin = 7,
for (bin = 2; bin < 7; bin++)
{
if ((bndend !'=7) || (bin!=6)) /* skip for last bin of |fe channels */

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

begin = bin + 1 ;
break ;

}
for (bin = begin; bin < mn(bndend, 22); bin++)
if ((bndend !'=7) || (bin!=6)) /* skip for last bin of |Ife channel */

| omconp = cal c_| owconp(| owconp, bndpsd[ bi n], bndpsd[ bi n+1], bin)

fastl eak -= fdecay ;

{/* note: do not call calc_lowonmp() for the |last band of the |fe channel, (bin = 6) *
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Pseudo code
fastl eak = max(fastl eak, bndpsd[bin] - fgain) ;
sl o eak -= sdecay ;
sl om 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 owl eak -= sdecay;
sl oM 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 ((b0O + 256) == bl);
{ a = 384,
élse if (b0 > bl)
i a = max(0, a - 64);

}
else if (bin < 20)

if ((b0 + 256) == bl)
{

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 allocation, 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 dba information isincluded in the bit stream, the decoder
must not modify the default allocation. One way to ensure thisis to initialize the cpldeltnseg and delthseg[ch] delta
bit allocation variables to 0 at the beginning of each frame. This makes the dba processing (shown below) to
immediately terminate, unless doa information (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 mantissas in the affected 1/6th 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 tof fst[seq];
if (deltba[seg] >= 4)
{

delta = (deltba[seg] - 3) << 7,
}else

delta = (deltba[seg] - 4) << 7;
%ror (k = 0; k < deltlen[seg]; k++)

mask[ band] += del ta;
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 addressinto baptabl[] to obtain the final alocation. The baptabl] array is shown
in table 6.16.

The sum of all channel mantissa allocations in one frame is constrained by the encoder to be less than or equal to the total
number of mantissa bits available for that frame. The encoder accomplishes this by iterating on the values 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 pointersindicate 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] &= Ox1feO ;
mask[j] += floor ;

for (k =1i; k < lastbhin; k++)

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

j++

}
while (end > lasthin) ;

6.2.3 Bit allocation tables

Table 6.6: Slow decay table, slowdec] ]

Address slowdec[address]
0 0x0f
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
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Table 6.9: dB/bit table, dbpbtab][ ]

Address dbpbtab[address]
0 0x000
1 0x700
2 0x900
3 0xb00

Table 6.10: Floor table, floortab|[ ]

Address floortab[address]

0 0x2f0

0x2b0

0x270

0x230

0x1f0

0x170

0x0f0

N[OOI WIN|F

0xf800

Table 6.11: Fast gain table, fastgain| ]

Address fastgain[address]

0 0x080

0x100

0x180

0x200

0x280

0x300

0x380

N[OOI A~[W|IN|F

0x400
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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=(10xA)+B

B=0|B=1|B=2|B=3|B=4|B=5|B=6|B=7|B=8|B=9
0 1 2 3 4 5 6 7 8 9
10 | 11 |12 |13 |14 |15 |16 | 17 | 18 | 19
20 | 21 |22 | 23 |24 | 25 | 26 | 27 | 28 | 28
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 | 4
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
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 | 41 | 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=23| 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 | O 0 0

B3> (>332 25 53> > > > > >

P N P I S P I R I U BN S N =)
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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
A=0 0x0040 0x003f | 0x003e | 0x003d | 0x003c | 0x003b | 0x003a | 0x0039 | 0x0038 | 0x0037
A=1 0x0036 | 0x0035 | 0x0034 | 0x0034 | 0x0033 [ 0x0032 | 0x0031 | 0x0030 | 0x002f 0x002f
A=2 0x002e | 0x002d | 0x002c | 0x002c | 0x002b [ 0x002a | 0x0029 | 0x0029 | 0x0028 [ 0x0027
A=3 0x0026 | 0x0026 | 0x0025 | 0x0024 | 0x0024 | 0x0023 | 0x0023 | 0x0022 | 0x0021 [ 0x0021
A=4 0x0020 0x0020 0x001f | 0x00le | 0x00le | 0x001d 0x001d | 0x001c | 0x00lc | 0x001b
A=5 0x001b | O0x00la | 0x00la | 0x0019 | 0x0019 | 0x0018 | 0x0018 | 0x0017 | 0x0017 [ 0x0016
A=6 0x0016 | 0x0015 | 0x0015 | 0x0015 | 0x0014 | 0x0014 | 0x0013 | 0x0013 | 0x0013 [ 0x0012
A=7 0x0012 | 0x0012 | 0x0011 | 0x0011 | 0x0011 [ 0x0010 | 0x0010 | 0x0010 | Ox00O0f 0x000f
A=8 0x000f 0x000e | 0x000e | 0x000e | 0x000d | 0x000d | 0x000d | 0x000d | 0x000c | 0x000c
A=9 0x000c 0x000c | 0x000b | 0x000b [ Ox000b [ 0x000b | 0x000a | 0x000a | 0x000a | 0x000a
A =10 | 0x000a | 0x0009 | 0x0009 | 0x0009 | 0x0009 | 0x0009 | 0x0008 | 0x0008 | 0x0008 | 0x0008
A=11 [ 0x0008 | 0x0008 | 0x0007 | 0x0007 | 0x0007 | 0x0007 | 0x0007 [ 0x0007 | 0x0006 [ 0x0006
A =12 | 0x0006 | 0x0006 | 0x0006 | 0x0006 | 0x0006 | 0x0006 | 0x0005 | 0x0005 [ 0x0005 | 0x0005
A =13 | 0x0005 | 0x0005 [ 0x0005 | 0x0005 | 0x0004 | 0x0004 | 0x0004 | 0x0004 | 0x0004 | 0x0004
A =14 | 0x0004 | 0x0004 | 0x0004 | 0x0004 | 0x0004 | 0x0003 | 0x0003 [ 0x0003 | 0x0003 | 0x0003
A =15 [ 0x0003 | 0x0003 | 0x0003 | 0x0003 | 0x0003 | 0x0003 | 0x0003 | 0x0003 | 0x0003 | 0x0002
A=16 [ 0x0002 | 0x0002 | 0x0002 | 0x0002 | 0x0002 | 0x0002 | 0x0002 | 0x0002 | 0x0002 | 0x0002
A =17 [ 0x0002 | 0x0002 | 0x0002 | 0x0002 | 0x0002 | 0x0002 | 0x0002 | 0x0002 | 0x0001 | 0x0001
A =18 [ 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 [ 0x0001 | 0x0001 | 0x0001
A=19 [ 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 [ 0x0001 | 0x0001 | 0x0001
A=20 [ 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001 | 0x0001
A=21 [ 0x0000 | 0x0000 | 0x0000 | 0x0000 | O0x0000 | 0x0000 | 00000 [ 0x0000 | 0x0000 [ 0x0000
A =22 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 [ 0x0000 | 0x0000 [ 0x0000
A =23 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | O0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000
A =24 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 [ 0x0000 | 0x0000
A =25 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 0x0000 | 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[O][band] hth[1][band] hth[2][band]
No. (fg=48kHz) | (fg=44,1kHz) | (f5=32kHz) No. (fg=48kHz) | (fg=44,1kHz) | (f5 =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
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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
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

Quantizer Mantissa bits
bap levels (group bits/
number in group)
0 0 0
1 3 1,67 (5/3)
2 5 2,33 (7/3)
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
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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 val ues 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 baps of 1, 2 and 4 (3, 5, and 11 level quantizers.)

Table 6.18: Mapping of bap to quantizer

Mantissa bits
b Quantizer Quantization (gntztab[bap])
ap levels type (group bits/
number in group)
0 0 None 0
1 3 Symmetric 1,67 (5/3)
2 5 Symmetric 2,33 (713)
3 7 Symmetric 3
4 11 Symmetric 3,5 (7/2)
5 15 Symmetric 4
6 32 Asymmetric 5
7 64 Asymmetric 6
8 128 Asymmetric 7
9 256 Asymmetric 8
10 512 Asymmetric 9
11 1024 Asymmetric 10
12 2 048 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 a transform coefficient. The decimal point is
considered to be to the | eft of the M SB; therefore the mantissa word represents the range of

(1,0 - 2 - qntztablbap] -1 to -1,0.

The mantissa number k, of length gntztab[baplk]], is extracted from the bit stream. Conversion back to afixed point
representation is achieved by right shifting the mantissa by its exponent. This process is represented by the following
formula

transform_ coefficient[k] = mantissalk] >> exponent[K].

ETSI



62 ETSI TS 102 366 V1.1.1 (2005-02)

No grouping is done for asymmetrically quantized mantissas.

6.3.3

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 is treated as atableindex 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.

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

transform_coefficient[k] = quantization_table[mantissa_code[k]] >> exponent[K].
The mapping of coded mantissa value into the actual mantissavalueis shown in tables 33 (6.19) to 37 (6.23).

6.3.4

The AC-3 decoder uses random noise (dither) valuesinstead 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.

Dither for zero bit mantissas (bap = 0)

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.

Once adither value is assigned to a mantissa, the mantissais 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 -2.13
1 0
2 2./3

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

Mantissa code Mantissa value
0 -4./5
1 -2./5
2 0
3 2./5
4 4./5

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

Mantissa code

Mantissa value

0

-6./7

-4./7

-2.07

0

2.7

4.7

OO |W[IN|F-

6./7
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Table 6.22: bap =4 (11-level) quantization

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

[(o} [oc]l LN] [o) (&2} M- FNA |\ O] T (@)

[En
o

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

Mantissa code Mantissa value
0 -14./15
1 -12./15
2 -10./15
3 -8./15
4 -6./15
5 -4./15
6 -2./15
7 0
8 2./15
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 val ues 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 mantissasin an exponent set
does not fill an integral 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 hits. Five level quantized mantissas (bap = 2) are grouped into triples each of 7 bits. Eleven level

quantized 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_code]c];
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].
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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.

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 equivaent 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 aphase 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 shown in
table 6.24. The parameter cplbegf indicates the number of the coupling sub-band which isthe first to be included in
the coupling process. Below the frequency (or transform coefficient number) indicated by cplbegf all channels are
independently coded. Above the frequency indicated by cplbegf, channels included 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 which is 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).
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Table 6.24: Coupling sub-bands

Coupling If cut-off hf cut-off If cut-off hf cut-off
sub-band No. |Low tc No. |High tc No. (kHz) (kHz) (kHz) (kHz)
atfy=48kHz | atfy=48kHz |atfg=44,1kHz |atfg=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: fg: sampling frequency.

NOTE 2: At 32 kHz sampling rate the sub-band frequency ranges are 2/3 the values of those for 48 kHz.

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 must 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-bit master coupling coordinate (mstrcplco[ch]) which is used to range al of the coupling coordinates within that
channel. The exponent val ues for each channel areincreased 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

i f (cplcoexp[ch, bnd] == 15)

cpl co_temp[ch, bnd] = cplcomant[ch, bnd] / 16 ;
}
el se

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

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

Using the cplbndstrc[] array, the values of coupling coordinates which apply to coupling bands are converted (by
duplicating values asindicated by values of "1" in cplbandstrc|]) to values which apply to coupling sub-bands.
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Individual channel mantissas are then reconstructed from the coupled channel asfollows:

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 achannel 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, we construct:

left” =0,5 x (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, we can code the right'
channel with very few bits, and increase accuracy in the more important left' channel.

Thistechnique is especially important for preserving Dolby Surround compatibility. To see this, consider atwo channel
mono source signal such as that described above. A Dolby Pro Logic decoder will try to steer al 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 = left + QN1;
Received right = 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' + QNI1;
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'.
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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 freguency. The tables below indicate the
rematrixing 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 High Low High frequency | Low frequency |High frequency
Band No. coefficient coefficient frequency (kHz) (kHz) (kHz)
No. No. (kHz) fg =48 kHz fg =44,1kHz fg =44,1kHz
fg =48 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.

Table 6.26: Rematrixing band Table B

Low High Low frequency | High frequency | Low frequency | High frequency
Band No. | coefficient | coefficient (kHz) (kHz) (kHz) (kHz)
No. No. fg =48 kHz fg =48 kHz fg = 44,1 kHz fg = 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 A 5,67 B 5,21 C

A =36 + cplbegf x 12

6.5.2.3

B = (A + 1/2) x 0,09375 kHz

Coupling in use, 2 = cplbegf > 0

C = (A + 1/2) x 0,08613 kHz

If coupling isin use (cplinu = 1), and 2 = cplbegf > 0, there are 3 rematrixing bands (nrematbd = 3). The last (third)
rematrixing 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. fg =48 kHz fg =48 kHz fg =44,1 kHz fg =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 A 3,42 B 3,14 C

A =36 + cplbegf x 12

6.5.24

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

B = (A + 1/2) x 0,09375 kHz

Coupling in use, cplbegf =0

ETSI
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Low High Low frequency | High frequency | Low frequency | High frequency
Band No. | coefficient | coefficient (kHz) (kHz) (kHz) (kHz)
No. No. fs =48 kHz fg = 48 kHz fs=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 previously defined rematrixing frequency bands for the following combinations:
LLRL+RL-R

Pseudo code

i f(mnimumsumfor a rematrixing sub-band nis L or R

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

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

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

This selection of matrix combination is done on ablock by block basis. The remaining encoder processing of the
transmitted left and right channelsisidentical whether or not the rematrixing flagsare 0 or 1.

6.5.4

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 is required. If the bit is set, the AC-3
decoder performs the following operation to restore the individual channels:

left(band n)
right(band n)

Decoding technique

= received left(band n) + received 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

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 bit stream.

Dialogue normalization

6.6.1

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.

Overview
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The subjective level of normal spoken dialogue is used as areference. 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 is interpreted 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 is not directly used by the AC-3 decoder. Rather, the value is 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, asdesired.

In order for the dialogue normalization system to work, the dialnorm value must be communicated from the AC-3
decoder to the system gain controller so that dialnorm can interact with the listener adjusted volume contral. If the
volume control function for a system is performed as a digital multiply inside the AC-3 decoder, then the listener
selected volume setting must be communicated into the AC-3 decoder. The listener selected volume setting and the
dialnorm value must be brought together and 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 allows the system volume control to be implemented in away 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.

6.7 Dynamic range compression

6.7.1 Dynamic range control; dynrng, dynrng2

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

6.7.1.1 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 areference, 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 must be compressed downwardsin level. Similarly, in many
listening situations the very quiet sounds would be inaudible, and must be brought upwards in level to be heard. Since
most of the audience will benefit from a limited 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 its intended form. The AC-3 audio
coding technology solves this conflict by allowing dynamic range control values to be placed into the AC-3 hit stream.
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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 abit stream processor) will generate the sequence of
dynrng values. Each value is used by the AC-3 decoder to alter 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 values in the bit stream. This
will result in the full dynamic range of the audio being reproduced. It is aso 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 signalsand 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
(sequence 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 valuesindicate
negative gain, or gain reduction. For full scale 0 dB signals (the loudest explosions), gain
reduction of -15 dB is encoded into dynrng. For very quiet signals, a gain 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 al of the intended programme content. The AC-3 decoder is allowed to reproduce the defaullt,
which isfull 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.

The listening situation changes, and the listener now wishes to raise the reproduction level of
dialogueto 70 dB SPL, but still wishesto limit how loud the programme plays. Quiet sounds may
be alowed 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 wishesthe full original dynamic range of the audio. Thislistener adjusts the
reproduced dialogue level to 75 dB SPL, and instructs the AC-3 decoder to ignore the dynamic
range control signal. For this listener the quiet sounds reproduce at 25 dB SPL, and the explosions
hit 100 dB SPL. The reproduced dynamic range is 100 dB - 25 dB = 75 dB. Thisreproduction is
exactly as intended by the original programme producer.

In order for this dynamic range control method to be effective, it should be used by all 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 must 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 values in 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.
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6.7.1.2 Detailed implementation

The dynrng field in the AC-3 data stream is 8 bitsin length. In the case that acmod = 0 (1 + 1 mode, or 2 completely
independent channels) dynrng appliesto the first channel (Chl), and dynrng2 applies to the second channel (Ch2).
While dynrng is described below, dynrng2 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 O. 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 bitsindicate 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. We will represent the 3 and 5 hit fields of dynrng as follows:

XoX1X5.Ya Y, YsYs Y,

The meaning of the X valuesis most simply described by considering X to represent a 3-bit signed integer with values
from -4 to 3. The gain indicated by X isthen (X + 1) x 6,02 dB. Table 43 shows thisin detail.

Table 6.29: Meaning of 3 MSB of dynrng

Xo X1 X5 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 again change of upto -6 dB. Y is considered to be an unsigned fractional
integer, with aleading value of 1, 0or: 0,1 Y3 Y, Y5 Y4 Y, (base2). Y can represent values 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.

Partial compression

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 asigned
fractional number, or:

Xo DXy X5 Y5 Y, YsYs Y,

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

multiplied by afraction 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.Y2Y, Y5 Y Y, and used normally.

6.7.2 Heavy compression; compr, compr2

The compr element allows the programme provider (or broadcaster) to implement a large dynamic range reduction
(heavy compression) in away which assures that 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 h