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OPT~LtSaTION LY A.~1 AUDIO ENCODER Technical Field 5 This imrent<en iates
rn audio code: s, and in particular to the e.~oding acd packing of d3ca
into fixed Iergriz crarr:es. Backamund Art IQ In order to more efficiently
broadcast or rxord audio si;.~als, the a~.ount o: information r:quired to
represent t ie aLdio signals may E;e reduced. In the case of digital audio
signals, the amount of digital info~on nr.~ed to accurately reproduce Lhe
original pulse code modulation (PCbi) samples may he rzduc..-d by applying
a digital compression aigoritbrn) resulting ir. a digitally compressed
representation of the original signal. Tli.e goal of the Z 5 digral
cor.~pression algorithm is oo produce a digital representation of as audio
signal which, wren decoded and reproduced, sounds rte same as the original
signal, while using a mi.aimum of digiral informaricn far the compressed or
ersroded representation. Recent advances in audio coding technology have
led to high cort~tressian ratios while 20 keeping audible degradarion in
the compressed signal to a mini~un. These coders are intended for a variety
of apgtications) including S.I channel film soundtracks) HDTV) Laser discs
and multimedia. Description of aae applicable method can Ix found is the
Advanced Television Systems Commitrer (ATSC7 Standard document entitled
"Digital Audio Coraaressior. (AC-3) Srard;ud", Document AI52) 20 December,
1995, and the disc:ossre ef ZS Lha.t docurneat is hereby e~rcssly
inco~orated herein by reference. In the basic approach, at the encoder the
time dorl3in audio signal is first converted to the frequrrc;~ darrain
using a bank of filters. The frequerLCy dotr~aitt coefficients) thus
gezerat~. are converted to fixed point representation. In ftaed point
syntax) eaca coeiFicient is 3 0 repr~erued as a mantissa and an eapore.~t,
Tint bulk of the comp ressed biucream cansmicted   2 October 2002 w ti:e
decoder comt,?rises these e:taoneats and mantissas. The e.~or~tnrs are
usually tra n cm i cxd in their o riginal form. However, each mantissa must
be truncared to a nxed or variable number of derinlal places. The auraber
of bits to be used 5 for coding each mantissa is obtained from a bit
allocation algorithm wlvca may be based on the asaslaag prooecey of the
htunaa auditory system. Lower numbers of bits result in higher corngcession
ratios because less space is required to r~r~st the coefficients. However,
this may cacse high quantization errors, leading to audible distortion. .4
good dissibution of available bits to each mantissa forms the core of the
advanctd audio callers. 10 Fcu~er compression is possible by employing
differertiai coding for the exponents. In this case the ~ar~ts for a cE~re1
are dir'foreatialhf codad across tfx: Fequency range. The first exponent is
seat as as absolute value. Subs.qt:G~t exponent information is sent in
differential form, subject w a maxiazutn Limit. That is. instead of sending
actual exponent values, only 15 tl^,e difference exponents is scat In the
extr:me case, when exponent sets of several consecutive blocks i.-t a frame
arc almost identical tl:e exganent set far the first block only are seat.
The subsequeBt blocks in the frame reuse the ptzviausly sent exponent
values. In the above tneatior~cd AC-3 starvard, the audio blocks and the
melds witF~.in the blocks ;rave 



24 variable lengths. Certain fields) such as expatients, may not be pcrsent
in a particular audio black) arid eves if greseZt it may require differ..nt
~miber of bits at different times drpet:ding ~ ` on tf~~ current strategy
used and si~a,t characteristics. The rt^andssas aepear itn each block)
however the bit allocation for the mantissas is performed globally. 25 Orte
approach could be to pack all information, e:ccludag the mantissas) for all
the audio blocks into the AC-3 feast:. The remaining space in the frame is
then used to allocate bits to all the manrissas globally. The mantissas foe
each block, quant:.zrd to approptia.:, bits using tf~e bit allocation
output, are then placed iu rte proper tield in the frame. This type of
appcvach is cumbersome and has high memory and corngucation requirements,
and hence is 30 not practical for a rzal tune encoder meant for consumer
application.   2 October 2002 -3 Surrsnarr of the Invention In accordance
wig: the present imrention) there is provided a method of processing input
audio data for corr:pression into an encoded bitsrream corrprisirg a series
of fixed size frames, each 5 of the axed size frames haring a plurality of
Va.^',ablC size fields containing coded data of diferent types, the z:ethod
including the steps o f receiving input darn to be coded into a fraate of
the ou~ut bitstr;.3u:; pr~"roroc:rssing t~ input data to de:etnsine at
Least one f~.rst coding parameter to be used for coding the input darn into
at least one of tine variable size fields in the frame) wheroin the 10
value of the at least one first ending parameter affects L`te data space
s'L:e required for dte at least one variable size field; storing thx at
least oar first coding paraz^.eter determined in thx greprocessu:g step;
allocating data space in tile frame for at Ieast ore other of the variable
size fields on the basis of the derzrmined at !east ore first ending
paratnerrr; 15 d~,ermini.~g at least one second coding parameter for coding
data into the at least one ocher variable sized field on the basis of said
allocated spare; and coding L~.e input data into the variable sized fields
of the frame using the first and second coding parameters. 20 The gr~sent
invetttioa also provides a method for transform encoding audio data having
a plurality of channels for traasrnission or storage in a fixed l~g~
fraa^.e of art encoded data bitst,-eam) the frame including variable length
f olds for eacaded e;tponents, encoded mantissas and coupling data, the
method including the steps of: obtai.ain, input audio data for a frame; 25
ce:ertniaing a transform length parameter for the audio data: 



dececminiag coup tang garatneters for the audio data: determining an
exponent strategy for the audio data: calculating space required in the
frame for the e:cponent and coupling data fields on the basin of tha
detertrsned transform length parameter, coupling parameters and exponent 30
strategy;   2 October 2002 -4 calculating space available is the frame for
the ersoded mantissa field according to the calculated space required in
the frame for the exporeat and coupling data fields; determining a
~ranrissa encoding parameter on the basis of the calculated arailable
space: and 5 encoding the audio data into exponent dares, mantissa data and
coupEing data utilising the transform length parameter, coupling
paratnecers, exponent strategy and mantissa encoding parameter, and
pacScin.g the encoded audio data into the resperure fields ire ck:e frame.
10 The preset imet:tion further provides a transform audio encoder for
e<~,codi~ audio data having a plurality of channels for transmission or
storage in a fixed leagta frame of an encoded data bitsaeam, the frame
iccludiag variable E~~gth yields for encoded etpor~ents, encoded mantissas
and coupling data, the encoder including: as inLUt buffer for storing input
audio data for a frame; 15 taeans for determining a transform length
parameter) coupling parameters and an exponent strategy for the audio data;
means for caiculacing space required in the frame for ti,.e etponent and
coupling data yields on tile basis of tha det"~rmined t`ransfora length
parameter, coupling parameters arid exgoaent strategy; .0 means for
c3lcuiating space available is the frame for the encoded mantissa field
according to the calculated space required in the frame for the exponent
and coupling data fields; taeans for decerraiaing a mantissa encoding
parameter on the basis of the calculated available space; and 25 encoding
means far rrcodiztg the az:dio data inrn exponent data, tnaadssa data and
caupfing data utilising ttce trar>,storm length param~~xr, coupling
gararneters) exponent strategy and mantissa encoding p aratneter) and p
acicing the encoded audio data into the respective fields in the frame. 



30 Preferably the craasforrn audio encoder includes a storage deans for
storing the transform   2 October 2002 -5 length parameter, coupling
parameters, exponent scrate~r arid mantissa encoding parameter for use by
the encoding means in encoding the audio data. Embodimeacs of ti'~e
izvcacioa adcress the problems discussed aoove by estintatiag ar the 5
beginning o f the fame processi.^.g tre bit-usage for differcat fiolds) b~
upon sonic basic aualysij of the input signal. Given tf~.e fixed frame siw)
c.~~e coding s~ategies for each field are caoser: suca that the total bits
required is within the size of rite frame. The iteration for the bit
allocatiaa is done at ta'~e begiarting itself so that at laser st~e no
comnucatianally expensive back-tracking t5 CLeCeSSaIy. to According to the
approach described in detail hereinbelow, in cl:e initial stage of the
processing of a name, it is advantageous to perform only the necessary
computations which are to be used to base the decisions for the different
strategies to be used for coding of diffs~t fields throughout the frame.
Each such decisioa is recorded in a table which is used 15 during the later
stage. The processing of the frame can be done in a methodical nant:er such
that the iteration for tk~.e bit aLocation requires miaimal computation. In
the iaitial processing stage of a frame) based on same basic aaalysis of
the signal) all coding strategies for the entire frame such as 20 exponent
strategy and coupling ca-ordinate strategy may be determined. Secondly) the
bit requireazents for each field of the frame. excluding that for
mantissas) car, be estimated. From the knowledge of the bit usage for all
fells) the bits available for mantissas is calculated. 25 Using a Modified
Binary Convergence Algorithm (~~CA) the value for ta'~e bit allocation
parameters) csnioffset and fsn~offset, which lead to a maximum us:ge of
available bats) is deter~nin,ed. A Fast Bit Aliccanon Algorichro. (I-BA A)
attmpts to only estimate the total bits required far mantissas with a
particular value of csnroffser and fsnroffset, avoiding aLi operations
winch are not necessary for the esu:nation process. 30   2 October 2002 -s
Once dLe values for esnroffser and fsnroffset are determined) the frame
processing can be performed ac bloc(c IeveL, in a water-fall tnettlod.
Since the e~~es are always conservative, it is guy that at the end of the
frame processing the total bits required shall not exceed the specined
frame size. T'ais avoids expensive back-tracSciing unavoidable by other 5
approaches. 



Brief Description of the Drawings The iaveztion is described in greater
detaiE hereir.below, by way of example only, through E 0 description of
embodiments the.^~of and with reference to ~.e accompanying drawings)
wherein: Fig~.ue 1 is a diagrammatic illuscracioa of tt:e data swcazre of
an encoded AC-3 data stream showing the catnpositioa and ar-angCZpenC of
data fratnrs and blocks; Figure 2 is diagramrnadc block diagram of a
digital audio coder acrarding to an 15 embodiment of the present invention:
and Figure 3 is a flow diagram of a data processing system or encoding
audio data according to an esnbodiment of the inventian Detailed
Description of the Preferred Embodiments 20 The ingot to the AC-3 audio
encoder comprises stream of digitised samples of the time domain audio
signal. Ii the stream is mufti-channel the samples of each channel appear
in interleaved format, 'fhe output of the audio encode: is a sequence of
synchronisation frames of the serial coded audio bic streaat. For advanced
audio encoders) such as the AC-3, the 25 comarrssion ratio can be aver ten
times. Figure 1 shows th.e ge.~er aI format of an AC-3 frame. A frame
consists of the following distinct data fields: ' 30  a synchronisation
header (sync inioczr:.~tion. frame size code)   2 October 2002 -7_  the
bit-stream infotTr:adon (iatarmation pertaining m the wtiole frame]  the 6
blocks of packed audio data  two CRC error checks 5 The bulk of the frame
siz"p is corsutrad by the 6 blacks of audio data. Each block is a decodable
entity, however not all information to decade a particular block is
necessarily inetudrd in the block. If information needed to decode blocl~
can be sham across blocks, then that iaiortratian is only cansazitt=d as
part of tt:e nest bIcck in which it is coed, and the decoder reuses the
sarre information to decade later blacks. 10 All irfor~on which may be
corditiorially included in a block is always inc!sded in the fast block.
Thus, a frame is m.~,de to be an indexnder_t entire: there is no
inter-frame data sharing. This facilitates splicing of encoded darn at the
frame Level, and rapid t^,...overy from transmission error. Since not all
necessary information is included in each block, the IS irsdividuai blocks
in a frame tray vary in size, wi.rh the constraint that the sum of all
blocks must fit the frawe size. A form of AC-3 encoder is illustrated in
block diagram form in Figure 2. The major processing blocks of the AC-3
e.~coder as shown are briefly descnoed below, with special 2Q emphasis oa
issues which are relevant to t(^x present invetuion. hrput format AC-3 is a
block saucuited codes, so one or trore blacks of time domain signal.
rypicahy 512 samples per block and cizaanel, are collected ins an input
buffer before proceeding with ~5 additional processing. Transient Deteczioa
Blocks of the input signal far each charzrel are analysed with a Iugh pass
filter 1'_' to detect the presence of ct3asieats 14. This information is
used to adjust the block size of the TDAC 30 (time doraa:a abasing catts;
ellation) fitter bank 16) resricang quantizatiort curse associate 



2 October 2002 _g_ with tt~.e transient within a small cernporal region
about the transient. In presence of trarsieat tt~.e bit '6lkSw' for the
channel in the encoded bit stream in the particular audio block is set.
TD~C Filxer 5 Each chant:ei's Ctne domain i~Gt szgnal is i.adividtiatiy
windowed and filtered with a TDACbased analysis filter bank 16 to generate
frequency dor:lain coefficients. If the blksw bit is set, tneaniitg fat a
transient was detected for the block) tilers two short transforms of length
S6 each are taken, which ircrases the ~crporal resolution o: the signal. If
not sec, a single long transforri of length 512 is takes) tlzerrby
providing a high spectral resolution. 14 T~ nurabe.~ of bits to be used for
coding each cxf:icieat needs to be obtained next. Lower number of bits
result in higher compression ratio because Iess space is required to
transmit the coefficients. ~ However) this clay cause high quantizatian
error leading to audible distortion. A good distribution of a~railable bits
to each coefficient fortr~s the core of the 15 advanced audio coders,
Coupling Processor (18) Farther cotnpressioa can be achieved in AC-3
encoder try use of a technique known as coupling. Coupling takes advantage
of the way the human ear determines directionality for Zo very high
frequency signals. At high audio frequencies (approximately above 4KHz.))
the ear is physically usable to derat individual cycles of as audio
waveform and instead responds co the envelope of the wavefotai.
Consequently, the encoder combines the hig..h frequency coefficients of the
individual channels to form a common coupling c5anael. The original
channels combined to form the coupling channel are called the coupled
channels. 25 The most basic erycoder can form th.e coupling chanr~l by
simply taking the average of a11 the individual channel coefficients. A
trnre sophisticat,.-d encoder could alter the signs or the individual
cfzannels before adding them into the stun to avoid phase cancellation. 30
T'rte generated cot;pl:ng channel is nest serrioned into a cumber of bands.
For each such band   2 October 2002 _9_ and each coupling chanr~ei a
coupling ca-orditt~e is transmitted to the decoder. To obcair. the high
lrqe~enc~y coefficients in nay bard, for a particular coupled channel, from
tt;e coupling channel, the decoder nulnplies tte coupling chancel
coefficients in that frequency band by the coupling co-ordinarP or that
channel for that particular frec~:eacy bard. For a dual 5 charnel exode: a
phase carrertoa inior~on is also sent for each frequ~cy band of the
coupling channel. Superior mecheds or" coupling channel formation are
discussed in cE;e saeciticatlon of Ir:ternational Patent Applications
PCTISG97/000'76, entitled "lilerhod acrd Appara::es far 10 Estimation of
Coupling Pararnererr in a Transform Coder for f~igh Qtcaliry Audio") and
PCTISG9'7lCCa'15 entitled "Method acrd Appara~cr for Phcse Esrimc.rcon in a
T'ran.rf orm Ccder 



for High Quality Audio". The disclosures of those speciscations are hereby
e~ressly ir_carporated harem by reference. I S Rematri.~da~ (ZO) Aa
additional pmcess, r en;atrixing, is invoked in the special case that the
encoder is processing two c.~anreIs only. The sum and differe.^,ce of the
two signals frota each ccanael are calculated on a band by band basis. If,
in a given band, the level disparity beween the derived (matrxed) signal
pair is greater than the corresponding level of the acigiaal signal. 20 the
matrix pair is chosen instead. biore bits are provided in the bit stream to
indicate this condition, in response to which tt~e decoder performs a
complementary uniaatrix;ag operation to t;~tore the original signals. The
rernat:i.~ bits are onutted if the coded channels are more thaw nva . 35
The beaetit of this txhni4ue is that it avoids directional unmasking if the
decoded signals are subsequently processed by a rnatriz surround processor,
such as Dolby (T~t) Prologic decoder. Conversion to Floating Point (22) 30
The transformed values, winch tnay have undergone remarrix and coupling
processing, acs   2 October 2002 - IQ  converted co a specific tleafieg
point representation, ersulring in separate arrays o r" binary exponents
and mantissas. This floating point arrangement is onainmined throughout the
remainder of the coding process) until just p~.or to the decoder's inverse
transform, and provides 1.~4~ dB dynamic ran'e, as wet! as allows AC-3
encoder co be implements on either 5 fixed or floati.-tg point hard~care.
Coded audio infor^~tator, consists essentially of separate representation
oc th.e exponent and mantissas arrays. The remaining coding process focusas
incividually on reducing the expocent and mantissa data :ate. f 14 The
exponents are coded using one of ~~e e.~orent coding strategies. Each
santissa is truncated to a fixed number of binary glac~s. The number of
bits to be used for coding each mantissa is to be obtained from a ha
allocation elgoriri~n which is based on tt~.c reasking property of the h~an
auditory system. IS Exponent Coding Strategy (24) fixponent values in AC-3
are allowed to range from 0 to -2i. The exponent acts as a scale facmr for
cacti mamssa, equal rn 2'"~. Exponents for coefficients which have snore
than 24 leading zeros arc fxed at -24 and the corresponding mantissas are
allowed to have leading 20 zeros. The AC-3 encoded bit srreara conrains
exponetas far independent) coupled and the coupling channels. hxponeat
information may be shared across blocks within a frame, so blacks 1 thmugh
5 tnay rose exponents from previous blocks. 25 AC-3 exponent Qaasmissi.on
employs differential coding technique, in which the exponents for a channel
are differentially ceded across frequencies. The first exponent is always
sent as an absolute value. The value indicates the number of leading zeros
of the first transform coefficient. Successive exponents are sent as
differential vahees which must br addrd to thx 30 prior exponent value to
form the next actual exponent value.  



2 October 2002 - Il T'he dii~are.~rial a^~oded ezporuits are next combined
into groups. The grouping is lore by one of d:e three me;tiods: D 15) D25
and D45. These together wi~5 "reuse " are re.'erred co as exponent
s~ategies. The number of exponents in etch groan d,.-oends poly en the
e:cnonenc strategy. In the D 15 mode, each group is formed from thrx
ex^oreats. In D45 5 four exponents are represented by one differential
value. Next, three conse`utire such representarivc di:iersutial values are
groaned together to form or,e group. Eac:~ g.-pup always comprises 7 bits.
In case tx soot:-.~y is "reuse" for a chanrce! is a block, tt~.en no
e~on~nts art sent for that chaarel acrd L'te decoder reuses the ezpan..-ats
last sent for this channel. I O Pte-processing or exponents prior to coding
can lead to better audio qualirr. One such iorrn of processing is descrioed
in the specification of PCTlSG98i00C02) entitled "~l~terhod and Apparatus
far Spectral Erporrent Reshaping in a Tranrform Coder for High Quality
Audio", the disclosure of which is hereby expressly incorporated herein by
r~fe.^rnce. 15 C~ice of the suitable strategy for e~cpoer~nt coding forms
an important aspect o f AC-3. D ) 5 provides t>re highest accuracy but is
low in comgressioa. On the other hand transnitting oaty one expocent set
for a cisanrul in the frame (in the LlrSt atldl0 block of the frame) and
attempting to "reuse " the same exponents for the next five audio blocks,
can lead to high exponent compression but also sorrecimes very audible
distortion. .0 Several methods exist for determination of exponent
strategy. One such method is described in the specification of
PCTISG98%00009) entitled "~! Neurcl Network Based Method far Etaonent
Coding in a Transform Coder for High Quality Audio ", the disclosure of
which is hereby eipressly iacorgorated he~in by reference. 25 BIt
Allocation for Mantissas (2~ The bit allocation algoriL'~.m analyses thx
soecQal envelope of the audio signal being coded, with rest to rnask:ng
effects, to d~rrriaiee the number of oils to assign to ex!~ trarsfornt
coefficient mantissa. In the encoder) the bit allocation is recommended to
be perormed 30 globally on rt:e easetnbte et channels as as entity, iron a
common bit pool.   2 October 2002 -l2 The bit allocation routine contains a
parametric model of the human hearing for estimariug a noise level
thteshald) expressed as a iiu:etion of frequency) which separates audible
from inaudible spectral cotnpaaeats. Various parameters of the hearing
model can be adjusted by 5 the encoder depending upon the sig-~1
char3cterisz`cs. For example) a prototype masking curve is c'.,tiaed iz
terms of two piece wise continuous lire seglneat each with its own slope
and y-intercept. Optimisation IO From tile foregoing description, it is
clear that audio bloc's and tfle fields within the blocks have variable
lengths. Certain fields, such as exponents, may not be present in a
particular auaio block, and even if present it may occupy different
ar.:aunts of space at different tiates depending on the current strategy
used and signal characteristics. I S The mantissas appear in each audio
block. However the bit allocation for the trtarttissas trust be performed
globally. One sohuioa could be to pack all information, excluding the
mantissas, of all blocks law the AC-3 frame. Tile re~~n~~g spare in c.~,e
frame is chest used to allocate bits to all mantissas 20 globally. The
mantissas for each block, quanriz~ to the appropriate bits using the bit
allocation output, are tk~.rn put in the proper place is the frame. This
type of approach is cumbersome ark, has high tneawry and computation
requirements, and htnc~ is rot practical far a real time etxoder meant for
consumer application. 25 The key to the problem is estimation at the
beginning of the frame processing the bit-usage 



for different fields, based upon some basic analysis of the input signal.
Given the fined fry sip, the coding strategies an cizosen such that ttie
total bin required is within the constraint. The iteration for the bit
allocation is done ac the beginning itself,so that at later stages no
computationally e~ensive back-tracking is necessary. 30   2 October 2002
-13 The reconzraertdrd approach is - in the initial stage of the processing
of a fr3rne, pcrforru only the aec~ssary computations which are to be used
to base the decisions for the different strategies for coding of differ~.c
fields throughout the frame. Fa~:h such derision is recorded in a table
which is used during the later stage. 5 Far example, the bit usage of
exponents is degerdent on the exponent coding st<ategy (24) and the
para,.~uete:s - enbwcad (channe! band width code)) cp~be,~f (coupling begin
frequerc,r) a~ eplena'f (~upling end trt4uency). Once the exponent coding
st:ategy for a1I channels in all blocks is ictoarz) t~~~ space used by
exponents in the frazae can be easily 10 calculated. Similarly, krowiag
w~he<her cowling co-ordinates are to be sent is a bloclt or noc, the bit
usage by coupling parameter s is known immediately. Using simple techniques
as described hereinbelow) it is indeed possible to dtertniite at the
initial stage of the fratre proc.,-sling, th,e bit requireauents of eacEz
of ttie fields. Q~t~e the bits 15 that would be used by ocE;er fields are
estimated, tt~ bits that would be availablC for mantissas is known. TLS
information of the available hits for mantissas is used to gerforn "Fast
Bit Aliocmion". This algorit!^,m takes as input the raw rnasldng cLrve and
the available bits for mantissas and 20 detsaiines the bit allocation
parameters, specifically values of esnroft'ser and fsnroifsei (refer to
AC-3 standee d dacuaient) which lead to agtia~al utilisation of available
hits. TEze term "fart" is used since no atantissa quanti~ion is done in
this stage. The iteration just aretapts to estisaat~ the bit-usage without
actually coding ti~.e mantissas. 25 Once the v3tue of csnrofr-sat and
fsnroffset is dete::nined, the not~al fratae processing begins. rLt each
step of thx oro~:essing, the decision taoles are read tn decide the
strategy for the coding of each field. Far exarnplc, coupling co-ordinates
for a chana~l ch in audio block blk no are coded using t~.e strategy
"cplcoe (b!k nol lchJ". The mantissas are er~;oded using the specified
csnroffset and fsnroffset. The cluand~.~c! r.~ntissa,s can be directly 30
packed into the AC-3 frame since it can be guaranteed that the total size
of the bits will not   2 October 2002 - 14 exceed the given irarne size.
THe rnetnory requiremens are minimised try use of this tec;httique since
the original mantissas for a block are no longer reevired once it has been
quaacized. In the other approach where 5 mantissas are quancized and rhea
t(x usad space is checked against the available one, it is possibte chat
tf~e mantissas ~y have to be re-quaatized later to a differrat quantization
level and hence the original mantissas for all blocks may have co ba
retai.~i till the end, thus IeaCing to more buffer requirements. In the
present approach) the spa::e occupied by a mantissa is r~Iease~ after the
quantizaaon) allowing the rceaiory to be reused far otrxr IO processing.
The final bit allocation is performed at the block level, thus bit
allocation gair:ters for ail audio blocks do nac have to be retained
concurrently in the buffer at one tir,^.e. The advantages of the
recommended rn<tlyod are manifold. Firs-ay) after the initial p rocessing
is done and the suategy decisions are taken, the subsequent processing of
the 1 S frame is very sitnplistic. Since estimation of biu for n~a,atissas
is done in the itutial phase, back-tracking is no longer t:ecessary.
Suppose the mantissas are quantized and packed with certain values far bit
allocation parameters. Then it is observed that the bits required exceed
the available space. Then 



20 quantization anti pa~l~g with different sct of values for bit allocation
pointers is pertotm.d. 'Ibis process continues till an optimal solution is
found. Such a atethod is trot suited for a re31 time application. Or
suppose, that exponents of a frame are coded arith a ce:~,ain strategy and
at the end of the 25 coding of exponents of the sixth block it is found
that the space required by exponents is tco less or too much for the given
frame size. Then a differe.~t set of exponent strar~gies is selected and
exponents arc re-coded using the new strategy. This again will be too
e.cpensive for the tea! tirrx encoder. 3 0 The AC-3 f tame has to sau s 'ry
c ercain constraints. Fo r examp to Page 37 , ATS C S tandard   2 October
2002 -_15  states that: 1. The size of block 0 and J combined will never
excsed 5/8 of the frame. 2. The sum of block 5 mantissa data and auxiliary
data will never exceed the final ,?l8 of the frame. 5 Now) suppose a~~tcr
processing of biocit 0 and 1 the first cons~raint is found to be viol-a~d.
Then certain stiategiCS (such as e~pone:~t coding strategy or bit
allocation parameter s) will have to be ciodified to remain within the
canstr aints. This means, block 0 and 1 mar need to be re-processed, and
i_z the worst case, seve: al times over before the condition is met. 10
With the help or' initial estimates) be:ore the actual processing is done)
the st.-ategies can be appropriately trtodified to sat;sfy such
constrai.au. Tris makes sure the encoder does nor fail WILT
"killer-bit'srreanss ". Frame ProcP~ 15 A tnedtod far die pracessina of a
frame according to a preferred embodiment of the present invention is
described is stns hereinbelaw with reference to the flow graph shown i.n
Figure 3. Transient Detectlan 20 The buffered input is examined to der~ct
the presence of transients. The v ariable blkSw ~5 defined as a
two-dirnensionaI array that stores inforaation about transients. If 'blksw
Iblk noJ IchJ = t', then ii rIIC3BS chaiuzet ch' in the audio block 'blk no
' is fouad to bane a trarzsi,ent. If 'blksw Iblk rcaJ IchJ = 0' no
transient was detected. 25 Coupling and Rematz~ing Following ttx sup ;onion
L~ ct~.e .4C-3 standard drat in preseace of traasiert a charnel should not
be coupled, tl.:e 6lksw informatiaa is used to determine ii within a block
a channel is t~ be coupled into d1e coupling chanarl. 30 fivea if a
ttar~sient vs not daect,.-d, a channel st~uld not be coupled iF its signal
cazracteristics 



2 October 2002 - 16 are much differeac than rbe ot.5er coupled charnels,
otherwise she distortion can increase signiricantly. That is, if the cor.
elation coefficieta of the already coupled channels and the channel to be
ne:a coupled is lesser than a given threshold) then the channel s.'zauld be
coded indepe.~ently and should not be treated as a coupled channel. 5 The
parameter cplinu is used to specify ii a channel forms a couplad channel.
Thus, if 'chincpl fblk nv1 fchJ = 1 ' rhea it means channel 'IchJ' in the
audio btoclc 'blk no' is coupled. If 'chincpl Iblk noJ fchJ = G' the
channel is to be coded as an independent channel. (Note: The pseudo-code is
in Cr;- forrjat with '//' signifying con~eats). ZO if (blksw Iblk noJ fchJ
= = 0l //transient does not exist f if (correlation factor (blk no,ch! >
min~,correlation limitl f 15 chirrcpl fblk no! IchJ = t ; //channel in
coupling else chincpl fblk nol IchJ = 0 ; Ilcoupling off far this channel
ZO else //transient exists Chincpl Iblk noJ fChJ = O;flcoupling off If the
ru~tbe: of channels coupled in a block are rr~ore than one then coupliae is
conside:~d on that audio blcc;k and so 'cplinu fblk not = 1 '. 25 The
chinepl and cplinu are used to determine how often the coupling co-ordin~s
net to be sent. Two approaches can be followed to desermite if coupling
co-ordinates should be sera for a clzanne! in an andio-block. 'The simple
appcoai:h is following the suggestion in the AC-3 standard for the basic
ertroder that : cotcpling co-ordinares must be seat in alternate 30 blocks.
2 October 2002  I7 Far better quaiiry a mote deterninistic approach can be
adopted. Suppose coupling coordinate fir, is sent for a block. For the next
bloc$ :he co-ordinates are not sent if tfZ,e corresaonding coordinate ~r;rl
far the black is very similar to the co-ordinate fir, comnured for the
prwious block. The similanry test can be based on a threshold testing.
Suppose 5 ~ ~ ~r~_1 - err ~ ~ < T, where T is a pre-detired constant, then
no co-ordinates are sent, else tte computed co-ordinate ~r,*1 is sent. It
should be noted c.~at is the case that a channel is c :ualed in block B,
but was net coupled in previous block B,.~> thea accordinv to sgecincations
o: the standard, the co-ordinates ttutst 10 be seat in block B,. If for a
coupled channel 'ch' in the audio black 'block no' co-ordinates are to be
scnt, the parameter ' cpcae Iblk noI lchJ = t'. 15 Using the information
eprnu Iblk noJ (chJ acrd chincpl Iblk noJ ~chJ and epleoe Iblk noJ lchJ the
ntunber of bits used for the coupling information in each block can be
estimated. //for esr~'rnarian of hit usage by coupling-coordinates far (blk
no = U : bIk no < 6 ; 61k no + +l /,'for all blacks 2a f 



if (cplinu (blk nolJ !/coupling in use in this block for (ch = 0 ; ch <
nfchans ; ch + +I ZS used bits + + ; llcplcae-cplcaordinate exisrt flag if
(chincpl (blk nol IchJ & & cplcae (blk nol (chJl f used bits + = l2 . //for
mst~cplco 4ncplbnd Iblk naJ ~chJ + //cplcoexp 30 4~'ncplbnd Iblk nol IchlJ
; llcplcomar~t   2 October 2002 - 18 j 5 The variable used bits maintains a
count of t~~e bits used in the frame. Similarly available bits is ttze
number of free bus avatlabie in 4~ frame. The variable ncplbnd represents
the number of coupling batz~. The rematrxing for each black is pe.ZOrn~,-d
neu. It is necessary to perform this step before IO the e~oneats can be
enacted. For rematriz and coupling phase flags) because their bit
requi~nneat is very low, a crude figure (based on worst case analysis) can
be used. A very precise cstituate of their bit cottsurantion is) however,
still possible. Tre soeciti;cadoa of the aforementioned International
Patent Application PCTISG97lOQa75, Z S eruirlcd "Method and Appararur for
Phase Estimation in a Traruforns Coder for High Quality Audio ", dexribes
means far detcrmiaacian of the phase flags. Methods for c.oupting channel
formation are dixussed in the specification of the aforetnentiared
International Patent Application PCT/SG~7lQQ076 ".'Method and Apparatus 20
for Estimation of Coupling Parameters in a Transform Cadet for Hiah Quaury
Audio ". The basic operation of the system described therein is pres~ated
below far reference. "Assume that the frequency domain coefficients are
identlfled as: a. for the first coupled channel, 25 b,~ for the second
coupled channel) c,, far the coupling channel, For each sub-band) the value
Via, - b, is computed, index i extending over the frequency range of the
sub-band. If ",f',a, ~ b, > 0, coupling for itre sub-bend is performed as
c, _ (a, 30 + b,ll2. Similarly) if f;a, ~ b, s 0) then coupling strategy
far the sub-band is as c;=la, bJl2.   2 October 2002 - l9 Adjacent
sub-bands using identical coupling strategies may 6e grouped rcgerher ro
form one or more coupling bands. However) sub-bands with different coupling
strategies must not be banded together. If overall coupling strategy for a
band is c,= la,+ bJl2 , ie for all sub-bands comprising the band the p~ase
flag for the band is set to ,- 1, else it is set to 5 -1. " 



Exponent Strategy Fn AC-3 ~~:e exponents are used to derive close
appro~cimacon of the log power spectrum density. The bit allocador,
algorithm uses the log power spectrum deasiry for alloctuioa bits 10 to
m,aatissa. To compute the total big requirements for mantissas,
tt~.erefore) the e:cponents must be cot-cputecl before the bit ahocatioa
alaori~~.m st~rrs. For that) the expone~a stz~ategy far ceding of
e~tponear' is to be deteranired. Several s~thods exist far determination of
exponent strategy. One such method is described 1 ~ in the parent
sgecificarion entitled '~ Neural N'erNOrj< Based Method for Fapanent Coding
in a Trarzsjarm Cadet fnr High ~,hcality Audio ". The algorithm described
therein takes as input the exnoaent set of a channel far each audio block
and generates the suitable strategy for coding of each exponent set. T'ne
basis of the system described therein can be expressed as follows: 20 "We
define a set of exponent ceding strategies (Sa S" S~, ... j. Let strategy
Sa be defined as reuse. Thai is, if exponent set E, = le,,~ e,,, a"=, ... )
a",~,1, uses strategy Sa for coding then essentially no exponent is
transmitted. instead the receiver is directed to use exponents of Er., as
those of exponents E,. Next, lei S, be the exponent codlhg strategy 25
where all exponents are differentially encoded with the constraint char the
difference between any two consecutive exponents is always -1) + 1 or Q.
That is) for exponent coding strategy S" the maximum allowed difference, L,
equals +l 1. S~irilar,~y, for strategy S, let the maximum allowed
difference, L, be +l-2) and so on for Sr S~ ..... 30 fie inputs lE~ E,, Ey
..., E~,J ors presented ro the neural networl~ system. The output foe o"
o:, ... ) os., J of the system is the exponent strategy corresponding ro
each exponent set. "   2 October 2002 -20 For the case of AC-3, the generic
coding strategy mentioned above needs to be slightly modified {Sa=Reuse,
S,=aa5, S;=v25, S,=of5~. However) since the method is essentially based on
the similarity test for exponent sets, the neural weights provided in the
example of 5 the patent can still be used in this case. With the Imowtedge
of the expoaeta strategy the exponent coding and decoding can easily be
done. The strategy also helps decermir:e the bits used by exponents. 10 In
AC-3 the first e.~onnt value is alvrays sent as an absolute value with
4-hit resolution. The subsequent expaoeats are sent as difierendal values.
Firstly, the starting and ending frequency bins for each channel roust be
determined. For independent channels they are defined as: 15 starrf fblock
nol (channel nol = ~; //starting coefficient if lcplinu Iblock nol jchannel
nol ~& chincpljblk nel jchJJ /l!f coupling in use and this channel is a
coupled channel 20 endf(b!k pal jchl = 37 + f2'cplbegf,~ f~ else llno
coup!!ng or nor coupled f endf(blk noI jchl = 37 + (3` lchbwcod + l2Jh .S ~
For the coupling channel 'sram`jblk noJ jchl = 37 + 12*cplbegf' and
'endf(b!k nol Ichl = 37 + 12 ~'lcplendf + 3l' . For the 1fe channel the
start and end frequency are pre-defined as 0 and 7) respectively. tsing
trris inforrnatiot:, the tuber of biu far coding of exponents for every
channel can be pre-computed as: 30 



For indeoendent and coupled channels   2 October 2002 -21  exponen t usage
(blk not fchl = 4 + 7*truncate ilendf fblk not fch)- t Jl3l; //for exp. s
tra tegy D 15 exponent usage fblk not fchl = 4 + 7*truncare ilendf fbik not
fchl-1J/61; 5 //far exp, strategy O25 exponent usage fblk no! fchl = 4 +
7*rruncate llendf fblk not fchl-1Jl12J; //for exp. strategy D45 For he
couolin~ chaancl exponent usage fblk not fchl 10 = 4 + T*truncate (lendf
fblk not fchj-starrf fblf noJ fchlll3J; lffor exp. s:rategy D15 exponent
usage fblk noifchl =4+T*rruncate llendf fbJk not fchJ-starrf fblk not
fchJJi6J; lffor exp. strategy D25 I S exponent usage fblk not fchl = 4 r
7`truncate !~'endf fblk not fchl- startffblk rrolIchJJl1 ZJ; //for exp.
s=~ategy D45 The lfe always uses 4+7*2 = I8 bits for the exponents. The
exponent usage for each channel within each block is added to variable bit
usage to determine total bit usage. 20 Exponent Coding and Decoding After
tt~,~ exponent coding strategy is determined for all the audio-blacks, the
exponents are coded accordingly. The coded exponents are pelt to he decoded
sa that the exact valurs of exponents which are seen by the decoders are
used by the encoder for the bit allocation 25 algorithm. However, if us:no
the method described in the specification of the aforernetttiotied
Lncemational Patent Application PCTlSG98/aG02 '~Ifethod and rippararus for
Spectral Erponent Reshaping in a transform Cadet for Hagh Qualirr Ar~dio ",
ci~x exoonrnts prior tn 30 encoding are processed (re-rhapea'} in a way
such that at the end of the processing they already arc exactly in the font
in which after the coding (at rncoder) and drcoding (at   2 October 2002 -
2?  decoder) they appear at decoder. This means) the extra effort in
decoding is avoided. PSD Integration and Excitation Curve The decoded
exponents are mapped into a 13-bits signed log power spectral density
function. 5 



psd !61K nol Ichl Ibi! _ !307Z - (exponent lblk noJ fchj fbinJ < < 7 !l:
(From ATSC Std. The fme grain PSD values are integrated within each of a
multiplicity of !/6th octarc bard) IO using log-addition to give band-psd.
Frorn the band-psd the excitation iurction is computed by applyitzg the
prototype masking curve to the integrated PSD spectrum. The result of the
computation is then offset downward in amplitude by a pre-defined farctor.
' Raw Masking Ctuve I S The raw masking (noise level threshold) curve is
computed from the excitation function, as shown below. ?he hearing
threshold hthQU is given in the ATSC standard. The other parameters fscad
and dppbcod are predefnned constants. fvr bin = starif lblk noj lchl ; bin
< endf lblk no) lchJ ; bin + +J ll al! bins 20 if (bndpsd fblk no! fchl
lblnl < dbkneel excise + = I~dbknes - bndpsd lblk nol lchl lbinll > > ?l: j
2~ mask fblk noJ lchl IbinJ = max !excite fblk nol fchJ IbinJ, h th ffscodl
fbinlh (From ATSC Std.l Fast Bit -.4.llocat3on 30 Using the three pieces of
infoctrcation, narreely the Pso, raw masking cetrve of each ctcannel and
the total available bits far all rnarttissa, iteration for the bit
allocation is prrcocrred.   2 October 2002 - 23  IC is L'apoft3nL CO Oi0(G
that ~.e operation described in previous steps do not nead w be repeated
for the iteration phase. T;te raw masking curve is for each iteration
modir~ed by the values csnraffser and fsnroffset followed by some siazple
processing) suca as table lookup. After each iteration the bits to be
allocated For aII mantissas is calculated. It the bit usage is more 5 than
available, the pararret,,rs csnroffsec and fsnro ffse t a: a derrcasaf .
SiL~ilariy, iL the bit usage is less than a~railabte, the parameters
csnroffser and fsnroffser are increased appropriately. The bit allocation
pointer is calculated using the routine given below. IG llcalculatiorr for
bit allocation pointers Calculate daps line blk no, int ch, int csnraffset,
int fsnroffsetJ ( do 15 snroffset = llcsnreffset - 15J < < 4 T fsnroffsetJ
< < 2; mask fblk not lchl rl -= floors; ff lmask lbik noJ Ichl flJ < OJ
(mask jblk nol fchl !I7 = 0;~ mask Iblk nol lchl h7 & _ Ox 1 fe0; 20 mask
fblk noJ fchJ fll + = float for lk = l ; min lbndtablJl -~ bnds:(jh
endffblk noJ lchlh k+ +J ( address = lpsd lblk rroJ lchJ liJ - mask fbik
noI lchl GTJ > > 5; 25 address = min l63, max lQ addressJJ; bop (blk no)
lch/ IiJ = quantize_table fbapt$b laddressJJ ; i t +; j J while lendflblk
no) jchJ > bandrab (J y +Ih l 30 ipartiafly From ATSC Std.1 The
bit-allocation-poin~ers or bags are used to determine how many bits are
required for a11   



2 October 2002 -24 tt:e mantissas. None that certain mantissas in AC-3
(those quantized co te.~els 3, 5 and 11) are grouped wgecher to provide
further compression. This is taken care of to Borne rxteat by modifying the
vuantize_table. Far etarnple, in AC-3 three level 1 tnacassas are grouped
together and stored as a 5 bit value. Thus far level 3 mantissas the
quanrize_table reads 5I3 5 = 1.67 bits. Fer the grouping phase) if the
number of cr~ntissas of level 3 in a block is not a multiple of three, the
last one or two remaining mantissas are coded by considering the third as a
zero. To cake care of this is the estimate the value of 2*(5/3) is added to
the estimate o f each block 10 (see pse~:do-code below). This compensates
sIig~ inaccu:acy far level 3 mantissas' esdraate. Similarly, for
inaccuracies in estimation of level S and 11 mantissas, values 2'"(7I3) and
1 '(7I2) are added to the estimate of cacti block, respectively. This
correcuon can be seen in the code below. 15 Note that tire effect is that
the estimate is always conservative, that it tray be snore than actual
usage but is never otherwise. This is an impoctaat characteristic of the
proposed method which must be followed at all levels because if at the end
of the whole processing it is fouad that the bits used excxd the available
bits) several expensive cornputations may have to be redone, leatiBtg to
error in the timing of the system. On the otter hard, unused bits detected
2Q in the end caa pose as such problem as they can always be included as
auxiliary bite (dununy bits) . //for estimating blr usage by mantissas
Estimate mantissa bits pnr csnroffset, ins fsnroffsetJ 25 int mantissa
usage = O ; for Iblk no = 0 ; blk no < 8 ; blk no + +~ //for all blocks for
Ich = 0 ; ch < no of channels ; ch + +J //for a!l channels 30 Calculate
Baps Iblk no) ch) csnroffser. fsnroffserh   2 October 2002 - 2~  for lbin =
startfrblk nol IchJ ; bin < endf,'blk no) lchJ ; bin + +J l.'ail bins f
mantissa_usage + = bop lblk noI (chJ lbinl.~ 5 //add the mantissa bins 3
mantissa usage + _ (10/3 + 14/3 + 7/2l ; llconservarive esrimars J 10
return mantissa_usage; The bit usa;e with the gives value of csnroffser and
fsrrroffser is compared with the estimated available space. If the bit
usage is less than available then the csnroffser and 15 fsnroffser value
rnust be accordingly incremented) likewise if usage is mare than available 



rhea the parameters csnroffset and fsnroffset must be accordingly
decreraented. According to AC-3 Standard) csnroffser can have a different
value in each audio block, but is fixed within the block for all channels.
Fsnroffset can be different for each channel within 20 the block. With so
many variables) the coraputatioa required to finally arrive at 'tae values
that Leads to minimal signal distortion with the maxiztium usage of
available bits can be very expensive. The recoazmeadation in tf,e standard
for the basic encoder is "The combination of csnroffser 25 and fsnroffset
are chosen which uses the largest number of bits without exceeding the
frame size. This involves an iterative approach. ' For a real time
solution) is is very important cleat the number iterations is rriaimised.
An average DSP core could take from -1 dips (miILion instruction per
seconds) for each 30 iteration. Firstly, some simplification is suggested.
Since csnraffset and fsnroffser determine approximatly the quality, it may
not be nrcrssary to have diffc:ent valves across a frame.   2 October 2002
-z6 To provide a fast convergence for a real time encoder) some reasonable
simplifications are made. The simpl ification recommended is that the
iteration be done with only one value of csnroffset and tsnroffset for all
audio blocks gad all channels. 5 A linear iteration is definitely
non-optimal. In AC-3 csnroffser can have values becareert 0 to 63.
Similarty, fsnraffser is 0 to 13. This treans that :n the worst case 64 +
~o = 8l3 irrradons ( -- 80 l~iips) may be required for convergence to the
optimal value. Basically) the linear itera,tioa is O(n), where n is the
number or possible values. 10 A Modifced Binary Convergence !~lgarithm
(I~iBCA} is therefore suggested wllica in the worst case guarantees
convergence in D(Iog n) time. Optirnise,csnr (inn available bits) Inn begin
csnr) inn curt csnr, inn end csnrJ f 15 used = Estr'rnate mantissa bits
Icur csnr, 0/*fsnt*/); (1J J*termination rest */ if (curt csnrl2"2 !=curt
csnrJ llif odd ~2l f 20 if (used < = available~,bitsJ (3J E return curt
csnr ; //can verged to a value (4J else zs f return curt csnr - 1 ; llprev,
value sheuld be o.k. (5J j if (used < = available birsJ (6J 3o f  



2 October 2002 -Z? if (a vailable bits - used < silo wed wastage!'"5~1J l7J
f return cc.~rr csnr ; l 5 else f l8J return Opt~inis~ csnr (available
bits, curt csnr) (9J curt csnr -~ (end csnr - curt csnrJl2 , end csnr/ ; 10
else //currently using more than available f return Optimise csnr
(available bits) begin csnr, (10J begin csnr + (curt csnr - begin csnrJl2,
curt csnrJ ; 15 ~ The algorithm is recursive in nature. First time it is
called as Optimise csnr (available~bits, 0) 32, E4). 'fhe function Estimate
mantissa bits is called to determine the bit usa"e with the csnratfset = 32
and fsnroffset = Q (1J. 20 If the used bits are less than available 16J,
then check if the bits wasted are less than a threshold value 17J. If yes)
ignore the wastage to produce a fast convergence acd therefore trtura cbe
evrreat csnroftser value as rite optimal fBJ. If sot) the new value of
csnrolfset to be tried with is exactly between curt csnr = 32 and end csnr
= 6~, that is the next 25 csnroffset = 48 f91. If cF:e used bits are more
than available, then the new value of csnro!lser to be tied with is exactly
bcrween begin csnr = 0 and curt csnr = 32, that is the next csnro!lset = 16
f 10J. 3d The convergence must end when the curt esnr is as add value. At
this poiat it meZrtc that   2 October 2002 - 28  with cure csnr-1 bit usage
by mantissas is less than available arid that with cure csnr+ 1 hit usage
by mantissas is more than available. If with cure csnr bit usage by
rnartissas is less than or ecua! to available the ootimat value is cure
csnr i3J else with cure csnr-1 !5J bit usage can always be satisfied. 5 It
can be noted that if, with csnroffser = 0 the bits required by mantissas is
more than available, then sori~ bits f~om other fields (e. g. eEponent
neIda must be mere free to be able to codc mantissa bits with a valid
csnroffser value. This aspect also highlights ta`~ f3ct that it mantissa
optimisation is kept as the last processing step a condition can arise in
which no 10 valid csnrcffser can result in a valid comgressior.. For
e~camgle, consider a cax where csnrofiser = 37 is the value for which
tnat:tissa usage is optimised. ~Tbe follow:.ag traces through ttte above
algorithm ro check how it proceeds. At first it is called with Optimise
csnr !available bits, 0) 3Z) 64J. Since 37 > 32) the 15 number of used bits
will be less than the available. The function is recursively called as
Ope~rrise csnr lanailable bits, 32, 43, ~".I. Now with cure csnr = 48 the
available bits will 



be less t~ used. Therefore the function is again rec:usively called as
Optimise csnr lavallable_bits, 32, 40, 48l. Again 40 > 37) therefore more
bias are used than available. The function is called as Op timise csnr !a
vailable_bi ts, 32, 36) 4o1. Next Op rimise csnr 20 iavailatrle bits, 36,
37, 38J. Therefore it finally converges to a value of 37. It can be easily
seen that function Fszimate mantissa bits is in the worst case called 6
tinn,es. Since it is essentially binary, it should noted that 1ag264=6 is
not a co-incident. Of routs`the carne algorithm can be used for optimising
the value of fsnroffser for the frame. Since Z 5 tsr. ro ffse t value
ranges from 0 to I5, in the wo rst case !o gel 6 =~ iterations are
required. Therefore the optimization of ltHCA compared w n`ie linear
iterative method is 80I(4 +4) _ 8 tithes faster. Normal Frame Processfing
30 After Lhe values for csnrotfset azd fsnroffset have bcxn obtained, the
normal processing of   2 October 2002 -29 the frame cortinLes. Hlock by
block processing is done. The coding of fields are percormed according to
tine table of strategies formed earlier. Coupling co-ordi~nares and ceded
expoaeats arr geaerated according to d~ st~^ategies devised. In each block
the core bit atlocaaon aLgoritfun computes the bit allocation for each
rolrrissa with the pre-deccred values 5 of esnroffset and fsnroffser and
t~`te srantissas are quaraiz~ and packed into the AC-3 Sire aa7. Tl~
foregoing detailed descrigtioa of the preferred inpleaeztations of t!ie
present invention has 6era pry by way of etample only, and is noc intended
to be carside.-ed limiting to 1Q the invention as de~lned in the appended
ciaitas.   2 October 2002 - 30 . Claims: I. A methcd of processing input
audio data for compression into an encoded bicstream comprising a series of
fixed size frames, each of the fixed size frames having a plur aliry of 5
variable size fields containing coded data of different types, the me~od
including the steps of: receiving input data to be coded into a frame of
the output bitstrearn; preprocessL~g the input data w deter.~ine at least
one i`rst coding parameter to be used for coding the input data into at
least one of the variable size fields in the fraa:e, wherein the 14 value
of the az least peso first codi.-ig parameter affects the data space size
required for the at least one variable size fold; storing the at least one
first coding parameter detet~rnined in the preprocessing step; allocating
data space in the frame for at least one other of the variable size Ftelds
on 



the basis of the determined at least one first coding parameter; I S
determining at (east otve seeped coding parameter for coding data into the
at least one ocher variable sized field on the basis of said allocated
space; and coding the input data into the variable sized fields of the
frame using the first and second coding parameters. 20 Z. A method as
claimed in claim i) wherein the name is arranged in a plurality of dares
biccks, each block having the plurality of variable size fields
corresporuiing to different coded data types. 3. A method as claimed in
claim 1 or Z, wherein a transform coding te:hnique is 25 employed such that
the coded data includes ezponeat data and mantissa data. 4. A tnerhod as
claimed in claim 3, wherein the input audio data includes a plurality of
channels and the c;odrd data includes coupling parar^.e-,rrs relating to
the plurality of channels. 30 5. A method as claimed in clat:n 3 or 4)
wherein tt~.e ar leas-( one second cflding para~ter   2 October 2002 -31
comprises at least one pa.^3meter required for coding the mantissa data. 6.
A method as claimed is claim 5, wherein the at least one fist coding
parameter includes an e~cpoaent str ategy for coding said exponent data. 5
7. A rzrethod as claimed in claim ~ or 6, wherein the ac least one f;rst
coding p3rarneter includes a btocis saritch parameter indicating a
transform length for the tr ansfortn encoding technique. 1 Q 8. A meshed as
claimed in claim 7) wlie: cit: the block switch pararae:er is determir;er
according to the deteccon of transiects in the input audio data. 9. A
method as claimed in claim 5, 6 or 7, wherein the at least one fast coding
parameter includes a coupling strategy between multiple channels in the
input audio d.alL. 15 1Q. A method as claimed in any preceding claim)
wherein the input audio data is coded substantially is accordance wig the
AC-3 audio coding standard. 11. A trethod for transform encoding audio data
having a plurality of channels for 20 transmission or storage in a fixed
length frame of an encoded data bitstream, the frame including variable
Leagrh fields for encoded exponents, encoded mantissas and coupling data,
tl~ rztethod including the steps of: obtaining itrput audio data far a
dame; determining a transform length parameter for the audio data, 



25 determining coupling parameters for the audio data; determining as
exponent strategy for the audio data; calculating space rP..qLired in the
frame far the e:cponent and coupling data fields on the basis of the
deternined transform length parameter, ccupling pararneters and exponent
strategy ; 30 calculating space available in the frame for the encoded
rnar;nssa field cording to   2 October 2002 -3?. the catcular..~d space
required. in the frame for t~ exponent and coupling data fells; determining
a mantissa encoding parameter on the basis of the calculated available
space; and encoding the az:dio data into exponent data, mantissa data and
coupling data utilising 5 the transform length parameter) coupling
paratreters) exponent strategy and tnandssa encoding parameter) and packing
the encoded audio data into tt:e respective fields in the frame. 12. A
method as claimed in claim II, wEzerein ttte mantissa encoding parameter is
10 deter.~ir~ed ac~rding to an iterative bit allacadon algorithm utilising
a power spectral density function and a raw masking curve fraction for the
input audio data, as well as the calculated available spacx. 13. A method
as claimed in claim I1 or I2, wherein the audio data is encoded I S
substantially in accordance with rite AC-3 audio coding standard) and
wherein two mantissa encoding parameters are determined, being csnrotfser
and fsrrrotfser. 14. A transform audio encoder for encoding audio data
having a plurality of channels for transmission or storage in a fixed
length frame of an encoded data bitstream, the frame 20 including variable
leag~h fields for encoded e.~ponents, encoded mantissas and coupling data,
the encoder inclt:ding: an input buffer for storing input audio data far a
frame; means for deterrnitung a transform length parameter) coupling
paramecers and an exponent strategy for tt:e audio data; 25 means for
calculzrTn$ space required in the fiaa~ for the exponent and coupling dares
fields on the basis of the determined transform length parameter, coupling
parameters and exponent strategy; means for calculating space available in
the frame for th,~ encoded mantissa field according to the calculated space
required in the frame for the exponent and coupling data 



30 F~clds;   2 October 2002 -33 rncarts for determining a mantissa encoding
pararle:cr on tt~e basis of ttte calculac~ available space; and encoding
means for encoding the ae:dio dart into exponent data, mantissa data ard.
coupling data utilising th.~e transform Ien,ooth paratnecer, CoL~pl:ng
parameters, exponent strategy . 5 and azantissa et'.coding parasecer) and
pacfcing the encoded audio data into ti'~e respective fields in the frame.
15. A traasrorm audio encoder as claimed in claim 14, including a s~orage
means far storing the tracsform length parameter, coupling parameters,
exponent stiate~y a;.d mantissa l0 encoding parameter for use by the
encoding means is encoding the audio darn
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