; €3e0v0, , 6" Tvj -, A FAST FREQUENCY TRANSFORMATI ON TECHNI QUE FOR
TRANSFORM AUDI O ! Field 5 10 August 2002 This invention is
applicable in the f‘mimmmwrmml -channel audi o coders which use nodified
di screte cosine transfQ S a step in the conpression of ' iﬂjgﬁ' S.
‘Background Art ' tO In E)r er to nore efficiently br oadcastworﬂhglé%or audi o
signals, the anpunt “mm‘mﬂmmmﬂmml on redui-red to represent the audio signals
may be reduced. In digital audio signals) the anount of digital
i nformation needed to ag&wsately reproduce the original pulse code

nodul ati on (PCM sanpl es may be reduced by applying a digital conpression

15 algorithm r I | (el entation of the
original si gnaIAfaf#‘ht %‘#%ﬁcgh’%‘%ﬁé#éﬁ?‘g@@ﬁ%ﬁ% gorithmis to
produce a digital repreORMRANSFORM aNTHOICODERMal whi ch) when decoded and
reproduced, sounds the sane as the original signal, while using a mni num
of digital information for the conpressed or encoded representation. 20
Recentr.ggl¥aliegsqi n audi o codi ng technol ogy have |led to high conpression
rati oS wWni e Keepi ng audi bl e degradation in the conpressed signal to a

m ni-lum These coders are intended for a variety of applications) including
5.1c j i ' Uit & Description
of " ona anay risn T SRPRLE A neyBY Ko BREhel Ao ARt BN R Re P ot e
Conmi tdiseeetg AORSE)raBtfandas a s cuhe ndmemssidn @duldibDisgntial 25 Audi o Conpressi on (
AC-3) Standard" ( Docunent A/ 52, 20 Decenber) 1995 In the basic approach,
at the encoder the tinme domain audio signal is first converted to the
frequencherd@ipAn using a bank of filters. The frequency domain
coefficients, thus generated, are converted to fixed point representation.
In f4 xed poi nt syntax, each 30 coefficient is represented as a manti ssa and
an expRBed w kit &HkiknBf brbiRak OFREERISREi oidrals! @8 MnbliANTThibhBEhdmo t he
decoder conprises these exponents and mantissas 10 August 2002 The

ex ponépusreg e rapsesant the aydimsignalstady beredyrsily o ghssal digiahaudipwever, each
mant i - ' r ' . deci mal pl aces.
The né%@g"‘% agﬁl g{#@? %%Fﬁlgérgmﬁoo&rﬁ%g |§gacaég§:th@%?§?%% %r?%%?ai ned froma
bit alpubeabiomodileomi POV )whinplas may bd eedbesicdyy applytigen digiskicngpmsogeny of t he

hu udi t or istem Lower nunbers of bits esul.t .in higher conpression
ot T TSR et B8 i 5 co PR Setres b e Stnibat ot PG ot o
I(;D\Alevgbgl dfhhs dig&mdabmps&_ sib:itx) @Qgrﬁlﬂﬁﬂ? i:oZ;&’b:thlﬁ)J&baledigig_[ Se)prdse:asiidm%oftan aatidi bl ;a

I stortion. go I stribution of aval e bits tg eac nti.ssa forns
e cotebpbh RS AR an (R S7es 36 TRESF e GUEREL S BTt By mat | on.
phase Wag ORtidhmidiQiheRtRShtidnaoP the 3bnPresded QH ki @aRNebreséhraidnl ansf or m

coder. Therefore, an efficient inplenentation of this phase can decrease
t he

20 Recent advances in audio coding technology have led to high compression ratios while

keeping audible degradation in the compressed signal to a minimum. These coders are

intended for a variety of applications, including 5.1 channel film soundtracks, HDTV,

laser discs and multimedia. Description of one applicable method can be found in the

Advanced Television Systems Committee (ATSC) Standard document entitled "Digital
25 Audio Compression (AC-3) Standard", Document A/52, 20 December, 1995

In the basic approach, at the encoder the time domain audio signal is first converted to the
frequency domain using a bank of filters. The frequency domain coefficients, thus
generated, are converted to fixed point representation. In fixed point syntax, each

30 coefficient is represented as a manussa and an exponent. The bulk of the compressed

bitstream transmitted to the decoder comprises these exponents and mantissas



conputation requi rement of the systemsignifzeantly and nake real tune
operation or' the encoder nore easily attainable. I S In sone encoders such
as those specified in the AC-3 standard, the frequency domain
transformati on of signals is perfornmed by the nodified disciiéﬁ ccﬁgdga
transform (i ~fDCT). If directly inplenmented, the MDCT requi u@fi
additions and nultiplications. However it has been found possible to reduce
t he nunber of required operations significantly if the MDCT equation is
able to be conputed In a fromthat is anenable to 20 the use of the well
known Fast Fourier Transform (FFT),method of 1. W Cooiey and 7. W Tukey
(1960). Moreover using a single FFT for two channels can result in greater
( _ redpigtd@bhndnts £0WRIANRLILRARALed BOHLF BABRLITo. HORewtSERMmaAHEgaAry of the

I nvention 25 In accordance with the present invention there is provided a .
met hod et be saneRiERGd bred o yadaprumbasgf deciad péisee Hie Byrphar &f bidudi o

S f'irml €She dsBE lf&f‘%aglvte e 1%%.&8?& i?tobcaine'd)frog}’; bit 91'1(%5&91 ﬁ?&&ﬁ%ﬁ'ck? gﬂ)gs Wi ck a
first trigononetri € function factor to generate an nter nedr a sanpl e .
sequencdmsed3éh ihe naskimp ptapegy af fradiumBo andiery tysems f oowargfurtbhes af viter nedi at e
sanpl g sequence t enerate.a Fouier transformcoefficient sequence; 10
August Soton tghet SoRBRGIA Gl <PlsElost S ERPERR MRS cequence.

mul ti plepefigidnte Heatveantisim®giatariizic Quiponeant srres, khding ransine m coef fi ci ent
by respective second trigononetrc, function factors, adding the nultiplied
bl CaIP TR aEePs SR CORPICHBAR EDRIRERTET L OEHECAUE an addi t1 on
st ream goeddt gh@ptcoddredl subtracting the nultiplied real 5 and inmagi nary
transform coefficient conponents to generate a subtraction stream
coefficient; iv) multiplying the addition and subtraction stream o
Coef - - . I : - - Q | i o ,'1:\‘A .‘; and V) "
bt 1 e R e e o b e R aE ) S PEER B2 S et 10
coef f i crasstosmtcodeye nBreatfereaanleBicicotiew dmasgiemof/thtmmaseraoalefkissitent s. The
present_ | ' Q_PIQVi et haod f or di, udi o dat i ncl udi ng

t he st ecﬁg{bégggég%o@ﬁ%ﬁ%t officeélesgg%ﬁl lé@flfgﬁ%}' %ng%%érg\é‘ég%é c(’:lplegalut(g gIO?%thﬁdi o sanpl es
from fiansbvdeammabrd basslg comeaeldi o channel s into a single conplex sanple
sequence; determning a Fourier transform coefficient sequence as defined
above; generating first and second transform coefficient sequences by

conbi i MGoaRGheddetd utebeihetenGedifiéSin BOACSP aRNErdS HeeBdqRendy RtRfOor m
coefficient fromsaid Fourier transform coefficient sequence; and 20 for

each of THHETRER obsignalsde BFPTea B ey MPE B discerie ApsineaariEBd Meher at i ng
audi 0 1f directly implemnented, the MDCT requires O(M) additions and multiplications.

However it has been found possible to reduce the number of required operations
significantly if the MDCT equation is able to be computed 1n a from that is amenable to
20 the use of the well known Fast Fourier Transform (FFT) method of J.W. Cooley and J.W.
Tukey (1960). Moreover, using a single FFT for two channels can result in greater (

reduction in computational requirements of the system.

Summary of the Inventon

[38]
n

In accordance with the present invention there is provided a method for coding audio data
comprising a sequence of digital audio samples, including the steps of: '
i) multipiying the input samples with a first trigonometric function factor to
generate an intermediate sample sequence;
30 i) computing a fast Fourier transform of the intermediate sample sequence 0

generate a Fourer transform coefficient sequence;



coded frequency domain coefficients as defined above,, so'as to generate
respective sequences of said audi o coded frequency domain coefficients for
the first and second audi o channels. 25 The present invention al so provides
a nmethod for coding audio data including the steps of: obt afqz%@&fsgggbﬁast
one i nput sequence of digital audio sanples; pre-process;ng

sequence sanples including applying a pre-nultiplication factor to obtain
nodi fied i nput sequence sanples; transformng the nodified i nput sequence
sanples into a transform coefficient 30 sequence utilising a fast Fourier
transform and post-processing thg_sequence of transform coefficient

i ncl udi ng applying first post 10 August 2002 nmuluplication factors to
the real and; magi, Ekycr%ﬂﬁfr@'cﬁéf%@fenpﬂrmc?ﬂﬁgéﬁé. Alifi§ignecRy Aad conbi ni ng
the post-nultiplied real and i1 nmaginary conponents, apply ng second

post nmulimpginatcoompofencst ditl: ramsfoma cdeffic@nebic esmadyecetdpdiziginromerssul t s) and

di fferencing. o obtain sequence of nmodified discrete-cosine transform
coef fi ?‘r‘%‘:ﬁ?g f?ceoprf"eas thgiLﬁegmg@g@efﬁ%@démgéﬁ%g%axé;fg %ﬁeétlmtl%l% audi o sanpl es.
The pr esepbndnmve Fehd e ah 3ddifdDitiedRoalrRhhQad fubtracinditrgmaligiied @att a
including.the steps of. obtaining first and second input sequences of

di gi tPalf*AdarE LR ST B ESTIO AUPRRTCES ¢ é?ﬁé’é"ﬁ%"ﬁtﬁggtm&% second audi o
channelksérfid@nconbi ning the first and second input sequences of digita

audi o sanples into a ' single conplex input sanpl e sequence; pre-processing
the conpl ex [Pnpuftulidiisheie addinp & TURERHAR AE=BPReicHGSa™ 5t ESBASHYS pli cati on
factor ity QRbAbReRPFhidehfdrL@MPLEX | Nput sequence sanples transformng the
nodi fied conpl ex i nput sequence sanples into a conplex 15 transform

- coef fi ci ent vsequesberactingithe edrragpandingsnulFpliadi additen andsfubiraquoa sgeam

POS! (PLOCEIBHLT, LIS SLANRICS 0L CONR) B3 Li a0k qrn coef ficients to obtain

irst and second®sequences of al reguency domain coefficients
corresponding to the first and second audi o channel s including, for each

corres ndipg fre uen% dommai n cog{efi,ci ent ind.t Be fi r@t and second
sequencd§ PrEEMERYRET £7 RP ViR BEEGAICCENIBERP FaRs PGPS G5 1R8I ent 20 from
sai d seguence of conplex transform coefficients, conmbining the first

conpl ex transform coefficient and the_conpl ex conjugate of the second

conpl ex t r afiSPBPHSCHET ¥ CFORE STUPRSaP LIt SHiiR PRI " AR dHi*h er enci ng t he
firsts ce/mataxdibantkRlimbh aQafkld Ghpix AR Bg..eanpl ex conjugate of the second
conpl ex transform coefficient for said second channel, and applying
respective [F8$TiRiNgt3 Flurientransforngeedicent quene solebnerhaios® and 25 difference
to obtain sghgh -aldi Sgue in f.fd '&‘:?ﬁb?niﬁ@ fsponding to
the first ard éecﬁggmgggsgméﬁannéﬂ§¥m$ﬁé 6¥g§@§¥£iﬁbent[on”?%rther provi des
A met heliff¢renciem@ishandasgciind salactad iransfardi englitciratsstompsrid Fouried@rapyiemi ni ng fir st
and se ' uences of digital audio sanples .r[n], y[n]
corres%ggnggp#%uéggb%@tive first and second audi o channels;

20 for each of the first and second transform coefficient sequences, generaung audio

coded frequency domain coefficients as defined above, so as to generate respective
sequences of said audio coded frequency domain coefficients for the first and second audio

channels.

25 The present inventon also provides a method for coding audio data including the steps of:
obtaining at least one mput sequence of digital audio samples;
pre-processing the input sequence samples including applying a pre-multplication
factor o obtain modified inpu: sequence samples;
transforming the modified input sequence samples into a transform coetficient
30 sequence utilising a fast Fourier transform; and

post-processing the sequence of trausform coefficients including applying tirst post-



10 August 2002 -5 conbining the first and second input sequences of digital
audi o sanples into a single conplex input sanple sequence z[n], where ~[n]
=r[n] +jy[n]; pre-processing the conplex input sequence sanples including

applying a pre nultiplication factor cos(;Tnll~ + jsi n(rrd’qOA@rugp?
modi fied conpl ex i nput sequence 5 sanples, where Nis the nunb audi o

sanples in each of the first and second i nput sequences and n = 0, , (1V
1), transformng the nodified conplex input sequence sanples into a corrpl ex
t:ransforn coefficient sequence Zk utilising a fast Fourier transform

whereon k = Q ....,(N2-1); and 1Q_post-processing the sequence of conplex
transformcoefficients to obtain first and second sequences of audi o coded

frequeggy, ﬁf&&@édﬁm@@%ﬂ%lu@ sasatﬁd%ﬁaﬁﬁége&ima&:tcemb&@nfsl BFteréiethgS@gond audi o
channel s Yk according to: . o~ )12 k=0.1YI2 -1 Gk =

(2l -2, cemkm@g the presonulpgtizd 1ea)<nnd:m1;aggwry cvompgnents. applying second post-

rcos(z d encine
~~~~S| ?{Wﬁ%}@% %:r%l'snt Qr(eié%l; % J(.ka.Pfl /:%?#ﬁﬁ( n rEsu(l:% Sgp differsncing to obtain .
~, ' ~. I aasdusfterdfl rﬁ@vdxt%cg&kcrc;ts lcms(ma(tkaﬂsﬂol-'ﬁ):bwﬁe:ems representing said input

4~ ~~S|n os(n(k+1/2)/1 |~ where G~ is a transform
coef Pi &% ?cg Jd{ﬂkiéu‘g%f@pﬁeg tirst channel; Gk is a transform coefficient
sequence for the second channel; gr r and g, : are the real and ima' nary

transtgrrn coefficiert corrponents o f 9 are the real and
i magi naPy PESEHIPGAHILHeR Provident “‘E‘Gﬁ‘b&%éﬁ?’é‘a ‘Fdl?sd%a 1%,%%“5: the 5Pt he conpl ex
conj ugat e Ohp&MNird firsAl s@&nuﬁﬂfphz seqn&ékﬁ&)dzémTEL%MJlés%rﬁb&ﬁaabe cosine

transform equati_ onh car. be expressed 10 August 2002 - nN-f X~ ~
x[ n] *c%m@nve(xmmc)seem@@)ixommeﬁ*(2kwr)/4) k=0..(N 2-1) rt =0 where x(

S tige | NDULAEANENELr L0 ANARE stfithe 5§d1%ts§é&%@@§mwmk§99th | nst elad

of eval uating orm gl ven a ve It e conputed as X, =
cosy* ( ginglesmpkaxl thR)t/samply sequenas( ~t ( le 2)/1V)) -sinY
) ;li*rrora?ls)n( LC%(L?}%{: ngm%q}&ﬁgmﬁfét 1r(p_E se&l.(lence )sam'iB %s zpcl]x@n& ,ap%mgt (pr{g e'r' ~|Of vr .ea[rhe

synbol nj\uluipﬂma&&eﬁt&rtmﬁamna(bdtf;emcbm&ekmpgt fequanca sandyeds; ~r | . The expression
~ (x[nje """ o) e

- 2t ~" F?\;Qﬁllt‘q? O%taen%j fronénréggntesm\%el I rElown EFT met hod,
y first usfAGRTUASHS SGrFORP e INRLY, pegpence gampl 2t TRER n=N- 1
conmput iRAdsth e chdtficielt sequende wrllfing 2 9ast Fourker Nransform; and
post-processing the sequence of complex transform coefficients to obtain first and
second sequences of audio coded frequency domain coefficients corresponding to the first
and second audio channels including, for each corresponding frequency domain coefficient
in the first and second sequences, selecting first and second complex transform coefficients
20 from said sequence of complex transform coefficients, combining the first complex
ransform coefficient and the complex conjugate of the second complex transform L
coefficient for said first channel and differencing the first complex transform coefficient
and the complex conjugate of the second complex transform coefficient for said second
channel, and applying respective post-multiplication factors o the combination and
25 difference to obtain said audio coded frequency domain coefficients corresponding to the

first and second audio channels.

The present invention further provides A method for coding audio data including the steps
of:
30 obtaining first and second input sequences of digital audio samples x(n], y{n}

corresponding to respective first and second audio channels;



n =0 For a two channel approach) a conplex variable z[nJ = x[nJ*e''~"N +
Fy[n]*e' """" is 10 defined, where x[n] and y[nJ are sanpl e sequence for the
two channels and e' " ~" "~ represents the pre-nultiplication factor. Using
FFT approach, the frequency coefficient Zk for the vari abl ONJ@hsiQOOZ
eonmputed. From Zx the value G _ (Zk + ZN k-~)/2 and Gk -(zZk °

Z," ,~.,)2], required to conpute the final MDCT for each channel,
respectively, is calculated. 1~ if either or both the channels require
short length transformers, two short transforns are taken using the above
approach. If neither need short tyansform a single long transformis used.
As an additional step in reducing conputation, the wi ndow ng function can
be conbi ned:owititing Ee frsemnpsaoas Bipogsegtangss. of digldl AdgusimpREARoa? Bri ef
Description of the Drawi ngs The inventian is _described in detail

her ei nafg'® FITBIFX\WERN W%@(%ﬁ‘&l”ﬁe Eiﬁﬂﬁ’he\ﬁiﬁ F"e‘l{’gr‘é%[é 'to preferred

enbodi ment st hes @efinARE cithiiBc Rbsk @huentd QrRGs MENAMS HYiyiHAMbRYS, wherein: 5
Figure 1 is a diagrammtic representation of a stream of audio data and the
subst r mekigHeatignfagentatmyMet der(migaostan mediBed campdex BPEISCHIEBK di agr am of
a digi ugi - - hd] I f i@k, i amof a
systgm }éé%ggﬁﬁgsotggé?mn%%gg%ag? %ﬂc@%ﬁgﬁﬂ and 18 %Idgﬁé?)ggéi@g a functional
bl ock stqegcemarsf” & 8yst.@¥lf.or encoding a pair of audi o channels. Detail ed

Description_of .the Preferred E i .S i oned Advanced
Tel evi si on tgfsstoenrrr‘sm’cfﬁc}?’r%ofht“@g C?‘i@%%“ﬁ?%ﬁ%ﬁ?ﬁ%@%ﬁ%nggté%gﬁgt@ };ced "Digital

Audi 0 ConforassieticidrdC@incSiZandiaing a (aRokunendanéio5a, weédeBecenber) 1990

descri pes nﬁgh?ds cIaar encodi ng and decodi ng audi o signals, and is hereby
expres 'I'y"F‘ ¢or pdiated herein by reference. 20 In jeneral, the input to an
- audij@ coderpdzRpRICESERS e ShiReddQonthld ddnsBEn Seufdiess RrdbudiNéirsam domai n

anal og signal. For a nufti-channel encoder the sueam cgnsi sts _of

i nt er | ¥AYHsCGHPRIPEA! FEi0 WaehirepyaPRYedomaFheo e TFiSatS CQFFPARYPS 'S BEffOned into

bl ocks ch. b A&k ni ecutive sanpl es of each channel (, see
Fi g. I%’qde%ﬁét}lsd %ﬁﬁ?n a %{"c’)ggg:tc gﬁ%\r}asarrpl es or a channel form a sequence
{x[0], x@ls (xk2]) _s2-, XINgdb}n»23 The tinme donain sanples are next
convened fo tHe frequency domain using an analysts tiller bank (see Fig.
2). The frequency domain coefficients, thus generated) forma coefficient
sec whicqr cazhbeyideptified aso.e-1 X, X, . .. X",=,). Since the
signal is real only the tirst N 2 frequency conponents are consi dered. Here
~, is the |l owest frequency 30 (DC) conponent while XN~, is the highest
frequency conponent of the signal. 10 August 2002 g Audi o conpression
essentially entail6& 1At ngShersCHEE H2¥) Ehani™f dfH80i on in the set (X~ X
;X' o XL, ~) i s sinpceégainnilo LY gl seknfkh&2¥M gi nal anal og signal at
t he decoder with m ninmal audi bEe distortion. , 5 The coefficient sec is

nornmal Iy converted, into floating pojnt.format, whare each coeft'icient is
represented by aanex'pﬁ?fént ?gf'ﬁ&o_sgrggt /g)éN) g{Fﬁlél&'cmﬁﬂﬁ sec is usually
transmitted in its orgfitt dl (gfs:éfr‘tw(klfﬂ\%ﬂ&?g:kff’ﬁéé‘pﬁ’g Msa is truncated to a
fixed or variabl e nunber of decinal places. The val ue of nunber of bits for
coding a mantissa is usually obtained froma hit allocation algorithm which
for bBdwarcel, psychsicnustificietndqreacary tecithasedel,. . ., 10 on t he maski ng
propetry of the hurraF audifLo.rg[ s%ste A | ow nu.nberl, of bits results in -'
hi gh conpr e$&t it FaSiogmFaETined PRLLCS DL T &8P Fled co transmit the
coefficientsg, deMEYel didies! £3USGQENUE iyindibcodfRMAZ edrhmne®E bOG, | eading to
audi bl e distortion. A good distribution of available bits to ch mantissa
forms the cdre Bf Sixhareriteaband dmaspad frpterscoeiisian, cuppRecE fbfer s such as

the AC 3, the, frieaisenepLorRubad bansf oidm@ti on of signals is performed by
t he gI\/DC | ~ nodified di screte cosine transform (Eq. 1). n~N=l
20 v(k) = n(k+1)/4

The modified discrete cosine transform equation can be expressed as



x[n] * cos(2n*{2n+1)*(2k+1)14rV + r*(2k-1)14) k=0...(rYl2-1) Egq. 1 n =U If
directly inplenented in the form given above) the NMDCT requires Q 1V=)
additions and i nultiplications. 20 Sin~le Channel FFT It is possible to
reduce the nunber of required operations significantly iF q@eAl#%s'@lQBgzto '
25 evaluate Eq. 1 using the well known Fast Fourier Transform neth

1.~V Cooley and J. W Tukey ( 1960). The general Discrete Fourier Transform
(DFT) is given below (Eq. 2). It requires Q'N') conplex additions and

mul opUcati ons. By using the Fast Fourier Transform nethod the DFT in Eq. 2
can be conputed woh O(N og2V) opgfations only 10 August 2002 _g_ n=N-1 F
- ~ (x[n] *e z~JnkJ,v) k=0 .1~!'-1 Eq. 2 n =0 Here J is the synmbol for

i magi nary nunté'er i e j =,/ 1. Although it may not be |rmed| ately
apparent hgw an b n 2 care | ysis shows
that this ‘i?S |% x"‘ipogos&bﬁt g}' g%geng ?\)1? I%ch"g”,)& wo Fén@{/l ons can 5 be
dei:>ned a(n, k) = 2n(2n+1) (2k+1)/4N"' Eq. 3 y(k) ~(2k=1)14 Egq. Then)
usin; these functions) Eq. 1 can be rewiaen as n=N-L x~ _ ~' x[nJ

* cos( akhede Jefnf (1K )he ikpipe sequaheel faraNhinnel and N is the ransform length.

x[ n] *(cosa(n, k) cosy(k)-sina(n, k)siny(k)) Eg.6 n=0 10 n Egq. 6 the
t~~igononetric equality, cos(atb) = cosy cosb-sins sinb is used for

si mpl i fnk@ad boSatdatifd REh MR 8rm §ives @odviear dduNChd @hpited)asi S not dependant on
variable n, it can be’ brought outside the summti on expression to give
n=N-1 n= N-L ?E)' C$\sr£k§as{‘£ J@ﬂl(n’(mmm g)sm('t@d*ymy%ﬁ/w)) - XL *[sn ]nag n, k)(n °
n=0 - cosy - Si - J= - = ~X[n cosa(n
and T= ~ x[n] *sina{pn, &)?" f(n(flan b gncosYe( ms)ﬁj'lm and T:) can now be
eval uat ed separately. %fin§ %Sﬁ[e] g Hlénf 7 e'd = 15 cosh +j s~n8, we cap~

express: cosa(n,k)=(~al.kl + e.,al0.r,)/7 and
sl na(n. k)=(e~an, .r<l _e-~=<. a)/~J 10 August 2002 10 Therefore we can
rewite the termTl as nNiin=N-t n=N-| T, X[n] *~e'ate 'a)~"'? = |~ -~
~ x[ n]VR¥ea L= gLt JEe =~ r@e{p]eh“ DY 1= The syrgbol repyesents the

n=N~-1
5 imaginary number -1 . Theexpression 3, (x{n]e”™N)=e/**¥ g obtained from

n=Q

the well known FFT method, by first using transformation x'(n] =x{n] * ¢™¥ and then

n=N-1
computing the FFT G, = Z x/[n] xe/ kN

n=0

For a two channel approach, a compiex variable z{n] = x{n]*e ™" + jy[n]*e ™" is

10 defined, where x{n] and y[n) are sample sequence for the two channels and ¢ /™
represents the pre-multiplication factor. Using FFT approach, the frequency coefficient Z,
for the variable z{n] is computed. From Z, the vaiue G, = (Z, + Z w...)/2 and G, =(Z, -
Z nve)/2j, required o compute the final MDCT for each chanrel, respectively, is

calculared.

[f either or both the channels require short length transformers. two short transtorms are
taken using the above approach. [f neither need short transform, a single long transtorm
is used. As an additional step in reducing computation, the windowing function can be

combined with the pre-processing stage.



n=N-1 n~N-I where At = ~ x[n] *el  and A, ~ x[ n] *e - ~~ "~o - n=o0 Eq. 8

Similarly ~ n=N| n~~"~_| n=NL Tz _ ~ x[n] *(e'"'e '~)~"- = 1~ -j( ~

xLn] *eia - ~ x[n] *e ~°) n=o n=o n=o Eq. 9 - 1%|~—I1- Az) ThetermA~

can thus be evaluated fromEgq. 8 and EqQ. 9 n=N1 At = ~ X[n‘]OAﬁ &(@%1 1

S~ xtl?] *e~"(Z ~(2n-1)(:k-(v4N) n=0 n=N-I = e~a(kU2yN * ~ =X~ ﬁ? e)~tnl N)
f a

* el:nnklINn=o Eq. 10O ~__ S| corrplex variable is defined as: then Eq. 10
is sinply: n=N-1 e, n(xl ~z~N* ~ x~ [n] eI ~ZnkJN't n=0 _ e,z(~:. vzvN *G . Eq.
11 Eq 12 n=N-1 where G- _ ~ x~[n] *ef- nuw n =p 10 August 2002 The conpl ex
term G- = gr, ~+gk.,) where gk.~ apd gr.l a ~t (set of real nunbers) in Eq.
12 is essentially the sane as Fk in Eq. 2. Therefore the FFT approach can
be use®drie® MmMerigdiab @f e Drddings bri ngs down conputation from Q'Nw) to O(MgM
SimlarTy, the second termA: in Eq. 8 and Eq. 9 can be evaluated n =N |
n=lJ- | A ~ x[nj *e va(nc) = a -rnc=~-tryN ~ (T-nl ,~e /znIN) ,e

'“l an. Cl’%ﬁeﬁn@an@om@descﬁ@ed‘?ﬁ cfeBM creuﬁ‘ngq by vl orbkmﬁplé:’odwe&ﬁx (&ference thX[ N) =€

e ~=~""~ s actual [y the conple:c conjugate of
G~ wh> D@ﬁewa@emm@mmwbyomd vmh mdrmame Rerompny(e dravingy. Mferein: where ak.r ~d
ar. rl r in Eq. 13
does not negﬁ ‘{ré‘?gsefgi tm ialgl[aélse%mongk?ﬁeeafﬁeogll}]udm-l&?%n%% Ql[“3612 can be
r e- usedubsthaturs &—'an@emgmdme:oFFT needs to be conputed for the eval uati on of
T~. 10 The resul thus = 1/~ er~(k ~nYN G-+e -rrt (kmyN
&) Bg = EREke i atoal e ob cie BT e

Figure 3 is a functional block diagram of a system for encoding a single audio

channel; and

10 Figure 4 is a functional block diagram of a system for encoding a pair of audio

channels.

Detailed Description of the Praferred Embodiments

15 The above mentioned Advanced Television Systems Commirttee (ATSC) Standard
document enutled "Digital Audio Compression (AC-3) Standard” (Document A/52, 20
December, 1993) describes methods for encoding and decoding audio signals, and is

hereby expressly incorporated herein by reference.

20 In general, the input to an audio coder comprises a stream of digitised samples of the ume
domain analog signal. For a multi-channel encoder the stream consists of interleaved
sammples for each channel. The input stream is sectioned into biocks, each block
containing N consecutive samples of each channel (see Fig. 1). Thus within a block the N

samples of a channel form a sequence {x{0], x(1], x(2], ..., x[N-1]}.

i~
LA

The time domain samples are next converted to the frequency domain using an analysis
filter bank (see Fig. 2). The frequency domain coefficients, thus generated, form a
coefficient set which can be identified as (X, X,, X, . .. X y2). Since the signal is real
only the first N/2 frequency components are considered. Here X, is the lowest frequency

30 (DC) comporent while X, , is the highest frequency component of the signal.



X[nl *(e~"-e "a)~?l =0 - |~~(e~"~"""~nyN Gk_e -,n~x.1,~zYNC: ) E. 1~
Finally, after si rrpllflcatlons of Eq. 7, 14 and 1~ 10 August 2002 -12
.~k = cosy(k) I/2(e~"~"""u:yv Ck+e ~n(c YyN G- ) - siny(k) 112J(e'"~k'i~:uv
Gk-a -r~c~-lrvw ~,~ ) = cosy * (gkrcos(n(k+ 112)!l~ -g~~si I /1 V~
”$? uﬁdétidaé

- siny * (gk.rsin(z(k+1/2)1l~tg~~cos(n(k+1/2)/1V) = cosy * st ny

Eq | 6 ThCterm & = gx, + ~g,~; is conputed mO(rVlIogrV) operation by use
of FFT algorithms. The addnonal operation outlined in Egq. 16 to extract the
rtnal Xk is only of order O(l~. Therefore the MDCT can now be conputed in

O(Nlog_N) time. The operations regquired to obtain the MOCT are illustrated

in Fig. 3. 5 Conbtnm~ Two Channels into Single FFT Suppose the

mul ti &r@@e&h md&&nhﬁ r&aqw rr%el gqmwrg&&s& R pesthiehanmeks (x) nst ead of

conmputing an for eac channel as described in the previous Section, it

is- pOS’él. B’L e- L(Xv’lo if tacedsay to expuorince He arigiplinaaldgongnal petgeadesedenvitof t he coder

by co nnel s and using a single FFT only. Ln effect) instead
ol S8

of m %S need to be conputed. If the input sequence are real
nunbers then it is known that DFT for any two channels can 15 be conputed
vvithsagl}:%/ og_e FFT bl ock con5| deri t he |n ut as,a conip nunber. The
r eal CORGICHBE FraF 498 EEGUBY P%{HS/ PRy MesTRAt eRsificens i magi nary

part iis rdpr&am@aba a@f:xp%ﬁ&{c aec[ nﬁmdaﬁlefrhe Atﬁoﬂémtslstas krauly fanshhiagsihatsm i S
conputed for the resulting conplex variable, the resul ting transformfor

each M ICTEAN Heeveus feynangssiivirugratedgo I"idJWeiilé? varjafle gt eSent case the
i nput dafd rp&ésheTﬁF-Eluglo@ﬁKmbé cﬁ*cbﬁtk'%rl c)éaﬁw%%t@ﬁ"@umﬁf/ obfa@eded by

mul ti plying the real by conpl ex vari ab . ~."In this case, there
~s no &AM 4i mlb@maratzonﬁw whlché@rradémdp%hwe@f@éﬁ@@erﬁ rande Grsttaf t er having

cti T EoRh AR CIPBRRE o YRR Al taROReR S R el s 200 T

Augusthlﬂownprl&dge'nne-ke[cﬁl]se less fpate Js rempifd tp transmit thpx[)txﬁxcienﬂs be N i nput

}

canp i rst. channel and 1 N; 1 be the
sanpl elg"‘?%v"-‘f*}ﬁ%“éléeéaﬁa k&%éﬂ‘ﬁ&fm“ﬁg 5&%?%15%([50 %L{?X‘{}eehlsfoﬁté&/‘% 'N-C'Mq requency
coef f i disiebiigon@f.availableXi® ke éch mantissh f6fms' thé Core 'oftbebfost idvaated 13) nust be n
—0 obt ai nded for the first channel; and simlarly, for the second channel

- V- ISPEAES Y[ r1 ] e~ani N * e~=artk' N n =0 DetulLng conplex variable ~[n] =
x[n15*~"' N+ jy[n]*~""~" Eq. |7 and conputing its DFT using the FFT met hod,
yiel dSIn some encoders such as the AC-3, the frequency domain transformation of signals is

performed by the (MDCT) modified discrete cosine wansform (Eq. 1).
naN={

X, = Y x{n] * cos@nx(2n+1)x(2k+1)/4N + m=(2k+1)/4) k=0..(N/2-1) Eq.1

n=0

If directly implemented in the form given above, the MDCT requires O(N?) additons and

multiplications.

Sinegle Channe! FFT

It is possible to reduce the number of required operations significantly if one s able to

8}
wn

evaluate Eq. | using the well known Fast Fourier Transtorm method of J.W Cooley and
I.W. Tukey (1960). The general Discrete Fourier Transtorm (DFT) is given below (Eq.
2). It requires O(N°) complex additnons and muluplications. By using the Fast Fourier

Transtorm method the DFT in Eq. 2 can be computed with O(Mog2V) operations only



Nn=N-1 ~ ~[n] *e~_~n~rN k=Q .?V-- I n =0 *=N-I - ~ (x[n] + jY(n])e~"nnte;
3arcrIN A = n=N-1 (x[n] + Y[nJ)*e~~""~ "uzyN ~ Eq. 18 Now substitutin' N k
for k in the above expression) n=N-v ZN ~ ~ (xX[n] "™ jy[n])

*8~. :en(N-kl12yN k=O..N- | n~0 n=N-1 (xLnJ + JY[n]) *e~2"~ iy An
=0 n:N-t - (x[n] +Jy[n]) *gl2sn(-kll2y.V ~= Eq. 19 Since e%AUEUStﬂ)O%

(the set or' integers), the tern e;=" vanishes in the above expression. 10
Taking the conplex conjugate of Z," ki n =N | Zv=x = ~ (x[n] 1Y[n]) *e
|, ~"~~11=yNn =0 n=N-t - ~ ~~[n] 1Y[n]) *2~"nn(k-1;?yN """ Eq. 20 10

August 2002 - 14 Using Eq. 18 ang 2a) separate e: cpre55| ons Por Gx and G k
are required. In a sinple case the conjugates in Eq. 18 and 20 should add
and subtract to give the reqU|red expressions. However in this instance
that is not the case But tli,w;,vng N k-1 in Eqg. ,,the .
follow ng is obtai ne E: %@'% =)~ (}‘;F&(nifpﬂ{w n~) *2~"an[ ki I%%j?\l Eg.' 1 n=0
5 Now t he terme~-"~k+||2)IN i's commn in both Eq. 17 and 19) and it is
possible to isolate. n=N| n= V-1 ZA-+Z~- k-1 ~ ~ xrnl *e,:a~r(klnyN + J ~
Y~n~ " Bereyri{ ti¢ syth@ot bmithaginary mamBeniM: 1 sn=N:- 1 x~n~ *e~?an(ki!'=yN _ J ~ y~n~
*E~.".an(kU2yN) n =0 n =0 n=N-1 = 2 ~ ~Ytn~e~anl N) *e~Zt nkJN n=0 = 2G~
Simlarly, n=N-1 n=N1 Z -Z ~ xtnj *e~2an(kll12yN + ~ ~ YLnl *E """(k I12yN
N-K-1 Although it may not be tmmediartely apparent how Eq. | can be transformed © Eq. 2, a

careful analysis shows that this is indeed possible. To simplify Eq. 1, two funcuens can

S be defined
a(mk) = 27Q2n+ 1)(2e+1)/4N " Eq.
y(k) = m(2k+1)/4 Eq.

(2]

e

Then, using these funcuons, Eq. 1 can be rewritten as

asN-1

X, = Y x[n]xcos(a(nk)+y (k) Eq. 5
naQ
naN-1

= Y x[n]*(cosa(n,k)cosy (k) -sina(n A)siny (£)) Eq. 6
n=0

10 In Eq. 6 the trigonometric equality, cos(a+b) = cosa cosb-sing sind is used for
simplification. Furthermore, since the function y(k) is not dependant on variable 7, it can
be brought outside the summation expression to give

n=N-1 naN-1

X, = cosy(k) Z x[n}xcosa(n,k) - siny(k) Y, x{n]*sina(n,k)

naQ

= Tcosy(k) - T siny(k) Eq. 7
n=N-1{ naN-1
where T, = Y x{n]=cosa(nk) and T, = Y. x{n]=sine(n,k)
n=0 n=0

The two terms, 7, and T, can now be evaluared separarely. Using Euler's idenury e® =
15 cosf +/sinf, we can express:
cosa(n, k) =(g*™R 4 guxnky/

and  sina(n, k) =(eH0. eIy )



n=0n=0n=N 1| n N- I x(n] *2!-"an(kll;yN - J ~ Y~-n~ *~~~nn(k!~"1yN)
n=0 n=0 n~N._I =2J ~ (Y[n]e!'"n, N ~, ~e~ nnNn0:2JG~x That is G~ _
(Z~az,;-A1)/2 k=0...~VI2-1 Eq. 22 and G~k:(Z~-ZAP-k 1)~=J k=0.:"V/2-1 Eq

2~ 10 10 August 2002 -15 Fromthe expression fromEq. 22 iatjo2 Ed.
16, the NIDCT for each channel is obtzinrd The overall pr oc@gguggg't
illustrated in Fig. 4. TransformL, en~th Adjustnment Techni oue 5 The
frequency transformlength N is decided by the encoder based on tenporal
and spectra! resolution requirenments. The input signal is usually anal ysed
wi th a high frequency bandpass f_illot_er to detect the presence of transients.
This informanon is used to adjust tl:e block length, restricting
quantl%g%rhgpe BRI SL AR ROGk MrgTWst h the transient within a 10 small tenporal
regi on about the transient, avoi di ng tenporal masking. Thus) ii transient
is detected m a.ghannel, two short iwansform of:ien th_N/2 each are taken.
Int: ~e absElneeErx[vrldevgreeﬁD/” a 18(nY) eltlond 1 ransl@rm’of Length ~V is
used, thus providi°®ng hi gher spectral *¥ espl uti o™ 15 Fromti he het hod
described in the previ ous secti o'% bh & dﬁputl ng MDCT for two channel s using
a single FFT block, it is evident that the transformlength for the two
pai red channel s nust be the sanme. Therefore, pairing for the transformation
phase nuch be sugh_,that channels w tl.vdentical transformlength are
gr oupeq,hggget;he:r ZQQ[,J,]Lems bewvever = p§Ssifh]e £hat not all channels can be
paired with stch Gonveni ence. Assumesdhat the total number of channels are
an even nunber (if not, take a single FFT for one channel and the rest form
an even group). Suppose out of the mchannels, ! need |ong transform and
theref g(g;mJ require short transform 25 If | ~s an even nunber, then sfhe
the total 1s even, o follows that 1-mis also even. In this case, fromthe
1 channels that need long transform 1/2 pairs are forned and for each of
the 1/2 pairs a,si.ngl e FFT ~s conputgd, to estinpate the MDCT for the
origcnal paired (8=Si viyhas Iy, ecthp<arechadnet(s]-are® paired to form
(1-m12 pairs ang‘hfg??{ he (Jlmi)njl 2 #a%s LJ/vo shog FF T s are Ebrputed. 30
Now consi der the case when 1 1 =1&(4,-- K~s an odd nunber. Therefore m- |
="' 's+1is 10 August 2002 -16 al so an odd nunber. The 2r channels
requiring long transformare paired together to formr pairs and then 2r
transfqorns are conputed usin Simlarly, for the 2s channels s
pairs arg ¥ fetht fte et”é'r‘fﬁtiegém %ea’@r%%? requiring |ong transform and
anot her requiring two_s |Kl_ort transforns. Both of these channels are paired
together and 5 two hor Lﬁ*eaere conputed to derive the MDCT. The
rational e for constr‘al Niy e long transformto two short ones is as
follows. A short tr ansf rlmls I for rests i.cting quantization
noi se associated wth=th k] agd zfeelgmqu‘

=N~
= ejn(kvl/?.)lN " xin *ejnnlN) * eijnldN ,
g il Eq. 10 !

S If a complex variable is defined as:

x'[n]=x[n]*e™N Eq. 11
then Eq. 10 is simply:
n=N-1
Al = ejﬂ(k-l/‘l)/N* /[n]*e/ZRnkJN
n=0
= /Rl IV G, Eq 12

LELES

N
where G, = Y x/[n]xe/7™¥
n=0



a small tenporal region about the transient, avoiding tenporal masking. A
long transfor:ri ~..,~ 10 gives slight better frequency resolution but the
error is not nmuch conpared to the case when in the presence of transient a
long transformis utilised. Forcing a Long cranstorm onto lbap t he
presence of transient leads to greater distortion in the f?ir(i)gt'}lfQ %r oggct:)gd
nmusi c. This conjecture was proven true by experinental studies on benchmark
nmusi ¢ streans. 15 Conbi ni ng Wndowi ng with pre-orocessi ne Before the tune
domain signal z[n] is transformed to the frequency dosain) a w ndow ng
function is usually applied. Thug,;.if the sanpled signal is p[n] then the
sequence that is 20 applied to the frequency transformation block is x[n] =
p[n] * ok Rdmpkeid G2 j+5, I Reewd dldamd B f ®ngt boRal duhtats) REEQTr Vs OUS
sections we noted that Befo‘re the FFT 1$_t conputed for a block a
pr e- pr eserudllyghy wmses Folnnkd 2asTherafers haFIER 2ppraach cahPoUte &Y et f ar
convenien : : = * ABAETR Al X acar s N _ (p[nd*
win]) G s l’rmr,m'ﬁlﬁi%? Hs?\lp#m;”?{‘ﬁﬁf“ o OQM?%NVU[O %g Sl dec ond et
~(W n] 4=x& Bq~&hnd) EEP. cap e Brabrareq. ' 2?4 we note that the w ndow ng function
can be conbi ned WI\EAR the cosine and 30 sire nmultiplication required in Eqg.
11. This brings "§ he, conput al.i,on, e¥en | ushes,.si pgeat he sine and cosine
are usual |y 4npl geﬁf’t*ﬂ '1(%95 ‘Fégf I{J)lnl gié%é”g?ﬁ gsN)(‘:‘égl e-lookup It 10
August 2002 -17 fwo tables are_gonsjsucted as defined bel ow r~os(n] = wn]
* cos( rn/~1~rsin(n] = wWn] %’ sin( /i~ 5 then Eq. 11 can Belfewitten as
x'[n] _ (p(n] * rt;os[n]) + j(p(n]* r sin [n]) Eq. 25 10 Al though the
i nvention has been described herein primarily in ternms of its
mat ~" ~e: nati cal dv%ivati on and application, and the procedures required for
i mpl SRt i 6, =i WA =&V eadl ™" r ecogni sed by those skilled in the art
that the proceduré¥ described can be inplenented by neans of any desired
conput ati onal apparatus. For exanple, the invention may be enbodied in
conput er software operating on general purpose conputing 15 equi pnent, or
may be Nowbddi €d i§ aenpily posembigk konjugateof Gy yhior weoehtaneely Ea W cF@éode or the
like in infegrated circyit or_set of i.nteqr girguits, The foregoing
det ai | ésdqﬂ(e}éé'r“?“pf gﬁhg%?ré é'i*fblég{’ii’ﬁeen sasgfitl?eﬁieeaﬁ%flg‘&l%?%h hg's' bZ%‘n' present ed by
way of Téexefigk &, oinlBg, 1Adcksinst med td bdé eompeted qgaihearciohs redelr édm EqrilZi ng to t he
I nvent Icgrp bg ?e-gsgd.d %Eétr{s?. %nfynon% %Tcrlegésnt% b%%gr%&ﬂgg forr] reeetvg.[uar.ion of T,.

10 The result of Eq. 8 to Eq. 13 is thus

T = 12(e/™E VDN G ve HEVDN G Eq. 14

Next, the term 7, can be analysed

LEIVAS

3 x{n)=(e/®~e 1=y
n=0
1/2(4,~4,)

1/2J(ejn(kr[ﬂ.)/‘\f Gk_e -ler LIIYN G{) Eq 15

T

Finally, after simplifications of Eq. 7, 14 and 15



10 August 2002 -18 G ossary of Eguations: MDCT n=N=1 Xk = ~ x[n] *
cos(2Z*(2n+l)*(2. k+l)/4~~1 + n*(2k+l)/4) k=0...(N2-1) n=0 = cosy *
(g,, ~cos(r(k+1/2)/N)-gkrsin(~(k+1/2)/1V) - siny

~~.ISi n(n(k+1| 2) 1l ~+g~:cos(n(k-112)1~~ - Tlcosy(k) - TZS~y(1I0)Auéu§N2902 =N-1
TI = ~ x[n]*cosa(n,k) TZ = ~ x[n]-sina(n,k) n=0 rt=o0 - 1; 2(
[12J(A - A~) n=N-1 n=N-| ~" x[n] *e,a ~- ~ x[n] *e~anorto:
ernck~~th*G = a ~ s~ax.trvN k Gk n=N-1 n=N-1 G ~ (x[n] *2~artlN) *e~3ankJN
=~ (x[n] *B ~anIN) *e ~3nrtkINk rt=0 n=0 Tl = 1/~(e~n(k.tn)~. v Gk+e
fa(k.ll' F'yN G ) 22 = 1/2l (e~"~kiwpVYN G-a ~n~k.iryNG') 2 k ¢ &
(ZkrZ.V-r-i)/2 k=O..,N2-1 | OGk = (Z~2,; K ,)I3~ k=0...N2 -1 a(n,k) =
2?2(2n+1) (2k+1)/ 41V y(k) . yUst 2002 -19 Cdains 1 A
net hod for codi nd: aumsm(/@d(de’g‘%’ @u*ﬁ”wﬂsﬁq(génce of digital audio

sanmpl es. ~ncl ud~ng thgngkers( 9}5‘@: 1/5/V|0; -gukdipiMyghg the input sanples with a
first trigonometzic fupcy I(in 0fS wa eﬁﬁ(ﬂ?@ﬁ/@mﬁim ernedi at e sanpl e

sequence; ii) conputin ast Tan the internedi ate sanple
sequence to generaté ¥ du 645"{;.(% {/l@%{‘% "ottt |gl))? equence; iii) for each
transform coef fi ci &ntostn* t/he” §8Yuehce, nultiplying the real &ndislo

i m~~nary conponents of the transform coefficient by respective second
trigononetric funcc ~on factors) adding the multiplied real and inmagi nary

transferm Lcj ent conmp i fel

coeffi ?:Een r% ahd 1Bt 134T | ngg‘?[t‘dsl nﬁ ?grp}ﬁ gggpg{; f‘g% |F(r$g. {ﬁ%orél?%g% ransform
coeffcrreuhdmoumrogma;ortmzz@md&n&helﬁmsaxbtadfcam ﬁmathtsrcewmcméérf(D(Ment T 5 tv)
mJItip ng r&} a& |on and subtr I%“PSt eam efficients wit

respect Vé: RSO T RIS P8 R t”?g &Y 6 a°°\95a”8%rt“9‘3f:“td| ng the ¢~
cor resmam%w{mcplmemuﬁﬁehdtm@rg,a,r_ld subt ractl on scream coefficienu to
generate audi o coded frequency domain coefficients. 20 2. A nerhod for

codi r?g audio data as clainmed in claim1, wherein the audi o coded frequency
domai n Gadfifihe T/RIGh AP S SinBRAIF ed di screte cosine transform

coefficients. 3. A nmethod tor coding audio data as clained in claim1 or 2,
wherein the Lirst trigononetric function factor for each audio sanple is a
functi t h r of sanples
|t he B B o D e e i 5
wher ei motnhetineEPEET fareastectenok] tas defonipdet thecprédaustseaionf ads pessiblede each
transfarm coefficient in.th uence_are respective functions of the
tra@ g?%?36684‘¥F69 Cr?fnpélgﬂ%aﬁ&q S@F‘ftrogﬂlea{:ﬁaer SOMRRS 5 gl B - c~ent s

~n t he usid@uesite FFT only. In effect, instead of m FFTs only m/2 FFTS need to be

computed.

If the input sequence are real numbers then it is known that DFT for any two channels can

-~
.

15 be computed with only cne FFT block by considering the input as a complex number. .-
The real part is formed from the sequence for any one channel and the imaginary part 1s
from darta of another channel. After the Fourier Transform is computed for the resulting

complex variable, the resulting transform for each channel can be easily retrieved.

20 However, in the present case the input darta to the FFT block is acually a complex number
(formed by multiplying the real data by complex variable ¢ /™). In this case. there s no
straightforward way of retrieving the frequency transform after having combined two
channels. However, using some processing after the FFT one can still compute the DFT

of two channel using a single FFT block.



10 August 2002 -20 A nethod for coding audio data as clained in claim4)
wherein the respective third trigononetric function factors are respective
functions of the transform coefficient sequence position. 6. A nethod for
coding audio data as claimed in claim~) wherein step i) COfPALGSs 2002

fmul ti plying the input sequence sanples .r(nJ by tre first trigononetric
function factor cvs(;rnlN) to generate the internedi ate sanpl e sequence)
where: x~nJ are the input sequence audio sanples; N is the nunber of input
sequence audio sanples; and I1On =0,....,N1. 7. A nethod for coding audio
data as clained in claim®6, wher-€idn step ii) conprises conputing the fast
Fourier transformof the internedi ate sanpl e sequence so as to generate
sai d t Lans{ajmfilode), f.i.ciNehl} bedgupurcsem@es of s first chagkel andhere: 15 Gk is the

componDRES TGk r BN HE 3 Egemaley o o Wt A EERTO AR o' oo 1 -

0,....,(.N2-1). 20 $. A nef.hqd for coding audio data as clainmed in claim
7, whefrghuens{ g riidiénts COGPIE SES xfigéerink kg™t he (Bgdinas 18} meamecoef fi ci ents
T. and subtraction streamcoefficients T, according to: T, = gxl

cos(~r(k+1/2)/N) - g,~, sin(~r(k+1/2)/N T. = g~,~ cos(;r(k+1/2)/N) + g, ~;
sin(rc(k+1/2)1110 2~ where Tt and T= are the subtraction stream and

addi t | efused & Bef fhanndnengd supiarpye & thefegond adranggl net hod for codi ng audi o
data as claingg.,in claim8, wherein steps iv) and v) conprise generating

t he audi chdeeE f,,%_,qgmem;ye/dmi n coefficients XK according to. Xk = Tr
cos(n(2k+1j1 4)x "T,” sin(~r(2k+1)14) 30 where Xk are the audi o coded
frequency domai n coefficients; and cos(~r(2k+l)I=l) and stn(T(Z. k+l)I14) are
the third trigonometric fvncnon factors .. August 2002 -21_ 1 A et hod
f or coi?FHﬁmﬁﬁ F‘Bleﬁgﬁﬁi‘bﬁ?ﬁé ﬁd’f%%ge’?ﬂﬁe""@ts[@p?%g‘r: conbi ni ng fir&f Hnd second
sequengRscdhpuding ik 3 FRLKHONS FAPI@shod! pileki rst and second audi o channel s
into a single conplex sanpl e sequence; determning a Fourier transform
coefficient sequence as=defined in any preceding 5 claim generating first
and second transf or & eodt f kol @™ Eequencess#y-Mdnbi ni ng and/ or differencny
flrSL and second sel ectéd transform coefficients fromsaid Fourier
transform coefficient _seguenge. anfefor. eaeh of the first and second
transform coefficient s%u nces,” generating audio 10 coded frequency donain
coefficients as defined::h any pr ecedi,n(g'U J,aim so as to generate
respective sequences 6f xaldrhndrsDegded Trequency domai n cogf flictencs for
the first and n=0 e

Now substituting N-k for k in the above expression,

naN-1
Z (x[n] + Jy[n]) ,.ej-'!:tn(N-kq/zyN k=0 N~1
na0

naN-1 '
Z (x[n] + jy[nD) x@)ImA(~kL2YN 5 <270

Z

N-k

n=0Q
nsN=-1

x[nl + rpfnl) xe/inn(-krUZYN
DIRCORPI) s

it

Since e = 1, n e I (the set of integers), the term ™ vanishes in the above expression.

10 Taking the complex conjugate of Z,,,:

1
(e{n]=jp[n]) =e 7

n
nn(-c-1/2YN

p4

ZN-A: -

3
(=]

napN-1

M=

(x[n] ~py(n]) xe/ 2Rt vy

o

Eqg. 20

n=



second audi o channels. 11. A nethod for coding audio data as clained in
claim 10, wherein the step of 15 generating first and second transform
coefficient sequences conprises, for each corresponding coefficient in the
first and second transform coefficient sequences, selectingqhi

second transform coefficients fromsaid Fourier transform ngféﬁl{sggtem
sequence, detetrnining a conplex conjugate of said second transform
coefficient, conmbining said first transform coefficient and said conpl ex
conjugate for said first transformcoefficient 20 sequence and differencing
said first transform coefficient-land said conpl ex conjugate for said second
transform coefficient sequence. 12. A nethod for coding audi o data as

cl ai mnedUsing . di8rand @0pseparite ewpressionn for e andiiGt'§ Pk yquiredt &pa simodoepshses

mul tiplying.the input .seqyence I nJ. by .t fi nometric
ft:nct i‘%enc iHersT g (18, &R§5£”Jd§%%§?"ﬂ§§‘i’{f}§mﬁ8 %Vgntgféetqg{r%fe‘\%?ﬁ%lg%oﬁedi ate
sanpl e FER@GveNiaehis WRELS: thZi(iHdocthedasd. But) wbsihiingS Niktey FambineRq. sidnpiee .
sequence) x[nl is the tirst sequence of digital audio sanples; [n] is the
second fRRJtiBh ELLHN| gi t al audio sanples, 30 Nis the number of input

sequence audi o sanples in eagh sequence; n =0. ....N1; and 10 August

2002 j is the conpl ex,const &K . 13. mpiheduior codi ng audig data as
clainmed in claim11 orZ‘V‘i?,_ r(xecl;lﬁjysrﬁpgﬁfi rst and second traﬁ 'f'gr m
coefficient sequences are generated according to: 5 Gk = (Zx + ZNx.r) "’
Gx = (Zx - zNx_A'-] where & is said ftrst transform coefficient
sequendaw Qekerirse 84T WS scomahot irabrsl 8r i Toef 19, eieitis BegihteiedsolaEi s t he
nunber of input sequence audio sanples; 10 k = 0..... ,(N2-1); Zk is said
first transformcoefficient; Z°,,, _~_, is the conplex conjugate of said
second transform coeffigjent; and j is the conplex constant. 15 14. A .
merhod for codingzaudio watgjasrekabvmed, i anpy.orecobclairru 10 to 13,
i ncl udi ng exam ni ng sai d-=§i rst and secondwsequences of digital audio
sanples to determine a stgq'rt o r | traosfo rm |l epgth, and coding the
audi o same |les using a % Hnbrer (o‘sr)llgbgt‘rfa s f)(f)'i’]rfﬁl'er(lg{yﬁk)as det er ni ned. 20
1~. A nethod for coding Addi o data conpriSing sequences of digital audio
sanpl es froma pluraltxy pf (quei~oVeeamHel s, conprising determ ning a
transformlength for each-of i ..' the channels) pairing the channels
according to their det®2lfined transformlength) and coding the audio
sanples of t'irst and second channels in each pair, as defined in any fine
of clainms 10 to 13, according to the determ ned transformlength. 25 16. A
met hod Similatndi ng audi o data as clainmed in any preceding clain including
appl ying a wi ndow ng function in conbination watt said nultiplying step i).
17. A method for coding aydi o data includihg the steps of: 30 obtaining at
| east one input meglience BT xghijgi/trak-vatidi p Sappl eirnt-umnN

n=0

n=0
naN-1 n=N-1
- ( Z x[n] wg)2mn(erI2YN J Z y[n] *E];’ﬂn(k"l/l)/N) (."
n=Q naQ o

LEL!

Zj Z (y[n]e/n:nlN) *e/;’nm'dN
n=0

n

= 2/G,
That is

G, = (Z,*Zg.. )2 k=0.N/2-1 Eq. 212
and

G, = (Z,-Zy - )% k=0 . N/2-1 Eq 23

10



pre-processing the i nput sequence sanples including applying a
pre-multiplication 10 August 2002 factor to obtain nodined i nput sequence
sanples; transformng the noditled i nput sequence sanples into a
transfoizri coefficient sequence utilising a fast Fourier t{®pghast2omnd
post - processi ng the sequence of transform coefficients includi ng applying
first post 5 multiplication factors to the real and i nagi nary coefficient
conponents, differencing and conmb~nng the post-nultiplied real and

i magi nary conponents) applying second postnul uplicauon factors to the

di fference and conbi nati on resul-tl§) and differencing to obtain a sequence
of noditied discrete cosine transformcoefficients representing said input
sequen&eemfthalfgresspn 9 B Saap sinw1Bq.18, thedDEJdfoa 8¢  cARMEHISi n ¢l ai m 17,
wher ei P& i Rld.catd. .Ok:. and fast and second
post-nEF%p%Fig?fgg%%Qgk%%gghgggaggﬁgghbﬁétric function factors. 19. :~
nmethod as clainmed in claim 18, wherein the pre-multiplication factor

appl i ecet t%.l ¥ engght‘\gi gi tetlLr gudi 0 sanple in the input sequence is a
trigon - 1 i 0o sanpl e sequence position and the nunber

of sanples in the sequence. 20. A nethod as clained in claim18, wherein
the first post-nultiplication factors for each transformcoefficient in
t,~ie éaﬁgﬁﬁﬂ‘cét‘rémttgﬁlﬁ%%ﬁ{t‘? flecided Q¥ thoTPOdT PEssd OF FHTRITYAR 20 coef fi ci ent
sequengg:cpaSiebdiGbnargitehRn U Inp &f sigRefsfused 9N slyted Wibea sigguence. 21. A
met hod as clainmed in claiml8, mﬁereln: t he second Post-nultlpllcatlon

f act or Teg¥ere s ERAARTHdiEr ipcdetent the pigEANARE | BRnsieasu(Tihis BloPagsnsHEd P ¢ f uncti ons
of the,t: ] fl.cler : L ; ueRel: kG s used in
he di P oo b1 R e T of "ol ai o
17 tl@ small wiveposd! Megitreaonethp racess iangidogasropdraimaskng. Jars.of werfieoh each

sanpl e.J he | ence indi vi L] y. 0d, as fmed in any
one of lgc <'§1|'lr?r'31€;Ei 119% %mgﬁg\g? s‘v?ﬂeufaéllgﬁﬁn? ﬁggﬁaaétbf/%g%%‘és’g?}ﬁgh3813%%??%‘{%3 are
per f or pedamiereachingle &ng fransio e fidnged St uded, thbepoeidingricgner sbicwreldual | y. 10
August 20p2 24. A nethod for coding audio data including the steps or:
obtainfﬁﬁ PPst and second i nput sequences of digital audio sanples
correspondi ng to respective rust and second audi o channel s; conbi ning the
first, and second input sequences of digital audio les into 5 single
conpPe r‘?‘ﬁﬁlﬁmgg%ljgc%@&d‘éﬁ‘&@f“tﬂ“é-s?ﬁl%&ﬁﬁﬁuwgﬁ@ékw ¢ ﬁ??&?g§ equence
sanpl egsinB Gl sHHEFBBRLY, [i118 eRdddt Srafithe (daRirh &R RAPMRCHOkwd Baigdat ai n nodi fi ed
conpl ex_ i nput sequence sanples; transform ng the nodified conplex input
sequen€Ebagslspnuss bs He sarpe. c brastler. painps; fositha cwsforpeioamhasaadiesuth i 1 i sing a
f ast F‘&&Hc'cﬁ&n%!@%&ﬁ@édﬂf;gl%ﬂsfom tength GrelfloBRI kodi@EESSI ng the sequence or’
conpl ex transformcoefficients to obtain first and second sequences of
audi o coded frequency domai n coeff~cieats corresponding to the first and
sec%_d I?‘L{gqllogr.e%}%ggy & Ltfal{]r?olt 'ﬁﬁ“ctpagneli gin § Ca.pre&; %J\?&(ﬂﬁoﬁqj{'&geng%egg domai n
coefticient in the Tirst and second sequences, "selecting Tirst and second
conpl exhdttianwfab numbwef thanhenirs afi evam mmbdr GEopienkea sibgled{l ox ohg ansf orm

coefficient nmbuu the first.c | ex 15 _transform cpefficient and the
conplefhggﬁfaﬁgﬁﬁr%?Eﬁﬂé“§3¥ﬁﬁﬂ”%oggﬁﬁ§ePW&“éWU?ﬁ%%@%?T?%?%HFgfor sai d
first chasbeh sadheebidt e-eREIRGHMAEAd6Et. conpl ex transform coefficient and

the conpl ex conjugate of the second conplex transformcoefficient for said
second channel, and applying respective post-nultiplication factors to the

combiznat i nnaldn Hichfe!r BRE Gnd-AnPBLRI VeI ¢ fc%d% taEpmad afks eeHseNEYhidomai n

coefficients corresponding to the 20 first and second audi o channel s.
case, from the [ channels that need long transform. /2 pairs are formed and for each of

the [/2 pars a single FFT (s computed to esumate the MDCT for the origtnal paired
channels Similarly, the {-m channels are paired to form (/-m)/2 pairs and for the ({-m)/2
pairs two short FFTs are computed.

30

Now consider the case when 1 { = 2r -~ ! is an odd number. Therefore m -/ = 2s + | is



25. A nmethod as clained in claim24, wherein the pre-nultiplication factor
for each sanple in the conplex input sanple secuence conprises a conpl ex
trigononmetric function of the conplex input sanple sequence position and
the nunber of sanples in the sequence. 25 26 A nethod as clyg gtroopai m
24 or 25, wherein the post-processing for each of the first and second
channel s includes applying tirst post-nultiplication factors to the real
and i magi nary coefficient conponents) differenctng and conbining the
post-multiplied real and imagi nary conponents) applying second
post-nultiplication tactors to the-difference and 30 conbi nation results)
and differenc~ng to obtain a sequence of nodified discrete cosine transform
coef f jaso entosld membes eTite Zrgrhammiets requitng beg wendermiregagehlogatiel © fe@ml es -
25 27, A method. for coding audio data i udi.nge.t he st of : 10 August
2002 SHYHP AR @e?izfgfmsg S S GIRPUER IS S U 88 So‘%mlgflﬁ‘i {%glﬁ"ea'ddi o sanpl es
X[ Nj) chbdklsGPalre SROPBEHAY Whad RSBRE s oke chirng! reqmiding émnehnafsethanchannel s;
conmbining the first and second i nput sequences of djgital  audio sanples
into ANSMET KGHENE GHFRoKt ?%ﬁ?ﬁ“&a%qhé"%%ﬁ&%elif‘fﬁ]l’,m’gﬂ’m&gémi‘[EH‘F _r[n] +

1 Y[ iwBsBoPEPEE 82 BaphRe (S QIR e bR sequence sanpl es including applying
a pre nultiplication Factor cos(rnl:~~ + jsin(:rnl~~~ to obtzi.n nodified
conpl ex i nput sequence sanples, where Nis the nunber of audio sanples in
each of,. LR hlel 5t cﬁggﬂ.ﬁﬁggﬂedlohﬁﬁ%f&ﬁqg%}g@&?or@g'r@s s & Bilows.: Alhbd): 10
transformng r he noditi conpl ex 1 nput sequence sanples into a conpl ex

t r ans frarsioonéf reRdrenior ssyigang quarskzagen npist Ajociatkd with Braurrinsient Wisnaf or m

wherein k.= 0, .. N 2-1). and. post-processi t.he. seguep onpl ex
t r anst’ol na“c%r@F?rlalcﬁe%% sag?% L% ttr’g‘lslﬁgt1’ fa‘rlos@na?le pgé%g%ﬁp§é'q§e}é§ég£%¥£%rﬁdi o] cod’éa

fr epueivey sigirdenerdehiérncs iresotusion dud tBS potrds Ag: thock dvendaradsd dibcasnd second

audi o channel s Xx, Yx accordi nr(‘; co:. .G ~ A§§~+%P~. -I%/Z k=0..1V%2-1 G k =
(Z~- Z;¥heg In %eafeﬁ?%qfﬂ%‘iﬂ% longtranstagmds Eyilsed cirsping R49925 1950,

~5i n( ronfdkadhadndilim e grbdRNce”of (Bksis: Mdadt {Kerdare) dikrortigm 1€ @8 (fakplobdeli | ~ Y, ~ =
cosy * ~, '~ rcos(~(k+l/?2)/|~, ~~ sin(~t(k+1l/2)% b~ - sim- * ~~" ~~sin(rt(k+
112) | Npusio Thig saTisrtiee 129 PTONFD fie Py exgerimenigl sedipsdobsirmBekimisicent sequence
for thge.ghst channel; G ,~ is a transform coefi~cieat sequence for the
second channel ; 20 g~~ and gk,, are the real and inmginary transform
coetiicient conponents of Gk, g xr and g',~, are the real and inaginary
t;ansf@&gg’iﬁggtwhg'@- L GRTRODENRL ‘me Gk; Z," ~, is the conplex conjugate
of zZ," == . :

Before the nme domain signal x(#] is transformed to the frequency domain, a windowing

function is usually applied. Thus, if the sampled signal is p{n] then the sequence that is
20 applied to the frequency transformation block is x{n] = p(n] * win], where win] is the
windowing funcuon. From the previous sections we noted that before the FFT is
computed for a block a pre-processing is performed as given in Eq. 11 (reproduced below
for convenience). Thus

x[n] = x{n] *e™¥
= (p[n] * w(n]) * e/™"

= (p{n]* win])* (cosm/N + j sin 7mn/N)

(V]
(9

= pln] * ((wln] * cosmm/N) + j(w(n]*sinm/N)) Eq. 24

From Eq. 24 we note that the windowing funcuon can be combined with the cosine and
30 sine multiplication required in Eq. 11. This brings down the computation even turther

since the sine and cosine are usually implemented 1n a real time system as table-lookup [t



. AsS. ASE. AA2. A2. AY .Al.A Al2.A .A,. An.AF. A AFl.A 1. A(3. A Yr.AY .AU_. A

1. AAL. AFY. A3Ul . Al . AhOK[ ]| $9764 BB c
| wmhc”Y] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca]
ca] ca] ca] ca] ca]ca]ca] c”a] ca] ca]cRalc st 2002

:ﬁ cgé’] cal ca] ca]

39MCP9{ vqgl gb] X] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] caj ca] C
ca] cfa] ca] ca]ca] caV]ca] ca]ca]ca] ca]ca]ca!) CGCQASM ] : 5[
g!''}xsnid_Z]]ca] ca] ca]ca] ca] ca]ca] ca]ca]ca]ca]ca]ca]ca]ca]ca]ca]ca]ca]calca
]ca]l ca]ca] ca] ca]ca] calcalcalcalcalcal ! C'"""" B###6%-% YL &? &L &C &n&&&
RO | wl gb] Xni d_Z] ca] cafrca] caV] ca] ca] caV] ca] ca] ca] caV] ca] ca] cal ca
V] caV] ca] ca] ca] ca] caV] ca] caV] ca] ca] ca] ca] ca] ca] ca] ca] ca

)) ) ) F) Swx)anies) arg Pondiricted” {s*detided’ seow! +2+7+p+| ++~wgl f a[ V| wr | gb] Xni d_Z] caV] ca] c
aU] ca]caV]ca UWV]ca]ca UV]cal]ca] caV]ca]ca

UV] caV] ca] cal] ca] ca] cal ca\/] ca] ca\/] cal ca] caV] ca] caV]ca

WV] ca] ca++++++, q, - Y] 55556899z upkf a\ Whi d_Z] ] ca] ca] ca] ca]
ca] ca] ca] caV] ca] ca] ca] ca] ca] ca c’\ai ca ca] c”a] ca] ca] ca] ca] ca] ca] ca] caV]ca] ca
U ca\/] ca] ca W] ca 9k: mintlo= wr]* Sm$’m/ ;<[ <<<==

==*=0z5=0=/ >>>>~xsni d YTzupkf a\Wii d_] ca\/] ca] ca] ca] ca] ca] caV]ca UV] caV]ca
)Y cafca] ca] caV] ca] ca] ca] c*a] ca] caUl ca U] c”al ca] caV]ca] ca UV] calV] c"a

UV] ca] cherrEQ 7112225 0 @iaitEl @ @na @aoaoaad) AAA] Ay A~AAAAA| wr mhb] VWkfal\Wiid JcV]c
ajJ caV] ca] ca] ca] ca] ca] ca] caV] ca] caV] ca] ca] caV] ca] caV] ca] caV]ca] caU] ca] caV] ca
] caV] ca UV]ca] ca] ca] caV] ca] caAAAAABBBBB

B&B8B<BPBZB' BnBBBEBBBRAGCY G €54 a1y rAImia] VKT a\ Whi d_U] caBf.€a UV] caV] ca

UV] ca] ca] ca] c*a] caV] ca] caV] caV] ca] ca] ca] caV] ca] caV] ca] caV] cal] ca] cal] ca] caU
CCCCCcceebb

- ] caV] ca] caV] ca WV] ca6C7C?CACaChbCcCeCnCxCz

D! 5\/] Do Df}]&da@ﬁamei@ﬁ&]zmll bd»nYEU%beé]/] hérsin ]mqv&] ﬁaﬂrﬁsadraa\ﬂxﬂa&ﬁaicﬁl%]\/l c ft/]U] CE]U] c

a call ca]calU] ca] ca]ca]ca caV] ca caV]lcaly ca U cn caV] cal] ca

U] c” a ABCEEEI9EHAnE PR e ey PR SR U OB RAH P AR 89 ‘ézL&‘J]I 1zgfca] ca] ca] caV]

fﬁlf] gm ﬁ@dx%&%&ﬁ@fﬁb%l&@l&ﬁl G V£ *lCAYleaa¢ addk saddl Ga'kca

W] ca] c Qf@naﬁdlbmmqam o UP eI g JompUionbaBRRILS | R AVAAITBOES upkf a\ Wa] c] ca] ¢

f‘/} gg} ga 4}u {c;fag]bf 1&9 chﬁ%%g]gagglafeaclé‘e%ﬁéhﬁ aheradlodl stV aalegVl cal cal ca
15 equipment, or may be emboched in purpose built circuitry or contained in microcode or

the like in an integrated circuit or set of integrated circuits.

The foregoing detailed description of embodiments of the invenrion has been presented by
way of example only, and is not intended to be considered limiting to the invention as

20 defined in the claims appended hereto.



QAL (B Q6 QLR R+R_R~xgke_YTOzu] ca] caV] cal] cal] caV] ca UV]caV] ca

V] ca] cal] ca] caV]ca WV]ca]ca]calU ca UWV]caV]ca W]ca]ca]calca]caV]ca

UV] caV] ca] ca

UV] ca] ca_Rt R~RRRRRRRRRRRRSSSSSSSSSSSSTTTTUU| wr mhc” XS] ca] ca\.ﬂ(p,q,],g@gt%bga] caj
ta] caV]ca WV]caV]ca] cal] caV] ca] caV]ca] ca] ca] caV] caV] cal] ca] caV]|ca] ca

UV] ca] caV] caV] caV] ca] cauUu2Uusuou* ud UhUUUUUUUUWY) V>VBVDVI VZVdV] VI WWWW\W| wgj e
"[ UP] ] caV] ca] ca] ca] ca WV] caV] ca] cal] ca] caV] ca WV] caV]ca] caV] ca] caV] ca

UV] caV] ca] cal] ca] caV] ca] calU] ca] caV] caV] ca] ca] caV] caVVWAWIW W VK W VWA XXX
Yyz[[\\]]]~~ " |wgl fa] VcaV] caVgca] caV] ca] caV] ca] ca] ca] ca] ca] ca] ca] ca] ca]
ca] ca] ca] c*a] ca] ca] ca] ca] ca] ca] caV] cal] ca] caV] caV] ca] caV]ca

' _* 0_Glossar) abbyuadesc eeeeeeeef f #f 7f >f 1 gXg] ggg| vql gb] WeaV] V] ca] ca] ca] ca] ca] ¢
aV] ca] caV] cal caV] ca] caV] ca] caV] ca] ca] ca] ca] c*a] ca] ca] ca] ca] ca] ca] ca] ca] cal]'c
aV]ca] ca] ca ggggggg

hhhhxhcer aj | kK>kKMKRKi knkt kkkkk! 1 91 FI rI {I | w1 ga\ WaV]] ca] caV] ca] caV]ca]ca]c
a] caV] cal] ca] ca] c™a] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] caV] ca] caV] ca] caV]ca] ca]’c
ajJ cal ca nsNl

{11111 i nﬁm&dmm@m@wﬁﬁf@ﬁm}/ﬁﬁm Y£34d)V ) zWPPwiV'3tld] ca] ca] cal caV] ¢
et e e 2 Wcalce bcae
uuuWv[ vvv) woviiR%xx 18 AR5y Yn Y Yy 2w o3 &/ 2 a] ca] caV] ca] caV] ca] caV] ca] caV]
ca] caV] ca] caVfcapu&) c z@ax,aﬁ a] ca] caV] ca] caV] ca] caV] ca] ca] ca] ca] ca] ca] ca] ca]
ca z({k{[{{{{{{]III|Dp}} ~f~~~%>

. 9k| zuoj e_ZU] ca] caV] ca] ca] caV] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca]

cdt d ! BT kE: | V. ~ kf a\
cal cal caleal % 2 E3pELEh caltes] ok CMTCATEAYba] cal cal cav] ool cav] cal ca] ba1 ¢
a] ca] caV] cal g:

(ga!+sg 71 mgt (4 d}X:SIi]'j; 4Z] ] g])ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca]
ca] ca] ca] ca] caj ca] ca?ca] cal ca] ca] ca"f(cél] caf’ca] ca] ca] ca] ca] ca] ca] ca! H*xw ( RFO
{vagkf [ Vnid_Z]]ca] caV]ca] caV]ca] ca] ca] ca] caV]ca] caV] ca] caV] ca] caV]caV]ca]ca
] caV] ca] ca] ca] ca] ca] ca] ca] ca] caV] ca] ca] ca] ca

OK[ ]l aBY"Y 10%&,()- 109 ()-910%&.,()-10%& ()- 10%& ()-! S10% F & ()-I|$dES
1109 ()4, 0B’ Ehriesd0%& (), LOVE (Jn)b@%& () - 109%& ()-97dE

+109& ()-)110%225()-' F109& ()-$10%& ()-f#!'10%& ()-!!109& ()-64 dE7

10%&' () - 6: 10%Z YV MIMLOYE' () -2L YOTRHY -/ GPY&' () -, 10%& ()-f4 BbC
10%& ()- @0%&' ()-S 109& ()-" 109 ()- 10

n=N-1 n=N-1
Gk = Z (x[n]*e j‘m'l/N) wgJ2RnN Gk‘ = E (x(n] =e -,nn/N) wg J2mnkN
n=0 n=0
T, = 1/2(e SRk 12WN G, +e THETVIN Gy {

T, =12 j(em(k'l/‘l)/N G,-e (k120N Gk‘)

Q
i

(Zo*Zg )2 k=0.N/2-1

10 Gy = (Z-Zy )Yy k=0.N/2~1

w(n k) = 222n+1)(2k+ 1)/4N
vk = m(2U+1)/4
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109 ()-f109%& ()-79a?bCl!19%40%& ()-1%0% ()-Y 010%&' ()-.10%& ()-+109%& ()-!
{F(&L0%HE () -yMCl "t 109%0& ()-L10%& ()-M 10 10 0 August 2002
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| 1109\ () -! 1! 109%R& () - @l 1090& ()-s10%& ()-P9aBbCl @ 10%I& ()-!10%& () -
, 1 1090& () -fYL0WT& ()- @FL0%& ()-! $109%&' () -
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third tngonometric function factors; and
v) subtracting the corresponding multiplied addition and subtraction stream

coefficients to generate audio coded frequency domain coefficients.

20 2. A method for coding audio data as claimed in claim 1, wherein the audio coded

frequency domain coefficients comprise modified discrete cosine transform coefficients.

3. A method for coding audio dara as claimed in claim 1 or 2, wherein the first
trigonometric funcuon factor for each audio sample is a function of the audio sample

25 sequence position and the number of samples in the sequence.

4 A method for coding audio data as claimed 1n clatm 3, wherein the respective
second trigonometric function factors for each transform coefficient in the sequence are
respective functions of the transform coefficient sequence position and the number of

30 coefticients in the sequence
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173" 19 O@‘I ( ) A Imet‘.tflogo/fbr coding audio data as claimed in claim 3, wherein step i) comprises
multiplying the input sequence samples x/n/ by the first trigonometric function factor
cos(7n/N) to generate the intermediate sample sequence, where:

x/n] are the input sequence audio samples;

N is the number of input sequence audio samples; and

10 n=0,...NI -
7. A method for coding audic data as claimed in claim 6, wherein step ii) comprises
computing the fast Fourier transform of the intermediate sample sequence so as to generate
said transtform coefficient sequence G, = g, + jg.;» Where:

15 G, is the transform coefficient sequence;

&.r are the real transform coefficient components;
gx; are the imaginary transform coefficient components; and
k= 0,.....(N/2-D).

20 8. A method for coding audio data as claimed in claim 7, wherein step iii) comprises
determining the addition stream coefficients T, and subtraction stream coefficients T, (
according to:

T, = g, cos(n(k+1/2)/N} - g, sin(n(k+1/2)/N)
T, = g, cos(mk+1/2)/N) + g.; sin{m(k+1/2)/N)
25

where T, and 7, are the subtraction stream and addition stream coefficients, respectively.

o. A method for coding audio darta as claimed in claim 8, wherein steps iv) and v)
comprise generating the audio coded frequency domain coefticients X, according to.
X, =T, cos(n(2k+1)/4) - T, sin(m(2k+1)/4)
30 where X, are the audio coded frequency domain coefficients; and

cos(m(2k+1)/4) and sin(m(2k+1)/4) are the third trigonometric function ractors
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combining first and second sequences of digital audio samples from first and

second audio channels into a single complex sample sequence;

determining a Fourier transform coefficient sequence as defined in any preceding

n

claim;

generatng first and second transform coefficient sequences by combining and/or
differencing first and second selected transform coefficieats from said Fourier transform
coefficient sequence; and

for each of the first and second transform coefficient sequences, generating audio
10 coded frequercy domain coefficients as defined in any preceding claim, so as to generate

respecuve sequences of said audio coded frequency domain coefficients for the first and

second audio channets.

11. A method for coding audio dara as claimed in claim 10, wherein the step of

15 generating first and second transform coefficient sequences comprises, for each
corresponding coefficient in the first and second transform coefficient sequences, selecung
first and second transform coefficients from said Fourier transform coefficient sequence,
determining a complex conjugate of said second transform coefficient, combining said first
transform coefficient and said complex conjugate for said first transform coefficient

20 sequence and differencing said first transform coefficient and said complex conjugate for

said second transform coefficient sequence.

12, A method for coding audio data as claimed in claim 10 or 11, wherein the
multiplying step i) compnises multiplying the inpur sequence samples z/n/ by the first
25 wngonometric function factor cos(mn/N) + jsin(mm/N) 10 generate the intermediate sample
sequence, where:
z[n] = x{n] + jyln] is the complex sample sequence,
x[n] is the first sequence of digital audio samples;
y(n] is the second sequence of digital audio samples,

30 N s the number of input sequence audio samples in each sequence;
n=20,..N-/, and
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20

J is the complex constant.

13. A method for coding audio data as claimed in claim 11 or 12, wherein said first
and second transform coefficient sequences are generated according to:

G, =(Z + ZMk—l)/2

G = (2~ T )2
where G, is said first transform coefficient sequence;

G', is said second transform coefficient sequence;

N is the number of input sequence audio samples;

k = 0.....,(N/2-1);

Z, is said first transform coefficient;

Z v, is the complex conjugate of said second transform coefficient; and

j is the complex constant.

14. A method for coding audio data as clauned in any one of claims 10 to 13,
including examining said first and second sequences of digital audio samples to determine

a short or long transform length, and coding the audio samples using a short or long

transform length as determined.

15. A method for coding audio data comprising sequences of digital audio samples
from a plurality of audio channels, comprising determining a transform length for each of
the channels, pairing the channels according to their determined transform length, and
coding the audio samples of first and second channels in each pair, as defined in any one

of claims 10 to 13, according to the determined transform length.

16. A method for coding audio dara as claimed in any preceding claim, including

applying a windowing function in combination with said multiplying step i).

17. A method for coding audio data including the steps of:
obraining at least one input sequence of digital audio samples;

pre-processing the input sequence samples including applying a pre-multiplicaton
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sequence utilising a fast Founer transform: and

post-processing the sequence of transform coefficients including applying first post-
multiplication factors to the real and imaginary coefficient components, differencing and
combinung the post-multiplied real and imaginary components, applying second post-
muluplicauon factors to the difference and combination results, and differencing to obtain
a sequence of modified discrete cosine transform coefficients representing said input

sequence of digital audio samples.

18 A method as claimed in claim 17, wherein the pre-multiplication factor, and first

and second post-multipiication factors are trigonometric function factors.

19. A method as claimed in claim 18, wherein the pre-multiplication factor applied to
each digital audio sample in the input sequence is a trigonometric functon of the audio

sample sequence position and the number of samples in the sequence.

20. A method as claimed in claim 18, wherein the first post-multiplication factors for
each transform coefficient in the sequence are trigonomerric functons of the transform

coefficient sequence position and the number of coefficients in the sequence.

21, A method as claimed in claim 18, wherein the second post-multiplication factor for
each difference or combination result is trigonometric functions of the transform
coefficient sequence position of the coefficients used in the difference or combination.

22, A method as claimed in any one of claims 17 to 21, wherein the pre-processing

operations are performed on each sample in the input sequence individually.

23. A method as claimed in any one of claims 17 to 22, wherein the post-processing

operations are performed on each transform coefticient in the sequence individually.
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second sequences of audio coded frequency domain coefficieats corresponding to the first

P Tovs<& ()-1}

and second audio channels including, for each corresponding frequency domain coefficient
in the first and second sequences, selecting first and second complex transform coefficients
from said sequence of complex transform coefficients, combinung the first complex
15 twansform coefficient and the complex conjugate ot the second complex transform
coefficient for said first channel and differencing the first compiex ransform coefficient
-and the complex conjugare of the second complex transform coefficient for said second

channel, and applying respective post-multplication factors to the combinanon and
difference to obtain said audio coded frequency domain coefficients corresponding to the

20 first and second audio channels.

25. A method as claimed in claim 24, wherein the pre-multiplication factor for each
sample in the complex input sample sequence comprises a complex trigonometric function

of the complex input sample sequence position and the number of samples in the sequence.

(8]
w

26 A method as claimed in claim 24 or 25, wherein the post-processing for each of the

first and second channels includes applying first post-multiplication factors to the real and

imaginary coefficient components, differencing and combining the post-multiplied real and

tmaginary components, applying second post-multiplication factors to the difference and
30 combinauon results, and differencing to obtain a sequence of modified discrete cosine

transform coefticients representing said input sequence of digital audio samples
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0,....,(N/2-1); and
post-processing the sequence of complex transtorm coefficients to obtain first and
second sequences of audio coded frequency domain coefficients corresponding to the first

15 and second audio channels X,, ¥, according to:

= (Z*Zy )2 k=0.Ni2-1

G, = (Z~Zg,. ) k=0..N/2-1

X, = cosy * (g, cos(n(k+1/2)/N)-g, sin(w(k+1/2)/N)
= siny * (g sin((k+1/2)/N)+g, cos(n(k+1/2)/N)

Y, = cosy * (g, cos(n(k+1/2)/N)-g, sin(n(k+1/2)/N)
- siny = (g‘ Sin(n(k+1/2)/N)~g',. cos(n(k=1/2)/N)

where G, 1s a transform coefficient sequence for the first channel;
G’ is a transform coefficient sequence for the second channel;
20 2. and g, are the real and imaginary transform coefficient components of G,,
&', and g, are the real and imaginary transform coefficient components of G'y;
Z .., \s the complex conjugate of Z,,, ,; and
vk)y = m(2k+1)/4.



