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1 Method for Transforming a Digital Signal fromthe

Time Domain into the Frequency Domain and Vice Versa
w@e@s®31Red erence to Rel ated Applications Thi s PCT/SG2004/000121

application clains the benefit of priority of U S

Provi si onal Application no 60/507,210, filed 29

Sept enber 2003, and U.S. Prévisional Application no

7,4 fided. ept: t 0 n fn .

et G o M oar sy 3 BEITE) S90Map  PERHCThE rind pomain
intentuhiee Frclgienadyl Dpmafasaad Wiekhwerskhe fol | ow ng

comonly -owned applications are concurrently f-iled

herewith, and herein incorporated in its entirety:
croLRAIGE 0ePRLf REALRIaAaPRABEDL]EARST Or mation of a

Prgrt=at into the Frequency
ThiBorgpd iaad iv¥incel¥émsatrheAbepefDockét pborPLO04420 . and

"Prqces nd _Devi ce for term ning a.Jransfoypm
PrOREENE I GPPA LGRS ST R RN DT PORo FRhLERonD REPREERS:
200aNd aRRViCe .f er-oThanshanmhpgiackk 8bhahoSkanab7f £00) t heled

Time Domain into the Frequency Domain and vice versa

29 Seortcowsat @00Readhbl eonbentim vLAeagh PotRet hapeby

. P .. Back his ic I OF

incpyAUSE. PRGHOLOUNd,THT 5. BYErLion Lel akes L0y UELOL
into the frequency donmain and vice versa. Domain

transformati ons, .for exanBIe t he iscrfte CpSi ne
Further, the following commohly-owned applications are

concurrently-filed herewith, and herein incorporated in its
entirety:

“Method for Performing a Domain Transformation of a
Digital Signal from the Time Domain into the Frequency Domain
and Vice Versa,” Atty. Docket No. P100442, and

“Process and Device for Determining a Transforming
Element for a Given Transformation Function, Method and
Device for Transforming a Digital Signal from the Time Domain
into the Frequency Domain and vice versa and Computer

Readablée Medium,” Atty. Docket No. P100452.

Background

This invention relates to a method for transforming a digital
signal from the time domain into the frequency domain and

vice versa.

Domain transformations, for example the discrete cosine
transform (DCT), are widely used in modern signal processing
industry. Recently, a variant of the DCT, called integer DCT,
has attracted a lot of research interests because of its

important role in lossless coding applications. The term
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transform (DCT), are widely used in nodern signa
processing i ndustry. Recently, a variant of the DCT,

wa@ 2005081591t eger DCT, has attracted a | ot of reRBEHEGIN04/000121
i nterests because of its inportant role in |ossless
codi ng applications. The tern2 "l ossl ess" neans that
t he decoder can generate anZexact copy of the source

" nal .fromthe encoded bit -stream  The S a
102 BROAE TRaharOentSEERT) FalnEe T ADAE SbP B oCT  CoPY
of GORSisShScenlsy @kl rfﬁ:@@etﬁe theoadtiput tbkeekant the DCT

can conprise non -integer conponents. For conveni ence,
the input block is referred to as input vector and the

The %ﬁﬁ“&sblO%%aasv%ﬂheﬁtbxgg%oErahgfﬁeéeCEQEnc9@p5h§e§nput

nt eger Cor‘rponent S an | nt eger
bldd%ﬂdmn31bm30©mnyaﬁﬁ ttateherBCTtheheuiiptiegbloBDETof the DCT
gener at es an i nt eger out put vector from an i nteger

cany \gomP Tieet FOn-RHLLORE €8 OpRPEFer FPﬁpGPnVEBf-SF‘get h&he

1nﬁu&t%ﬂ%kkpg%p%%f%%gkartefabnﬁﬁﬁﬁf Petreloaghythe output
approxi mates the real output vector of DCT. Thus the

blqcm @gseroum'ﬁtkerepﬂ;oal | Itfhé g@@ﬁom @p@pmé§Sopnﬂ-MelD€¢ger

tr I
conPah /et 16 FeVard B APYEOREVEPEBET 1) FOaRE T hat®

thel MRy %estlsat@@elrnbege@ehayatse BeT mt@@‘a satphat veEtor
the integer DCT generates an outgut vect or from an

£ o 5t %ﬂ&ﬂgﬁﬁ “NPUfke VEREEGer FPECFREaRePEcoVERIERe I RPUT
vect Gt or g@%&eoﬁ%§59fv§eﬂéklBQSlhB%géBtQQ@chEEe&§

sd re erre to as the forward transform and
appnMXﬂmatdsDGﬁeaseaheonapmmaWdCbprlnﬁeﬂ§@ t Thnsf bhf integer

DCT keeps all the good properties of the DCT in spectrum

analysis.

An important property of the integer DCT is reversibility.
Reversibility means that there exists an integer inverse DCT
(IDCT) so that if the integer DCT generates an output vector
y from an input vector x, the integer IDCT can recover the
vector x from the vector y. Sometimes the integer DCT is also
referred to as the forward transform, and the integer IDCT as

the backward or inverse transform.

A transform called integer modified discrete cosine transform
(IntMDCT) is recently proposed and used in the ISO/IEC MPEG-4
audio compression. The IntMDCT can be derived from its
prototype - the modified diéérete cosine transform (MDCT).
The disclosure by H. S. Malvar in “Signal Processing with
Lapped Transforms” Artech House, 1992 provides an efficient
realization of MDCT by cascading a bank of Givens rotations
with a DCT-IV block. It is well known that Givens rotation

can be factorised into three lifting steps for mapping
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A transformcalled integer nodified discrete cosine
transform (Int MDCT) is recently proposed and used in
wo b@sh83Ed EC MPEG - audi o conpressi on. The | nt MZIGHa#N000121
be derived fromits prototype - the nodified discrete
cosi ne transform(l\/DCT) . The disclosure by H. S .
l\/al var in "Signal Processing with Lapped Transforns"
us 1992 piy i des an ef [ t rea on
O by RS54 ng A b ane of ol VERSCRot Bt SRELRIT N 4
Ko1DBGk - H‘Vﬁﬁdﬁdénﬂdiq, “aekli ok gewi nghat sedv ens Thetakiron

can be factorised,into three liftin steps fo
Travrgfisinrgs Afeddris” tern Mgy, N 5%’ A, &Rfer 20P1-
. Sporer, J . Koller, K. Brandenburg, "Audlo Codi ng
based on I nteger Transfor nms" ABS th Convention, New
TheYerfiord/SAheSepial 126@1onThér ehoMOCTt helieal ppathorfdficient
Int MDCT relies qn an effici ﬁg i mpl enent ati on of
fo

imglamepd A tBeR 0¥, ntedger Phda rms can be directly

TntGRRMerhed SfHQmst ke Hor ot ebypey B¥nkeptasl Bdopatheir
G'vens rotation with three lifting steps. Because in

proéautrynasf thyngresvtl@prlmere@chs Géfensountipigoopei &hi 6Arethe
1l SR B8 UIReR 0L R 1LE0RE LLARSLALIL 3ot Bhee

$Y9°6t at’i 6h nu prototy
rodrrcmfgf pr@raﬁ:(irondl sheetethli germrmhgr ﬁutnbalﬁsf)(ﬁr ma (Lﬁbeger
exanpl e the Discrete Fourier Transform ?_1 or th
transdargt dscidinee FRERST SPM EBESTS, TPheththbe nBRT Py e
prdiddld 0%%dﬂ@@yfﬁﬁdEb§ @%Q@EE¥eakrNb€EoMeh%Y§|trﬁﬁ@f@rﬁ%

Is the size of the blocks, i.e. thé anpbunt of data
(fc&ylﬂ?@mhenctlh@d@dslqﬂreééc Foblcdek, Trhasdpghnt 4PFE) gaal ths
di vi de% i nto

Discrete 051ne Transform (DCT)), the number of Givens.
rotations involved is usually at Nlog,N level, where N is

the size of the blocks, i.e. the amount of data symbols
included in each block, the digital signal is divided into.
Accordingly, the total rounding number is also at Nlog,N
level for the fsmily of directly converted integer
transforms. Because of the roundings, an integer transform
only approximates its floating-point prototype. The

approximation error increases with the number of roundings.

Accordingly what is needed are systems and methods for domain

transforming a digital signal in a more efficient manner.

Summary of the Invention

The present invention provides systems and methods for domain
transforming a digital signal, whereby two blocks of input
data are concurrently domain transformed in the same
operation. This configuration reduces the number of
effective rounding operations, and accordingly the

approximation error.
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Accordingly, the total rounding nunber is also at N Qg
N level for the famly of directly converted integer

wo e@nssiseers. Because of the roundings, an int eREr/SG2004/000121
transformonly approximates its floating -point
prototype. The approximation error increases with the
nunber of roundings. Accordfngly what is needed are
systens and net hods for domain transform ng a digital
signal in a nore efficient manner. Summary of the

In bhkeekhbenikBetPoesent LAventien, péOMéﬁESdsyStEH§ andention
met hods for domain transform ng a digital signal,

a nwﬁ@péb¢o¢m@rbn§£p§mépg|ﬁpdﬁgasﬁé an@né%néa?meﬁb?ytlme

nai. r far t e 0 [

domggnf g&%a?ﬁ%n%r ggggyt Sm%gﬂgggaogggéfg%f%%eéﬁ%ﬁ%dlng

tra®pREoabeAsSN andcaQOﬁrdsngkysehEeapprmhenhraoﬂferm@ti¢n
one enbodi nent of the invent

he,
funicf%\}é?ﬁt CORPE 17EFhEd trarstPane 6PPn ﬂ@gglﬁrgF}P%l 5&5@5@%

LAMLhe riise. darai ByhBbest NRiEhEdUENGY 0HH8AI InBHda
V|Ce versa US|n a transformation function is

plupredseént ed. bIbekSBaﬂsﬁbrhéppbncﬁmpéiséﬁgc@n9¥$@@§l@ed

ransformati.on_matr t he o] rises
NUMP&Ta gyﬁga 8a%ﬁ|SHmQP%Sgroﬁggde%#88a9§ ra???y of
t rallsFeksi ngagkobbaekkeoapr taengigipakdeigned byunbee of

the data synbols. The nethod conprises transformn
trangd oFIEERs SAETERE / dW&PF&F“SFB%aFrBQSBHEm%P%n§£ ﬁg

cof?é%?ﬁ%&s febﬁokﬂedﬁéeBﬁBQfﬂbeglﬁl@Bﬁ?£1§9ﬁ56§@@n§§b—

|agona matrix conprising
nmtsummmbrMbeselwhea@hnS@@chaEUbCﬁatﬁP@ESlGGﬁthges t he

transformation matrix and the transforming element comprises
a plurality of lifting stages and wherein each lifting stage
comprises the processing of blocks of the digital signal by

an auxiliary transformation and by a rounding unit.
These and other features of the invention will be better
understood when viewed in light of the drawings and detailed

description of the specific embodiments.

Brief Description of the Drawings

Figure 1 shows the architecture of an audio encoder according

to an embodiment of the invention;

Figure 2 shows the architecture of an audio decoder according
to an embodiment of the invention, which corresponds to the

audio coder shown in figure 1;

Figure 3 shows a flow chart of an embodiment of the method

according to the invention;
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transformati on matrix and the transform ng el enent

conprises a plurality of lifting stages and wherein
we@2wh/08i5p¢ | Ng st age conprises the processi ng oPCHBGkE000121

of the digital signal by an auxiliary transformation

and by a rounding unit. These and other features of

thehlnventlondMAII be betteﬁ under st ood when viewed in
I
radh 0t 3048 9500 08 AIRLALL 87 PRECHLPLATagEotIEng o

theDriamengs ohi gdhagl DErews bléetaéChkbﬁéfdrﬁabioﬁnfaﬂdtIDon,
encoder according to an enbodi nent of the invention;
Figure 2 shows the architecture of an audi o decoder
Fi 6401179 ke adl BBRL 9L hkNeokNYRET LOPerbI Ch
* corresﬁon S F%QﬁﬁgQaudlogcgger sEomn ﬁn ﬁfe 1;
trafisforemal ishoas cariiay ¢bamheoémhndembod|qénthefmehbod

d|n to the | en ion, 5 Figure 4 .

2 OAIE: SE0L i LONEOHEn LORSERECHa: DL BERERdlpg to

t he |nvent|on using DCT - 1V as the transformation

function; Figure 5 illustrates the algorithmfor the
Figuagerés showanEher pachdfeatuseding &0 LneIendBalFERRY oFysStem
aCQH%e t@%d %C%%Eng ehe %E thBY %éﬁglbLLUStfated I n

; ure e arc tecture for an inmage
arch|V|ng systen1accord|ng to an enbodi nent of the
i nvention; gure 7 shows forward and_revers

FiguBendr SPAEoHOFEStbeghan TEYSF Har B ERSTHERT GrilaRteard to

evéﬂﬂ%t%rQB@S%@r?%%hﬁﬁb@n@f”%h@oﬁroﬁéééd|§§s£§ﬁ05h@tmé%hod
of Specific¢ Enbodi nents

Detailed Description of Specific Embodiments

Figure 1 shows the architecture of an audio encoder 100
according to an embodiment of the invention. The audio
encoder 100 comprises a conventional perceptual base layer
coder based on the modified discrete cosine transform (MDCT)
and a lossless enhancement coder based on the integer

modified discrete cosine transform (IntMDCT).

An audio signal 109 which, for instance, is provided by a
microphone 110 and which is digitalized by a analog-to-
digital converter 111 is provided to the audio encoder 100.
The audio signal 109 comprises a plurality of data symbols.
The audio signal 109 is divided into a plurality of blocks,
wherein each block comprises a plurality of data symbols of
the digital signal and each block is transformed by a
modified discrete cosine transform (MDCT) device 101. The
MDCT coefficients are quantized by a quantizer 103 with the
help of a perceptual model 102. The perceptual model controls
the quantizer 103 in such a way that the audible distortions

resulting from the quantization error are low. The quantized
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Figure 1 shows the architecture of an audi o encoder

100 according to an enbodi nent of the invention. The
waeaso3sncoder 100 conprises a conventional pePCEPGLAHE000121

base | ayer coder based on the nodified discrete cosine

transform (MDCT) and a | ossl ess enhancenent coder

based on the integer nDdlfléd dlscrete cosi ne

ansfar.m.(l nt MDCT) .. An 0
MD 'n§¥¥ﬁﬁﬁ§cﬁé?tﬁr86|dggbﬁﬁqg VOS % gyand ﬁeam
encdéirt aloazethiky @ranakes thteooibglsg;abe@aepenhenyla:a;dnea
provided to the audio encoder 100. The audio signa

outrod &difeiirees alglurality of data symbols. The audio
signal 109 is divided into a plurality of bl ocks,
wherei n each bl ock conprises a plurality of data
Thes Wiheitreafn theodegi tak 3ogsaksang eanprbbeek iss input to
t ransf or ned b a_nodified discrete cosine trans
b ( Fhep its

PTQOMSET I SVitEd oty 501 CrnBaRDeT LBUEFT FEFERPS BIG- 4 R

lnp%t % A4RREHEeY %Q%h%tshsht}ﬁ hel ﬁugffmanp@w@ﬁguak rodel
The perceptual nodel controls the quantizer 103

Lengthﬁﬁddhmgwaﬁhehanpnheaaddpbbegdaété@@léﬁsalEQUﬁ?ﬁngntO an
R ey 8hiel BhhaheRErrhMpeTnEgrRILIZRTe. me

equen y enco
quabittlszterd?MDCEﬂ@@@@“fla;@én%I chhmbadueesthbeohbpey of the

perceptual Iy coded output bitstream 112. _The bi ream
quaghdsger 1064 PE§sHESS) ¥OcBRBF&SSesnPt ENFHBGT Fseﬁaaaeats

The? Rl %M}fa@& egéfafllc@wﬁesag%agsdbhﬁtoréﬁeﬁm@eséts
y standard net hods such as Huf f man - Codi ng or

qudﬁnlzeued@@han@odhﬁgoufpetlNpastanddoOS|gﬁafqmegtiged MDCT
coé¥f3c1eﬁ%s nH% Q4 into a rounding unit 107.

The rounding unit rounds to an integer value the supplied
MDCT coefficients, and the residual IntMDCT coefficients,
which are the difference between the integer value MDCT and
the IntMDCT coefficients, are entropy coded by an entropy
coder 108. The entropy encoder, analogous to the bitstream
encoder 104, ldssiessly reduces the average bit-rate of its
input and produces a lossless enhancement bitstream 113. The‘
lossless enhancement bit stream 113 together with the
perceptually coded bitstream 112, carries the necessary
information to reconstruct the input audio signal 109 with

minimal error.

Figure 2 shows the architecture of an audio decoder 200
comprising an embodiment of the invention, which corresponds
to the audio coder 100 shown in figure 1. The perceptually
coded bitstream 207 is supplied to a bitstream decoder 201,
which performs the inverse operations to the operations of

the bitstream encoder 104 of Figure 1, producing a decoded
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I nt MOCT devi ce 105 which produces | nt VMDCT
coefficients. The quantized NMDCT coefficients, which
wa@e@snsisout put of the quantizer 103, are usedPCDSG2004/000121
predict the Int MDCT coefficients. The quantized MDCT
coefficients are fed into an I nverse quantizer 106 and
thef?utput (restored or non’-quantized NDCT
. coefficients) is. f into a roundin
bltﬁgﬁﬁamhgﬁﬁ '%e?gﬂﬁgdb%g e?%t%%e?ug% ue t%@ sup [ed©
qual¥BCIegopbb] ctrat sutgle &hewhesh dyud st st dDIIDCT
coefficients, which are the difference between, the
coefRLEHEntohl 4e METLEPd ERethat NDCTL 2R HPGE| IRFLCE 483 -
nt y d t
e e s S B A
is bbsshﬁssLy reduces the average bit -rate of its input
and produces a | ossl ess enhancenent bitstream 113. The
| ossl ess enhancenent bit stream 113 together with the
TheP86EERLYE! LYnhsRdEHPt tiSi ForRdd 220881 & | @spopIiBed to an
necessary information to reconstruct the i nput audio
entsogmaHeQOQGMA2ﬁ4n1whh©h E¢¥ﬁ@rm$ﬂ@®¢e1QV%ﬁﬁﬁwPR¢ﬁﬁtlons to
architecture n au e 0. oupr
theeﬁBSE?ﬁ%ﬁ?s el%%eﬁ??g gg§§| % %%§r£€ﬁ%% fo t%?d

whiaddpeoendes &ﬁ@ sboyespondigyr eediddhe herleRET ual |y
coded bitstream 207 is supplied to a bitstyream @foder

coefficigREEn BBPf BRRBUE et %r%%"%ﬁ%? ARV 1O ¢t
rouﬂeggaﬁ OQSIBEnBBﬁgb&é§i&§a@©§n€8 Fodiéde Of nid @ik evdiue

pro ng a decoded7 bitstream e decoded bitstream
MDCI'sceeffirédnte. anThavensegerantl zerMDOR co¢ll i gniEs gire

addgglgg %Bgs%gg%guaE:EntMDCT'coefflclents, thus producing
the IntMDCT coefficients. Finally, the inverse IntMDCT is

applied to the IntMDCT coefficients by an inverse IntMDCT
device 206 to produce the reconstructed losslessly coded

audio signal 210.

Figure 3 shows a flow chart 300 of an embodiment of the
method accordfng to the invention using the DCT-IV as a
transformation and using three lifting stages, a first
lifting stage 301, a second lifting stage 302 and a third
lifting stage 303. This method is preferably used in the
IntMDCT device 105 of figure 1 and the inverse IntMDCT device
206 of figure 2 to implement IntMDCT and inverse IntMDCT,
respectively. In Fig.3, x; and x; are first and second blocks
of the digital signal, respectively. z is an intermediate
signal, and y; and y. are output signals corresponding to the

first and second block of the digital signal, respectively.

As explained above, the DCT-IV-algorithm plays an important

role in lossless audio coding.
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coefficients) is supplied to the inverse MDCT device
203. Thus, the reconstructed perceptually coded audio
WG e@aab15209 i s obtai ned. The | ossl ess enhancenkeit/SG2004/000121
bitstream 208 is supplied to an entropy decoder 204,
whi ch perforns the inverse operations to the
operations of the entropy ehcoder 108 of figure 1 and
whi ch produces the correspondi ng residual |nt MDCT
coefficients. The output of the inverse quantizer 202
Thel 8rbfdRdeflabYod Foubticg devike 20b-1v EomshtiCees ntleger
val ue MDCT coefficients. The integer val ue MDCT
traae€bkinaténhsmateiadddd.t dcthediegi toathiat 8MTdiment of
coefficients, thus producing ‘the -1 nt MOCT coefficients.
theFinakhyiohhethaversesfothvDGT ¢berappt | eortespdreds ntd/DCT
coefticienis by an inverse, | nt MDCT devi ce %g6 to h
blogksaiedorAE FeEGHSt PR EUS 1Y SF%%stFﬁO%‘a%@d” Tt gt eac
signal 21 FiLgur : t ~800 of an
oLog ko bAmERrest tPHe Erde S TS M e EE L 67 vent | on
using the DCT- IV as a transformation and using three
lifting stages, a first lifting stage 301, a second
So,| iht tRgsstaged3f@nandthet bramsfofhangosteager303. This
met hod i s preferably used ip the |Int NDCT device 105 aqf
corpgaPBIAnanHoL RBCT hUBRSECTH ML UEV 0o SO0 419 | e
invént@ohMpkenent 1 nt MDCT and inverse | nt MDCT,
respectively. In Fig. , and are first and second
bl ocks of the digital signal, respectively. is an
intggnediate signal, and and y are output signals
cofwesponding to the

Cw

Cy shall in the context of this embodiment be referred to

as the transformation matrix henceforth.

The number of lifting matrices, and hence the number of
lifting stages in the transformation element, in this
embodiment of the invenfion, wherein DCT-IV is the

transformation function, is three.

The DCT-IV of an N-point real input sequence x(rn) is defined

as follows:

y(m) = \/%Nix(n)cos( (m +1/2)J(\;l +1/2)ﬂ) m,n =0,1,---,N -1 (1)

n=0

Let CY be the transformation matrix of DCT-IV, that is



first and second bl ock of the digital signal,

respectively. As explained above, the DCT- V-al gorithm
wW@k@p®3dme | nportant role in | ossless audi o codPemySTGHe4/000121

transformation function of the DCT- 1V conprises the

transformation matrix (tnm) . According to this

enbodi ment of the invention? the transforning el enent

corresponds to a bl ock -diagonal matrix conprising two

cv _é_ig%yh%k%aneéﬁﬁﬂﬁ ock conprises the

=N tr mat i onymat ri x tg) .So, iﬁ this enbodinené%)
the transformation ma ”%%¥Fé££6 ding to the
transform ng el ement according to the invention is: c
(tm shall in the context of this enbodi nent be _
Ther bl bedntoraiathent hahd$ of omtilod hmveixe He¢ltelbredtrix:
The nunber of |lifting matrices, and hence the nunber
of lifting stages in the transformation elenment, in
i s _gnbodi ment of the invention, wherein DCT- |V %%

5 (JLIhé=E£§nsfornation function, is three. The DCT- |V
an -point real input seguence x(n) is defined as
follows: - - , Let C be the transformation matrix of
DCT- LV, -that . {s(2),.\mnG;1,, - owi ng rel ation

In HSF&%CP%?rfh’éthl&lé‘Fggl‘Dé’- R, ﬁ%%?{f‘ir:g% Y- (3] In
particular, the matrix Cis involutory.

With J_c=[x(n)],,_‘o’l’___J,,_1 and X=[y(m)]m_0’1,,,,,N_1, equation (1) can be

10 expressed as

y=Cyx (4)

Now, let x;, X2 be two integer Nx1 column vectors. The

15 column vectors xj, X, correspond to two blocks of the digital
signal which, according to the invention, are transformed by
one transforming element. The DCT-IV transforms of x;, x» are

Yir Yar respectively.

20 y1=(i'_f1_ (5)

¥, =Cy %, (6)

Combining (5) and (6):

M1 C}{’v X
25 = - (7)



Wth x = [*(n)lo,, ,v-... =[y( ) -, i,~ Ni equation
(1) canbe expressed as v - Cx 'A) Now, let be two

WO pa0sgarsIiNxl col utm vectors. The col umm vect or BCT/SG2004/000121
correspond to two bl ocks of the digital signal which,
according to the invention, are transfornmed by one
transforming el ement. The D&- 1V transforns of X x

ar r respectively. .v - C x ( = ining. (
e aborls) BEBIRRY Folrd krite v BAgrksdnapofaty ratPdx{ et
thdlack sréragoral 18michicy bhabrbhagt kansher rhigneleapnt ,
according to the invention, corresponds to. It is
conjiaspiondshé&oscope of the invention if the above
equation is changed by sinple al gebraic nodifications
like the one leading to ZI (8) C Let T be the counter
5 It disagdndlinmahel xcope( 8, theatinven€idn( 2f The ahbvwexedquation
is(gﬂégg%dr%%tggkgﬁg %ﬁg&%&gggsmodifications like the one

leading to

e B

Let T,, be the counter diagonal matrix in (8), that is

Gy

S

10

Cy
Lw=\cw = (9)
15 The matrix T,, can be factorised as follows:
v v
A e
A lorid -Cy Iy I, ISy Iy (10)

where I, is the NxN identity matrix.

20
Equation (10) can be easily verified using the DCT-IV
property in (3). Using (10), Equation (8) can be expressed as
[ e Sl = 11)
vl |-Cxv Iy Iy %IN !

25

The three lifting matrices in equation (11) correspond to the

three lifting stages shown in Fig. 3.
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N- LNr CTILN=~<IVQ@QV' N- C: io) NT NNN

where | is the NxN identity matrix. Equation (10) can
wheoosasishy verified using the DCT- |V propertyPCTISGB)4/000121

Usi ng (10), Equation (8) can be expressed as V zZI C (H

) N The three lifting matrices in equation (11)

correspond to the three |ifing stages shown in Fig. 3

.11 From (11), the following integer DCT - |V

al gorithmthat conputes two integer DCT -1Vs with one

Frdud anghor ARy reheRAhyl SndegkredcTRIgURRgdrikthusthates
the enbodi nent of the nethod according to the .
comprpE@st itol® deitegeDCPCT-IVsagitheonrahsfBFRAFTAGAY element is
defﬂun%fion. Thi s enbodi ment is used in the audi o coder
106" shown i n Fig. 1 for inplenenting IntMDCT. Like in
Figure 3 X and X are two bl ocks of the input digital
signal, .z is an internedjate signal,

. : and a i
PR dopdiiiehg SbPSCRBooP PRSI BaTBUDTSF BRARCCRAY PRPEBCing
to ltHd 1iRGe3tages ukl hysbeated Bsf kAWM 6r4ncebER8POBA ¥@nction.

the three lifting matrices in equation (11) . A's
Thiis| lembloddmeditby sf bgedeia theheutiipecodefr églenbywdoimi Aig.
1 for implementing IntMDCT. Like in Figure 3, X; and X, are
two blocks of the input digital signal, z is an intermediate
signal, and y; and y; are corresponding blocks of the output

signal.

The three lifting stages illustrated in figure 4 correspond

to the three lifting matrices in equation (11).

As illustrated by figure 4, the time to frequency domain

integer transform is determined by the following:

In the first stage 401, x» is transformed by a DCT-IV
transformation 402 and the DCT-IV coefficients are rounded
403. The rounded DCT-IV coefficients are then added to x;
404. Thus, the intermediate signal z is generated. So, the

intermediate signal z fulfils the equation:

z=|C¥x, |+x (12a
z=|CV % |+ 5 )

In the second stage 405, z is transformed by a DCT-IV
transformation 406 and the DCT-IV coefficients are rounded
407. From the rounded DCT-IV coefficients x; is then
subtracted. Thus, the output signal y; is generated. So, the
output signal y; fulfils the equation:
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integer transformis determ ned by the followi ng: In
the first stage 401, X is transfornmed by a DCT - |V

wo eandsdedat i on 402 and the DCT - 1V coeffici emtBSG2084/000121
rounded 403. The rounded DCT - |V coefficients are
then added to X 404. Thus, the internediate signal is
generated. So, the internmediZate signal fulfils the

eqyatjon: (12a) In the second stage 405, is
21=1E§mé}oﬁmed by a DCT - IV transformation 406 and thEt2b)

DCT - |1V coefficients are rounded 407. Fromthe

rounded DCT - |V coefficients X is then subtracted.

Thds +nhe auLput 45b9nal i$ genaral y o hgsrautput
n S|gnap~?ulgi%ggtﬁgbgqgéﬁiOnzlz Int éir ird stage 409,
trans;fotrmandbar ded bydatDETDET+ Wt caasf dehen i ®nadd Oranaded
the DCT - IV coefficients_are rounded 411. The rounded
4115088 FOUBBERT DeTaAlsCaP BT LHERD CHDEF Gct B 17 ORF T o has , £rom
z. TR sOULRYL oS8Rl YGRS aLedis Sandhe Ut B, S dutput
— fulfils the equation: where 1*1 denotes rounding
sigopér aki balfFlgutle quatiisarates the algorithmfor the
reverse transformati on according to an enbodi nment of
t he met hod according to the invention using DCT - 1V
Aas|dh ransformation function. This enbodinment is (12
2 usLdLg%F?he audi o decoder 200 shown in Fig. 2 for (12¢)
i mpl enmenting inverse IntMDCT. The al gorithm
illustrated in figure 5 is the inverse of the

whealegqt | tdendtdsustouatddahgi opkirgiiend . The denot ations
for the

Figure 5 illustrates the algorithm for the reverse
transformation according to an embodiment of the method
according to the invention using DCT-IV as the transformation
function. This embodiment is used in the audio decoder 200
shown in Fig. 2 for implementing inverse IntMDCT. The
algorithm illustrated in figure 5 is the inverse of the
algorithm illustrated in figure 4. The denotations foxr the
different signals yi,.y2, Xi, X2 and z are chosen

corresponding to the denotations of figure 4.

As illustrated by Figure 5, the frequency to time domain

integer transform is determined by the following:

In the first.stage 501, y; is transformed by a DCT-IV
transformation 502 and the DCT-IV coefficients are rounded
503. The rounded DCT-IV coefficients are then added to y»
504. Thus, the intermediate signal z is generated. So, the

intermediate signal z fulfils the equation:

=l l+y (13a)



different signals y , y2, are chosen corresponding to
the denotations of figure . A s illustrated by Figure
WG 200508894 r equency to tinme donain integer tranBEDEGL0$000121

determined by the following: In the first. stage 501,

is transfornmed by a DCT - IV transformation 502 and

the DCT - IV coefficients dre rounded 503. The rounded
DCT - 1V coefficients are then added to 504. Thus, the
intermedi ate signal is generated. So, the internediate

In $henakcanfiukthhs tbe, equati ePansEyrmed 1&}13@)n@r+mthe
second stage 505, i s transformed b y a DCT -
tranpAsmakiani bA65e8daRaet ReTDET coplftebentei %‘Fﬁ sr%leréded

ro d t reyn oetfigbgnts
507, ¥R LBl rolb ARy HErco¥ Bl Phcient ] £PEE] LRLED
subBeacthd. sl].‘gﬁal ﬁ(héubighslthg iequatriearatddn tSve ttner dignal

stage 509, X.is transformed by a DCT - 1V
X2 ??%ﬁ%*%w?ﬁﬁl%ﬁP%ﬁkP%md the DCT - 1V coefficients are
rounded 511. The rounded DCT - IV coefficients are
then subtracted from. Thus, the signal generated. So,
ngkmgs al X fulfils the equation: (13c) It can b €13b)
hat the algorithmaccording t o the equations
(13a) t o (13c) is inverse to the algorlthn1accord|ng

he equati ons élZa) to (12c) Thu e%
In Fﬁ@ Eﬁéééeﬁtéﬁﬁ d8doa¥r %ﬁlﬁﬁﬁqﬁﬁQ£qu1 and 2

trans%g§mgk995'5mﬂsand the DCT-1IV coeff1c1ents are rounded
511. The rounded DCT-IV coefficients are then subtracted from
z. Thus, the signal x; is generated. So, the signal x;

fulfils the equation:

It can be seen that the algorithm according to the equations
(13a) to (13c) is inverse to the algorithm according to the
equations (12a) to (12c). Thus, if used in the encoder and
decoder illustrated in figures 1 and 2, the algorithms

provide a method and an apparatus for lossless audio coding.

In an embodiment of the invention explained below, the method

described above is used for an image archiving system.

The equations (1l2a) to (12c) and (13a) to (13c) furthgr show
that to compute two NxN integer DCT-IVs, three NxN DCT-
IVs, three Nx1 roundings, and three Nx1 additions are
needed. Therefore, for one NxN integer DCT-IV, the average

is:
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provide a method and an apparatus for |ossless audio

coding. In an enbodinent o f the invention expl ai ned
whedosingisbhie nmet hod described above is used forPernSGIRge00121

archiving system The equations (12a) t o (12c) and

(13a) to (13c) further show that to conpute two NxN

integer DCT -1Vs, three NxRBADCT - 1Vs, three NxI

roundi ngs, and three NxI additions are needed.
RCC&%@HéﬁE , for one NxN integer DCT -1V, the averagé1

is:14 RC(N) =1.5N (14) AC(N) 1.5AC(C(tm))+1.5N (15)

where RC{.) is the total rounding nunber, and AC.) is

)
AC(N?QIB?A Cm;m’qgw of arithnetic operations. Conparedibd
the direct converted integer DCT- IV algorithnms, the
proposed i nt eger DCT - IV algorithmreduces R C from

level NQg Nto . As indicated by (15
whepe i RGfret i S c*é%l*’e‘ﬂi‘ly HURKE D U a?ﬂ%dgf (-Bcfts thg
tot @] SO b2 ggg&*:ﬁmé@l@%@mu@w thab et 1f heCT-

gorit wever, if Is al so considered, the

direonby nechcenpédxi hiye §ACHRT) - OF aﬂﬁpqwﬁmmgedﬁé1qmﬁHQﬁﬂd

~does not much_exceed that of the

integeBgRET af §or L 9PRsE EERIUGERIBS J‘gf JEX?%zﬁ"en‘fo N.
conpl exity depends on the DCT- |V algorlthn1used As

shown in figures 4 and 5, the proposed integer DCT- IV

As 2h@oehtbmbs $18p) etlandambicuherid reaiplestiine. oﬂ tthmn
use any exi sti

orobessi T atehl Dok Tl enuted S et il et g

thafOfh@PPbECcat beRst¥haligorithm. However, if RC is also
considered, the combined complexity (AC+RC) of the proposed
algorithm does not much exceed that of the directly converted
integer algorithms. Exact analysis of the algorithm

complexity depends on the DCT-IV algorithm used.

As shown in figures 4 and 5, the proposed integer DCT-IV
algorithm is simple and modular in structure. It can use any
existing DCT-IV algorithms in its DCT-IV computation block.
The proposed.algorithm is suitable for applications that
require IntMDCT, e.g. in the MPEG-4 audio extension 3

reference model O.

Figure 6 shows the architecture of an image archiving system

according to an embodiment of the invention.

In Figure 6 an image source 601, for instance a camera,
provides an analog image signal. The image signal is
processed by a analog-to-digital converter 602 to provide a
corresponding digital image signal. The digital image signal
is losslessly encoded by a lossless image encoder 603 which

includes a transformation from the time domain to the
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require IntVMDCT, e.g. in the MPEG - 4 audi o extension

3 reference nodel O . Figure 6 shows the architecture
w@hooam3ispage archi ving system accordi ng to an PCT/SG2004/000121

enbodi nent of the invention. In Figure 6 an image

source 601, for instance a canera, provides an anal og

inage signal. The inage S|QH% is processed by a

frequpe d%%@%gph&al %%V%R dlggﬁttot$%g¥gﬁg ?apalna e

nal

coﬁﬁd@@ﬂnd&stboi%be%ﬁdtdﬂﬁéﬁéeépbyeaoEOSﬁbeimagﬁagEhe
encoder 603 which includes a transformati on fromthe
losslessdGsied teadiee B3 INedqieneyod6railn. @1 AtPRpge device

60 dgg%%l 1th% %Fg%tﬁqgﬁlBrcgrbgﬁpoﬂﬁéntghghgmage is

nate space 0 he image. The | ossl ess code
needmmget$mgﬂmssu353ﬂqre@ded amsgeraggndévnsefeﬁdheﬂofrom the
anpl e a hard di sk

St SRR ASTaRE 04 PREs ProRa R FhugelbPoharertnede cggoder

609 QPR oanR0¢ cdeVieC8 0884 caBd i RREY¥I dREoHErachasahesh
i mage decoder "605 corresponding to the | ossless image

dec@d@@dé:beﬁa@mme@ﬁl@e@@d@é fipageosspeasd| gndosdedonfhgects
tn N A7 ﬁg@gﬂ%&f%%t i RORE! ghhakaLRg8. ! Ona

ss archiving of
i mage S|gnals is inportant, for exanple, in the case

that the inmages are error maps of sem conducto fers
Suckhd A€ o BEPITINEd Fol "RAEFLARAL SIS LIPREEATE”

ex%ﬂ?i d'qﬁpkh%fc%%% %ﬁﬁ%nEh@n1m5§§seHP@deEBE Rbpther
hod illustrated in figures to 5is used in the
senligegideissor wafers and have to be stored for later

analysis.

In this embodiment of the invention, the embodiment of the
method illustrated in figures 3 to 5 is used in the lossless
image encoder 603 and the lossless image decoder 605. As
explained above, the embodiment of the method illustrated in
figures 3 to 5 provides a transformation which is reversible,
thus in particular providing a method for lossless image

coding.

The method according to the invention is not limited to audio
are image signals. Other digital signals, for example video
signals, can as well be transformed by the method according

to the invention.

In the following, a further embodiment of the method for the
transformation of a digital signal from the t&me domain to
the frequency domain and vice versa according to the

invention is explained.



i mage encoder 603 and the | ossl ess i mage decoder 605.
A s expl ai ned above, the enbodi nent of the nethod

w0 kdosmsrsad ed in figures 3 to 5 provides a PCT/SG2004/000121
transformati on which is reversible, thus in particular
providing a nethod for |ossless image coding. The
met hod according to the indéntion is not linmted to

dio are i.mage si.gnals. O her digi ig s, for
m S RPGAEERE, §RarEe a8t LhPEbE o n RS Rel ¥y
trahREorebRednaceordpny teahbBeoknyenhénsby! théhBlock size N
follow ng, a further enbodinent of the method for the
is peasstotcraeironlsf caedryredimsngnal £ o PAESE| fE two.
domain to the frequency domain and vice versa
according to the invention is explained.1 6 In this
5 LeteOdhgepte ONfx FNE RIRSRIMn Rtentd oF, pchre (daRRi Ralled
transformation is a DCT transform whereby the bl ock
Type-2€ NCT$:some integer. In one enbodiment, Ni s a
power o f two. Let Cb e the NxN transformmatrix o f
DCT (al so called Type - DCT) : -J2/ Nk cos(mn+y2)

IN] (16) md% quﬂ_N[kmlcowz%?r'l/zi)é/ﬁ)]: i7) 1if e

m,n=01---,N-1

10 where:

k = 1/\2 it m=0 (17)
1 if m=0
and N is the transform size. m and n are matrix indices.
15
Let C;,V be the NxN transform matrix of type-IV DCT, as
already defined above:
Cy = 2/N[cos((m+1/2)(n+]/2)7r/N)] (18)
mn=01- N-1
20

As above, a a plurality of lifting matrices will be used,
which lifting matrices are in this embodiment 2N x2N

matrices of the following form:

I, A
25 L2N=[ N N] (19)
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and Nis the transformsize, and n are matri x indices.
Let be the NxN transformmatrix of type-1V DCT, as
wa@bkeosasipoddef i ned above: - [oos(("+V2X +V2>r/ )RPCTHEG2084/000121
--,N | A s above, a a plurality of lifting matrices
will b e used, which lifting matrices are in this
embodi ment 2 x2N matrices &/f the following form1 7
where | is the Njdentity matrix, is the N Qs
wheggt iy x 18] §hgn Max i 1Ry e b 1orVeadfi FPFt ?\Eé Zero
matrix L2JV, a liffing st reversible integer to
matipieg Nrﬁﬁnﬁ?mﬁ#@%?%ﬁﬁYz&gSYHBFﬁéXSane way as the 2x2
lifting step described in the incorporated reference
"Factoring Wavl et Transfornms into Lifting Steps,"”

For 185Pn RePPihg hatrBRUPECHI 8S12pd; VY. sBugtdeaserBeble
Laboratories; Lucent Téchnol ogi es, “1996. The only

intdyblketengfteget habppotgdi H0résl tppd | bl tloe sametway as the
instead of a single variable. In the above description
2x2f 1t Helnd Herere s nidmds 11 tthrad naoresdy tes: Zicted ne®
weoa LiLEtin el | ze r jfLi toF i 0
refit UL ag) B0eranb PP L0 PEL LIS L SO toce
Repbhre,| Tft Dagbeahiésesnd Wl $reebien s coBenl tiweod ol t omi exy.
One sees that  the £§ﬁnsposition of

L [ | s
Lucepft FRGNABLPEXSSt nlPhPs e%%o?rhlexﬁt?lﬁ%f%sr@%if%ﬁwg
rouBHS BNt sCQppESRQNES bOvéctor instead of a single variable.

In the above description of the other embodiments, it was
already detailed how a lifting stage is realized for a
lifting matrix, so the explanation of the lifting stages
corresponding to the lifting matrices will be omitted in the

following.

One sees that the transposition of L,,, L), is also a

lifting matrix.

In this embodiment, the transforming element corresponds to a
matrix, T,, which is defined as a 2Nx2N matrix in the

following way:

v
T, = Cy Oj; (20)
0, Cy

The decomposition of the matrix T,y into lifting matrices

has the following form:

T,, =P3-18-L7-L6-P2-L5-L4-L3-L2-L1-P1 (21)
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matrix, T which is defined as a 2 x2N matrix in the
followng way: VT N - (20) The deconposition of the
woradosioxispeit o 1ifting matrices has the foll ow nRCT/SGIM4/000121
=P3L8 L7 L6 P2 L5 L4 L3 L2 L1 P1 (21)18 The matrices
constituting the right hand side of the above equation
w Il be explained in the fo']ﬁovving. Pl is a first
.at o I i [ye y..t e i QF 2
e F R e et Phdoyn iy pi B CuAL! BFab bEAngnghve
equatdon (23)l Beleapdaiinsdaihixbhdi agbhakwingtrix with
di agonal elenent being 1 and - 1 alternatively: 1 00
0O00-0D=000¢(24) 0O00. 00000-1P2is a

Pl %%P%P%i&%&“%k&%h%ﬁtﬁﬁhrhétr@Q 8§@gglﬁyo£h@héﬁaa£§on

O, D
pl=| " 7 (22)
JN ON
where J, is the NxN counter index matrix given by -
00 01
J 0 0 160 (23)
Yo .00
1 0 00

and D, is a NxN diagonal matrix with diagonal element

being 1 and -1 alternatively:

1 0 00 0
0 -10 0 0

D,={0 0 1 0 0 (24)
0 0 O 0
0000 -1

P2 is a second permutation matrix, an example of which is

generated by the following MATLAB script:

Pd = eye(2*N);
for i = 2:2:N,
Pd(i,i) = 0; Pd(N+i,N+i)

il
o
~e

Pd(i,N+i) = 1; Pd(N+i,i) = 1;

end



generated by the follow ng MATLAB script: Pd =

eye(2*N) ; for i 2:2:N, Pd(i,i) = 0; Pd(N+i, N+ ;
woaos/0dsPg = 1; PA(N+i,i; = 1; endl9 Peo = zerpPS(/26G2p4/000121
for i = 1:N, Peo(i,2*i - 1) = 1; Peo(i+N,2*i) = 1; end
= (Pd*Peo) ; As an exanple, when is 4, P2 is a 8x8

matrix given as 0 0 0 0 o &
%eo 0 Oeloo(%*‘g)p 0 0 for

9 0 5°0°1 D000001000
Fbi-rd perpmation matrix, C
gener at ed b;/ the foI I ow ng MATLAB script: P3 =

zer oBEQthp2¥1
Peo (i+N,2*i) = 1;
5 end
P2 = (Pd*Peo)';

000100000O0O0O
N=A(25) 001000000
10000P3is a

an exanple of which is

As an example, when N is 4,

10

O O O R OO0 O CC
= O O O O O O O
O O O O O O = O
O O O O O = O O
O O = O O O O O

cC o0 o= o oo
- - -E- - -

"c o oc o oc o o R

P3 is a third permutation matrix,

for N=4

P2 is a 8x8 matrix given as

an example of which is

generated by the following MATLAB script:

15

P3 = zeros(2*N);
for i = 1:N,
P3(i,2*i-1) = 1;
20 P3 (N2-i+1,2*1) = 1;

end

As an example, when N is 4,

25

P3 is a 8x8matrix given as



for 1:N, P3(i,2%i 1)
end As an exanple, when N i
wW@Rrwsen3®s20 r 0 0 0 0 0 0 S
O Pfor V=4(26) 0000
0100000100O0O00O0
matrix LI= N (27) ZLN, I,
di agonal nmatrix giye
“tan(3 r/8iV) 0 ZL gz
lifting matrix: L20=

oo w”w Il

. O o
.

OOOOOH%%

—~

P3=

HOOQOOQEQ:P
© oo o oo RS
o~ oo oo o

=E=E=EEEEE

Ll is a first lifting matrix

IN
71,

Oy

L1=[
Iy

|

- T OO0 A~k
D

N N
o

(BNl = =)

P3(N2-i +l , 2*i)

1

P3 is a 8x8matri x

0
0
i

o

OO O O = O O O

N »

0 0 0 0 0 0 PCDSG2004/000121
10000010000
first lifting

a NxN counter
in(n/SN) 0 O -
L2 is a second

-
7]

o

O o o= o o o o

for N=4 (26)

(27)

where Zl, is a NxN counter diagonal matrix given as:

0
0
0
~tan((2N -1)z/8N) 0

0

71,

10 L2 is a second lifting matrix:

0

0 -—tan(37/8N)

0
0

—tan(z/8N)
0
0
0

(28)

(29)

where Z2, is a NxN counter diagonal matrix given as:

15

0
0
0
sin(z/4N )

0
0

72,

0

L3 is a third lifting matrix:

0 sin((2N 1)z /4N)

sin(37/4N) 0

0

0
0
0

(30)
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JV where i s a N counter diagonal matrix given as : 0

0 0 sin((2N- | p/4Nt Z2 - (30) 0sin(3/4iV) 00
weeqophaie 0 0 0 L3 is a third lifting matrix: 2HCT/SGB04/000121

N Z3 where: +1 +Z L (32) L4 i s a fourth lifting

matrix : L4 =r- (33) JV \Nh?:[ei L5 i s afifth lifting

matrix : where: (36) L6 is"a sixth lifting matri x:

(37) \ N where is a counter diagonal matrix given

as:22 0 0 0 tan(ff/8)

I 0
L3=| ¥ 7 (31)
3, 1,
where:
73, =\2CY +1, +Z1, (32)
L4 is a fourth lifting matrix:
-1, Z4
L4=[ v N] (33)
0y Iy
where:
Z4, =CY /\2 (34)
L5 is a fifth lifting matrix:
1 0
L5=| %V ¥ (35)
75, 1,
where:
z5, =-{V2c +1,) - (36)
L6 is a sixth lifting matrix:
I 0]
L6=| ¥ ¥ (37)
76, I,

where Z6, is a NxN counter diagonal matrix given as:
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OOtan( /8) 0 26 (38) 0O 0OOtan( /8 000 L7 is a
seventh lifting matrix: [39) N where Zis a NxN
weowanars9eli agonal nmatrix given as: 0 0 0 O O OPEWSE2004/000121
[40) O - sin( /4) 00 - sin( z;/4) 00 0 L8 is an
eighth lifting matrix: L 851 6 (41) thus, resulting
in the factorization as sho in (42): T =P3 L8 L 7 L6
P2 L5 L4 L 3 L2 L1 P1 (tm) (42; where PI, P2, and P3
are three pernutation matrices. L/, from1l to 8, are
eight lifting matfic@s. The |i0tinganfy8)ices L3, L4
and L5 conprise 4 xili@ary, forpatifon matri x,
which is, inZehi=s cgge, tﬁe t?é@zgfor tign matrix (3g
itself.23 FromEq. (@2), .it isOpossible fo conpute the

integer DCT for |an(z/8) 0 0 0

L7 is a seventh lifting matrix:

I, z7
L7=[ON IN} (39)
N N

where Z7, is a NxN counter diagonal matrix given as:

0 0 0. —sin(z/4)
L7y = g —sin(Zﬂ/4) O g (49)
—sin(z/4) 0 0 0
I8 is an eighth 1ifting matrix:
L8=1L6 (41)
thus, resulting in the factorization as shown in (42) :
T,y =P3-L8-L7-L6-P2-L5-1L4-1.3-L2-L1-P1 (42)

where P1, P2, and P3 are three permutation matrices. Lj, j

from 1 to 8, are eight lifting matrices.

The lifting matrices L3, L4 and L5 comprise an auxiliary
transformation matrix, which is, in this case, the

transformation matrix Cﬁv itself.
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two i nput signals of dinmension JVxl. As Eq. (42)
provides a lifting matrix factorization which
waele®snstses the DCT- |V transformati on domain, PCHSG2004/000121

lifting matrices can be used in the manner shown
herein to conpute the domai n_transformati on of an
applied input signal. The e%ﬁuati on (42) can be derived

' | owi «.Fhe fall aw L .
erdg] A, (24 ong e R B 2UhPALEERP o5l bR B8 cor
two QhfeapulgnRd st g BisenetionFookier and Cosine

Transforns", |EEE Transactions on Acoustics, Speech
and Singal Processing, Vol. ASSP -33, No. Cctober

S O/ N1 W2 (43N 1 tV; Ao Gt o oW -5 WHE 81 Nywh;
As ﬁﬁ'ot(e{2 )t é:ot r'%}%s?f g‘r rrétfil%'{:)%grrgtg}ﬁ?oggt heréf\égcr et ewsﬁﬁg
de ddminsfortineo DAY 2 rafsfozmBtisnadbibliper mbsafliéhing
magggég;(éQnY%% %%egl%npﬁhe(%g%néyl%%gw%oﬁe%e%y %y compute

the domain transformation of an applied input signal.
The equation (42) can be derived in the following Way.

The following decomposition can be derived using the
disclosure from Wang, Zhongde, "On Computing the Discrete
Fourier and Cosine Transforms", IEEE Transactions on
Acoustics, Speech and Singal Processing, Vol. ASSP-33, No.4
October 1985: '

I
SN/ 2

cr-,) @) [" —} T,

r.[Cha P
=(BNy'03) cl Pw Tb

N/2

is known, wherein Sﬁiz denotes the transformation matrix of

the discrete sine transform of type 2,

I
o)

P, is a NxN permutation matrix given by



33cos 4N4AN(N- ) J (N- ) pcos sin 4N4N = (N - )
p (N- ) p- scos 4N4N 3p 3 - sincos 4N 4 p - sm
wWeo®sANs4N and 2 1 - 1 1 11 - 11 1 Equation ¥@BE3GHE#000121
be conbined with the equation CNp p N= R R E [45)
24
% . oow]
cos — sin —
AN 4N
3w . 3m
cOS — sin —
AN . 4N
(N -1)= o (w-1)=
cos sin ————
T = 4N 4N
N C(vn-1)= (N-1)=
-~ sin cOS
AN 4N
. 3= 3n
- sin — 4 Cos —
AN 4N
» n JT:
- sin — cCOs —
4N 4N |
and
5
/2
1 -1
1 1
b o L
RN
1 -1
1 1
I &-
Equation (85) can be combined with the equation
CIV
10 Cy ?RPO'[ v v ]'RPR'PD'PEO (45)
N/2

wherein Pgpo is an even-odd permutation matrix,

R o L[z Tx
2|y ~dwn



2 wherein even-odd permutation matrix, JW2_ *NI 2 *N 2
*NI 225 Rp equals T 2 2 After transposition equation

w@ a@yp/osdmverts to: N=( Y' Y (R ) ilV QI W(HSE2004/000121
V-(p V"Nl 2 ilV - i7V The conbi nation of (43) and
(46) yields: NN/2B1][C 2 V[CCi JV2 VL2v
[Al) PRPRP "N2 - *"

Rpo equals Ty,

PD=
5 After transposition equation (45) converts to-

€ = (B ) (B, R, [C” ]-(nmf

Cy 46)
cr cy
( )T( ) N/2 vzl (R Y
EO J_ C}’V‘;z _ijvl;'z ( PO)
10 The combination of (43) and (46) yields:
Cxl\lrlz 1 [CF cY
=P ‘B, - Tp V.| w2 2 |, . .
& g | ey [ S | e Ty
1[Cy, C¥ 4n
=P,‘R,-P,- N2 A Y I
i \/—{Ci";z ‘Cfv‘;z} C
where
P =(®, )
Pz=(PEo)T'(P) =(PD'PEO)T
15 P, =P,
R, =(RP0)T'TN
R, =B,

from (47), equation (42) can be easily derived.
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where : p =p ) from(47), equation (42) can be easily
derived.2 6 In this enbodi nent, the conputation o f

w0 b@sasrseé n transformati on requires only 4N r oRCBGZP04/000121
operations, as will now b e explained: Let cn(*)b e
t he nunber of real additions, m(*)b e the nunber of
real nmultiplications, and g©j b e the nunber of rea

undi ngs,,.respectjvely. For th | nt DCT
mn 538 PRHRBRE get ¥ erimmens 1O 85 B0F than T o)
traBNf53h€iod Vieq(h rBETIN BN Jherahoyengespbist Bbes f Qs will
two bl ocks o f data sanpl es, because the proposed ‘

now| heDEXPakgbet hm processes them toget her. Thus for one
block o f data sanpl es, the nunbers of cal cul ations
are hal ved, which are (IntDCT)= 5.5Jv+ 1.5 ( CT - iv)

Let M NRCEne rhab¥ oF $6BCEAULtYDn2( | DIECTe %14 Yurber
where OC, J , and y are the nunber o real
of aediit naNsiphtiohetons, r &ad yf(.*gt bpl that hamserantl neaber
o f real roundings, for one block o f sanples,
roundépe6ti vebpeckdve T -Fow the chrepdsed INeDEFR1Iusiddm,
Oneagggggthn1described in

o(IntDCT) =11V +3a(DCT -1V)
p(IntDCT) = 9N +3u(DCT -1V)
y(IntDCT) = 8N

The above results are for two blocks of data samples, because
the proposed IntDCT algorithm processes them together. Thus
for one block of data samples, the numbers of calculations

are halved, which are

o, (IntDCT) = 5.5N +1.5a(DCT -1V)
14 (IntDCT) = 4.5N +1.5u(DCT - 1V)

¥, (IntDCT) = 4N
where @,, M, and y, are the number of real additions, number

of real multiplications, and number of real roundings, for

one block of samples, respectively.

For DCT-IV calculation, the FFT-based algorithm described in
the incorporated reference "Signal Processing with lapped
Transforms," H. S. Malvar, Norwood, MA. Artech House, 1992,

pp. 199-201 can be used, for which

a(DCT -1V)=1.5N1og, N
p(DCT ~1V) = 0.5Nlog, N + N
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the incorporated reference "Signal Processing wth
| apped Transforns,”™ H. S . WMlvar, Norwood, MNA
wa@\eaososishouse, 1992, pp. 199 -201 can b e usedpCT/B62004/000121
which (DCT 1-V) = 1.5V gV (DCT -1V) = 0.5JVI oNg N27
Consequently : (intDCT)= 2.25N ogN + 5.5N (intDCT) =
0.75iViog N +6N In the fol Béwi ng, a further enbodi nent
of the nethod for the transformation of a digital
COH%@@‘%%‘P ¥¥omthe time domain to the frequency domain
and vice versa according to the invention is
explained. In this enbodi nent a discrete fast fourier
transform (%Tkt]DGT)Jé@dSNﬂogZH’é+dcﬁM| n transfornation.
Let be the NXN transformmatri x of the normalized FFT

- j2m 1 ep(l}élnN)@T}FOENiong(h(@ where the transform
size, mand n are matri x indices. Under this
enbodi rrent a pernutation matrix of dinmension NxN

i ngl d for th
In %tl p}yl g %ﬂﬁ%éf‘%n&ﬁﬁjﬁn&{t b Md @lethod for the

th a vector (the matrix
traﬁemmmﬂi@hl@ﬁ mfdi@tetahmmgrsﬂ,lgrﬁic)m thqqé:l(med@fon@fln to
el enents |n t he. vector are chan

ed
the cFHRANHRAY , IPTFER i T 1T e St aacecfcfrnde IﬁthN

invention is explained.

In this embodiment a discrete fast fourier transform (FFT) is

used as the domain transformation.

Let  F be the NxN +transform matrix of the normalized FFT

el

m,n=0,1,---,N—-1 (48)

where N s the transform size. m and n are matrix indices.

Under this embodiment, a permutation matrix P of dimension
NxN is a matrix which includes indices 0 or 1. After
multiplying it with a Nx1 yector (the matrix representation
of the input signal), the order of elements in the vector are

changed.

In this embodiment, lifting matrices are defined as 2N x2N

matrices of the following form:
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matrices of the followwng form28 [P P (49) where and
are two pernutation matrices, is the NXN zero matri x,
w@e@sosEee matri x. For lifting matrix reversi bP@I/SG2004/000121
integer to integer mapping is realized in the same way
as the 2x2 lifting step in the aforenentioned
i ncorporated reference of K8 Daubechies. As above,
however, rounding is applied to a vector instead of a
single variable. Jt iPs zfp arent that the transposition
of L also a lifti grmt[[n Further, let a 2Nx2N
transform matrix: F T°£ F Accordingly, the nodifi%%
transformmatri x (and accordingly the domain
transformation itself) can be expressed as the Iifting
cpori zation

I, T = - 1,
Wherr§ thx enﬁlfﬁﬁ r?h‘f?l&er“ﬁ’htdoaqlfna%?ﬁllpceer%t at® ?’? NRN

zergakg glvgp £5-an arﬂf@*ary NxNpatrix. For lifting
matrix L, reversible integer to integer mapping is realized

in the same way as the 2X2 lifting step in the

aforementioned incorporated reference of I. Daubechies. As

’above, however, rounding is applied to a vector instead of a

single variable. It is apparent that the transposition of

L, L' is also a lifting matrix.

Further, let T be a 2Nx2N transform matrix:

e o

(50)

Accordingly, the modified transform matrix T (and
accordingly the domain transformation itself) can be

expressed as the lifting matrix factorization:

Lo o e o]

where I is the NXN jdentity matrix, and Q is a NxN

permutation matrix given as:

1 0
Q - IxN-1 ]
[O N-1x1 J
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N-U (52)29 and and are row and col umm vectors of

zeros respectively. is the ~ counter index matrix
w@ewsn3tsye J= (53) In Eq. (53) , blank space i nP€TI8G2004/000121

square bracket represents all zeros matrix elenents. A

can b e seen fromEqg. (51) , the lifting matrix

factorization can b e use #£% conpute the integer FFT

for two conpl ex vectors using the nethods a s

descri bed herein. Under this enbodi nent, the

cqrputationoo f the domain transformation reguises
andon|¥B3Nrbunii*hgaspeirari 8Rd, cal 8mpi YECROHE bo Zeros

ex ' . Let: b e the nunber o f real additions, b e
res?ﬁ§£§b§§ i of real nultiplications, and b e the

nunber o f real rounding operations, respectively. For

the proposed Int FET algorithm w e have (I ntFF=T)6JV+3

J (EFDR30 W nb)REV=) Bme(BRTY 7€ hab EFTz) r Bk Vo Then abgve
results are for two blocks o f data sanples, because
the proposed IntFFT al gorithm processes them toget her.
Thus for one bl ock f data ganples, the nunbers o f
cal cul ati ons 1

(53)

In Eg. (53), blank space in the square bracket represents all

zeros matrix elements.

A can be seen from Eg. (51), the lifting matrix factorization

can be use to compute the integer FFT for two Nx1 complex

vectors using the methods as described herein.

Under this embodiment, the computation of the domain
transformation requires only 3N rounding operations, as will

now be explained:

Let:aeo be the number of real additions,
“Gﬁ be the number of real multiplications, and

YG) be the number of real rounding operations,

respectively.

For the proposed IntFFET algorithm, we have

o(IntFFT) = 6N +3a.(FFT)
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thetPopaRPoT

are hal ved, which are (IntFFT)= 3JV +1. 5a(FFT)

(IntFFT) = 3JV where , and are the nunber of real
wW@owsn3enes, nunber o f real multiplications, aPdI/sGIIOEN00121

o f real rounding operations for one block o f

sanpl es, respectively. For FFT calculation, the split

-radi x FFT (SRFFT) al goritBf can be used, for which:

Ct(géF;FFT :Hz log N- 3N +4 A (SRFFT)= JV log N - 3N

+4 BT e YY) we have : C (MFFT)= 4.5JVI 0y JV-
1. 54dV+. 6, AL (MFFT) = LSIVI Qg JV- 4.5JV+ 6 Figure 7
shb tFF%)\:NQNSJI and reverse transform coders used to

assess the transform accuracy of the DCT

transformati on techni que descri bed above and the FFT
Thedabava tesunbstoranti Hor abovéldte tabtddtwaamdles, because

nmeasuri ng the_ nean. squared error (NSE), of .the

%1 TREBEE o? ﬁ%ﬂ%ﬁtw tHr e %%Fa IECthetn} P S tar fdus

forPbRROSESCR ¥rthe MPEGp14s) agsd asuaiid @€ aH INgh Igt8Wms

as described in "Coding of Mwving Pictures and Audi o:

areVpakved anwiibeh Eva¢uation o f Integer MDCT for FGSt o
Los perJ tion Franmework," |1SQ IEC JTC
1/ %@@%ﬁ@%ﬁnam Thai | and, Mar. 2003
i nc € @;ﬁ'n. Specifically, the MSEs for IntDCT
anb‘%'ﬁ%@e—?ﬂ?g erse DCT (IntIDCT) are given as:
7,(IntFFT) =3N

where al, “1, and Y1 are the number of real additions, number
of real multiplications, and number of real rounding

operations for one block of samples, respectively.

For FFT calculation, the split-radix FFT (SRFFT) algorithm
can be used, for which:

a(SRFFT)=3Nlog, N -3N +4

U(SRFFT)=Nlog, N -3N +4

Consequently, we have:

o, (IntFFT) = 4.5N log, N -1.5N +6
1, (IntFFT)=1.5N log, N -4.5N +6

Figure 7 shows forward and reverse transform coders used to
assess the transform accuracy of the DCT transformation
technique described above and the FFT domain transformation
above. The test involved measuring the mean squared error
(MSE) of the transform in accordance with the evaluation
standards proposed by the MPEG-4 lossless audio coding group
as described in "Coding of Moving Pictures and Audio: Work

plan for Evaluation of Integer MDCT for FGS to Lossless



K- 1JVJ- o 54) where the error signal is for |ntDCT,
and for IntIDCT as in Fig 1. is the total nunber of

W@ a09poz15hé ocks used in the eval uation. The NMSERCT/862004/000121
Int FFT and integer inverse FFT (IntlFFT) are given as
| KK-- NNIly y-- (55) where the error signal is for
IntFFT, and " for IntIFFT & in Fig 1. represents norm

ExoRE4eRRELhe chLrUREPBR:  FhTOBtRN B C 2oTne F1 A8ETs

PatEE? Sf@ﬁﬁﬁlé@@ﬁ M@rt02@@30iné&£béﬂ%@&ﬂﬂ$h@téhn15
ferent types of nusic files are used in the 48
kHz/ 16 - bit test set. Table | shows the test results.

A.
SpeFﬁggggl?ghsggﬁd&ggngg o?%?%e preseﬁ%Q?%€:%§§%¢?%zyhT

5 (InYQDyTM1BtaH©1vandaﬂnl|ke conventional systens, is
substantial ly i ndependent of the processing bl ock
size. Referring to the DCT- IV domai n32
transformati on, the MSE onI htly i ncreases w.th
i ncreasi ng block S|ze_MBE& %%e its. The MSEs of
the FFT are even better, exﬁl g a constant MSE ps4)
0.4 for block sizes up to 4096 bits. Wen the
denonstrated performance of the present invention is
viewed in light of the present capabilities and

i ncreasing need for |onger, bl ock sizes, the ,
where the error signal € is / for IntDCT, and * for IntIDCT

10 as in Fig 1. K is the total number of sample blocks used in

the evaluation.

The MSEs for IntFFT and integer inverse FFT (IntIFFT) are
given as

15

MSE = 2 S

=0 uo (55)

where the error signal € is € for IntFET, and € for IntIFFT

k|
as in Fig 1. ”" represents norm of a complex value. K is the

20 total number of sample blocks used in the evaluation.

For both domain transformations, a total of 450 seconds with
15 different types of music files are used in the 48 kHz /16—~
bit test set. Table I shows the test results.

25
As - can be seen from Table 1, the MSE generated using the
systems and methods of the present invention is very minimal,
and unlike conventional systems, is substantially independent

of the processing block size. Referring to the DCT-IV domain
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15

advant ages of the present invention becone clear. N

IntDCT - V IntIDCT - V IntFFT IntlFFT 8 0.537 0.537
wW@20056319871 1 6 0.546 0.546 0.480 0.412 32 0.BAPSG2084/800121

0.461 0.391 64 0.550 0.550 0.4 62 0.393 128 0.551

0.551 0.461 0.391 256 0.552 0.552 0.461 0.391 512

0.552 0.552 0.461 0.391 1024 0.552 0.552 0.460 0.391

rare BUTAG 305 ACH SO o T atentaa SPS t o1 G ng

inc SOCUTRNTSL e e dae aroe ed dey. r afer eisEs off the FET
. Malvar, "Signal Processing with Lapped Tr ansf orn% K
are fptercbHideso, SFIGRIRNY GeigAStant roefr loc

. _Rol | er ﬂd}tn%gl%r £
s1ze5 QM st réso%re’i%g‘ Converﬁt%?{oen % Yor k 5@} Sept . ©°
the seMNichveforgdel s "Areweahpot I]l’lggl’tth@fDltshﬂ @mesent

ouri er and Cosine Tr ansfor E Transact,i ons an
capalpblisi e a%%%@ ﬁ%i@ h\%/ Ck RdgsS, the

adv%@%\%ens & rell8ns :aner%l&?%di‘ﬁneaﬁﬂe\é/r

"Factorl ng wavel et transforns into lifting
st eps” Tech. Report, Bell

N IntDCT-IV|IntIDCT-IV| IntFFT IntIFET
8 0.537 0.537 0.456 0.371
16 0.546 0.546 0.480 0.412
32 0.549 0.548 0.461 0.391
64 0.550 0.550 0.462 0.393
128 0.551 0.551 0.461 0.391
256 0.552 0.552 0.461 0.391
512 0.552 0.552 0.461 0.391
1024 0.552 0.552 0.460 0.391
2048 0.552 0.552 0.461 0.391
4096 0.553 0.552 0.461 0.391

Table I
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Laboratories, Lucent Technol ogies, 1996; S .
Oraintara, Y. J . Chen and T . Q. Nguyen, "Integer
wo awb/05696 i er transforn, | EEE Trans. Signal PCT/SG2004/000121
Processing, vol. 50, no. 3, Mar. 2002, pp. 607 -618; P
. Hao and . Shi, "Matrix factorizations for reversible
Lgteger mappi ng, " | EEE Tr aRs. Si gnal Processing, vol.
001, pp. 2314 -2324; . Plonka and M
Incorﬁg;QLQ&OReﬁb;§Q¢@$e i nt eger DCT al gorithns", Appl
The COBPUSW i g ABRUmANES . a 16 Hdre 88, iR FoMated hy Zenfiprdnce:
Cheng, G. A. Bi, and Alex C. Kot, "Integer DCTs
and fast algorithnms", |IEEE Trans. Signal Processing,

goh: ug %éé?%?lﬂxﬁ$ahaf0%&%ﬁgﬂzIﬁ%ﬁ?ﬁgﬁsforﬁ%i#%%%ﬁgformsn

Artéahegﬁﬁ3etol9%@egers |n Proc Int Conf. Acoustics,
Speec and Si gnal Proces vol“ .
el%q]g, SZSpQJE%Ja,I dxpl ur&e)esr,l%él Audio

Codé%g'ﬂasg@rgnpi é§8£ ﬁ?ﬁ%é@@tﬁgYCﬁE$rﬂEﬁ@rcbﬁﬁgnf@bn, New
to Lossl ess erimentati on Franework", 1SQ | EC
YorkTCUiASCSQgtVI?QQ1A5578 Pattaya Thalland Mar .

2003. 34 is CL Qg% e

tr ﬁ%?br%%%ﬁga ﬁlgllg%%#é ron1 e tﬂ%% foEser and
cOsﬁHEOTtaﬁsfdsmyencygﬂmmmm@tMm ozrerzscaamarcgs,a Speech

transfornmation function co sf.0
anduieanal PRECTar ¥ponaionbrt Sl G DR
Whip Chp 2l G PUPESH & N 0 Sedl dirdd | 1Y ft dY 100K Svaveach:

bl ock conprising a
transforms into lifting steps”, Tech. Report, Bell

Laboratories, Lucent Technologies, 1996;

S. Oraintara, Y. J. Chen and T. Q. Nguyen, “Integer fast
Fourier transform”, IEEE Trans. Signal Processing, vol. 50,
no. 3, Mar. 2002, pp. 607-618;

P. Hao and Q. Shi, “Matrix factorizations for reversible
integer mapping,” IEEE Trans. Signal Processing, vol. 49, no.
10, Oct. 2001, pp. 2314-2324;

G. Plonka and M. Tasche, “Invertible integer DCT
algorithms”, Appl. Comput. Harmon. Anal. 15:70-88, 2003;

Y. H. Zeng, L.Z. Cheng, G. A. Bi, and Alex C. Kot,
“Integer DCTs and fast algorithms”, IEEE Trans. Signal
Processing, vol. 49, no. 11, Nov. 2001, pp. 2774-2782;

J. Wang, J. Sun and S. Yu, “1-D and 2-D transforms from
integers to integers”, in Proc. Int. Conf. Acoustics, Speech
and Signal Processing, Hong Kong, 2003, vol. II, pp- 549-552;

“Coding of Moving Pictures and Audio: Work plan for
Evaluation of Integer MDCT for FGS to Lossless
Experimentation Framework”, ISO/IEC JTC 1/8C 29/WG 11 N5578,
Pattaya, Thailand, Mar. 2003.
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predefined nunber of the data synbols, the nethod
conprising: transformng two bl ocks of the digital

W@ e@aabishy one transform ng el enent, wherein tPEI/SG2004/000121
transform ng el ement corresponds to a bl ock -diagona
matri x conprising two submatrices, wherein each
sub-matrix conprises the t Pdnsformation matrix and the

Wha ransggggigg gggnent conprises a plurality of lifting
———é%éées—aﬁg—mhefeln each lifting stage conprises the
processi ng of blocks of the digital signal by an

auxiliary transformation and by a roundjng unit. 2 . .
1. Thd methed éerctlaawﬁc?r%%ge@rg%%ﬂetﬂ ahed e et TOm the time

domEEHCHFQB Lfeds ﬁehcgragﬁ Of Bt i ops dangdion, OG5 4V
transtormation nction, T- | transformation
trahsfiotrmahiobFFuict i ans€ompai ¢ bng f ainctdoafoDS&Itidon matrix,

tr tion function, DST- IVt f L
chej GRLFah, SBAFEL| COPRROPOPARIT b TUHRT] D BFCbATE® | §Fouped

intbr@aﬁﬁgkﬁﬁﬁf9nofuﬁ§b£99; Sach Theodet bebef stha@ian 1 or
2, wherein each lifting stage corresponds to a lifting
pregeifingd nhebernofhehei datagswaleels, jghe method comprising:

bl ock-trian ' onpr.i.si ng: sub- i
i ERSpREO RO hu bl e QTP ke 1 1 M Tof e
trasdigeiihgeslenente dhagebal thandrawd fotrieng element

transfornmation matri x,and a. zero as the ot her two of

COrgREPLABSTRPr  cBSOFH~HhRIBE Prbr MaF By raf e FL0g THEe sub-

mat#8Lhed Qheebahm3cnWogheharthe tonsriddd echat eger
matrices in each lifting matrix are identity matrices
trapsfnegative ndbnikt gndathecesansforming element comprises

a plurality of lifting stages and wherein each lifting stage
comprises the processing of blocks of the digital signal by

an auxiliary transformation and by a rounding unit.

2. The method of claim 1, wherein the'transformation
function is a DCT-I transformation function, DCT-IV
transformation function, DFT-I transformation function, DFT-
IV transformation function, DST-I transformation function,
DST-IV transformation function, DWT-I transformation function

or DWT-IV transformation function.

3. The method of claim 1 or 2, wherein each lifting stage
corresponds to a lifting matrix, wherein the lifting matrix
is a block-triangular matrix comprising four sub-matrices
with two invertible integer matrices as two of the sub-
matrices in one diagonal, and with the transformation matrix
and a zero as the other two of the sub-matrices in the other

diagonal.
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5 . The nethod of any one of clains 1 to 4, wherein

the transform ng el enent conprises three lifting
wer@gesss6. The nethod of any one of clainms 1 PEI/3G2004/000121

wherein an audio signal or a video signal is used as

the digital signal. 7 . A device for transformng a

digital signal fromthe ti¥e domain into the frequency
domai n and vi ce ver,sa_usi

_ a.transf ' unct i
b i PShGh o SHGRD: da: PO RACT RC CRLCKoPLa Tarcdar
matri 11 RO Fata fYHOks 36t Beiengddnvidgdmantdcas or
p uraL!ty of bl ocks,” each bl ock conprising a
negdiriedefideed ifyntrert rgfcetshe data synbol s, the device
conprising: a transformation unit for transform ng two
bl ocks of the digital signal by one transformng

5. el@enetneeid Rnlyhenkr afstoadinsg leltengnt wbereéspbhds
to a bl ock-diagonal matrix conpri

: i,ng.two
trasufeImiTd ELnSie CEIPTEEST $O5-65 3&&%&8%3 Fir888 St he
transformati on matrix and the transform ng el enent

conprises a plurality of lifting stages. 8. The device
6. ofTid aigthhd wWiereiyn driee offr @lsfowndt iten Sunivheg6ipr pgegudio

auxiliary transformati.on units for e i fiti t,age
signat P ctebstsy T DI ok’ ﬁ?eoc&egi%{i Iltgilgr?g%.n%gl.'g
The devi ce pf one of the clains 7 or 8, wherein the
transformation unit conprises Loundin%,uni s for ch, .
S%Faﬁlme

7. | iRtdenicn g frornsieeassing (HE B Pde ks 988 1t & 8
A e e
t ran®obFheeh sh sturetiel arosiamp tirsineSf or hkasfeoaTeddsite ata iz,
the digital signal comprising data symbols and being divided
into a plurality of blocks, each block comprising a
predefined number of the data symbols, the device comprising:
a transformation unit for transforming two blocks of the
digital signal by one transforming element, wherein the
transforming element corresponds to a block-diagonal matrix
comprising two sub-matrices, wherein each sub-block comprises

the transformation matrix and the transforming element

comprises a plurality of lifting stages.

8. The device of claim 7, wherein the transformation unit
comprises auxiliary transformation units for each lifting

stage for processing the blocks of the digital signal.

9. The device of one of the claims 7 or 8, wherein the
transformation unit comprises rounding units for each lifting

stage for processing the blocks of the digital signal.

10. The device of any one of the claims 7-9, wherein the

transformation unit comprises:
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receive the a plurality of data blocks and configured
to domain transform each data bl ock into MDCT
weo@thsshent s; a quantizer coupled to recei ve BEBGZNN4/000121

the MDCT coefficients, the quantizer operable to

produce, in response, quantized MXCT coefficients; a

bit st re?;n. encoder coupl ecPlo receive the guanti zed

MDCT coef.fi.ci.ents h Lt .S dysiN8e &

ré’sﬁ‘&%& ted dErEEs %aﬁ?&ghégdg%gﬁﬂcgg@r ean an averse C
recd4@ntdzen poupkedtioofedeaiceebibekgquanti gedfMpared to

coefficients, the inverse quantizer erable.to
domamésﬁ@w@s¢Wémwse¢hcééﬁﬁiE#@ﬁ#slPEOaHDﬁ n9aﬁ£§%F%%8ts’
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a rounding unit coupled to receive the restored MDCT
coefficients and operable to produce integer value MDCT

coefficients.

11. The device of claim 10, wherein the transformation unit
further comprises:

an inverse modified discrete cosine transform device
coupled to receive the data blocks and operable to produce,
in response, IntMDCT coefficients;

means for computing the difference between respective
TntMDCT coefficients and integer value MDCT coefficients to
produce respective residual MDCT coefficients; and

an entropy coder coupled to receive the residual MDCT
coefficients and operable to generate, in response, a

lossless enhancement bitstream.

12. The device of claim 11, wherein the transformation unit
further comprises:

a bitstream decoder coupled to receive the perceptually
coded bitstream and operable to output, in response, a

decoded bitstream;
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12. The device of claim 11, wherein the transformation
unit further conprises: a bitstream decoder coupled to
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i nverse quantizer coupled to receive the decoded
bitstream and to produce, $h response, restored NMDCT
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13. The device of claim 12, wherein the transformation unit
comprises: )
an entropy decoder coupled to receive the lossless bit
stream and operable to generate, in response, residual
IntMDCT coefficients;
means for adding the residual IntMDCT coefficients to
the‘integer value MDCT coefficients to produce IntMDCT
coefficients; and
an inverse IntMDCT device coupled to receive the
summation of the integer value MDCT coefficients and the
IntMDCT coefficients to produce a reconstructed copy of the ’

losslessly coded audio signal.

14. A computer readable medium having a program recorded
thereon, wherein the program is adapted to make a computer
perform a method for transforming a digital signal from the
time domain into the frequency domain and vice versa using a
transformation function comprising a transformation matrix,
the digital signal comprising data symbols and being divided
into a plurality of blocks, each block comprising a
predefined number of the data symbols, the computer readable

medium comprising:
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