1 Met hod for Transforming a Digital Signal fromthe Tinme Donain
into the Frequency Domain and Vice Versa Cross Reference to Rel ated
Applications 5 This application clainms the benefit of priority of
U.S. Provisional Application no 60/507,210, filed 29 Septenber
2003, and U.S. Provisional Application no 60/507,440, filed 29

Sept enber 2003, the contents of each being hereby incorporated by
reference in its entirety for all putposes. 10 - Further, the
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Further, the following commonly-owned applications are
concurrently-filed herewith, and herein incorporated in its
entirety:
"*Method for Performing a-Domdin Transformation of a
15. Digital Signal from the Time Domain into the Freguency 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
20 into the Frequency Domain and vice versa and Computer
Readable Medium,” Atty. Docket No. PL00452.

Background .
This invention relates to a method for transforming a digital -

25 signal from the time domain into the frequency domain and

vice versa.

Domain transformations, for examplé the discrete cosine
transform (DCT), are widely used in modern signal processing

30 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



has attracted a |ot of research interests because of its inportant
role in | ossless coding applications. The term2 "|ossless" neans
that the decoder can generate an exact copy of the source signal
fromthe encoded bit-stream The DCT is a real-val ued bl ock
transform Even if the input 5 block consists only of integers, the
out put bl ock of the DCT can conprise non-integer conponents. For
conveni ence,. the input block is referred to as input vector and the
out put bl ock as output vector. If a vector conprises only integer
conponentlossiesps neansethah that derdarecsr gereraionfPad¥aqto CPBYL he
DCT, the,} nie0eh, T GENeT 38h & | AHRGRL B¥EPutrugCtor  froman
i nteger 1 nput vector. For the sanme integer iInput vector, the integer
out put vector of integer DCT closely approxinmtes the real output
vector o, u | 0t | 1 e : go. I rties of
- 1 |1 gdde 1 80Ptk &
t he DCT ?%%geggr%rﬁegg g%a‘%%%s?%%%%%?fgnﬁ perr}lof)'erty of "t he
i Nt eger BISEK sonevsrssioblyiafy int&essy,sitihel ptippwieddockhaf thebE€Texi sts
an integer_ inverse DCT .(l | f e_i ener at es
e e R e o
recover ijdmt beotbiix rkfertddhéovactiopur vBotret iarels thheowlpuwdger DCT is
also referred to as.the forward_transfor and t Wy er 1 DCT as
the backWed< 6F PRRMs&SErUistorin Yok tc?’gﬁﬁ%ersmgga 'I ‘Ié%g{?treger
modi f i ededippeeate, cosiisecillads borntedext MBEEPri iy eorhtdst pocoposed
and ed.in the ] SO.EC MPEG. 4 audi.0o conpression. Th IntI¥D§I can be
derigid WeorRC&fshb‘?df’ F?%Ié%-%Tt REHothSS &8 af“g%?ee é’ucggF ne t1ansfor m
(MDCT.) .from an integer input vector. For the same integer input

vector, the integer output vector of integer DCT closely
approximates the real output vector of DCT. Thus the integer
DCT keeps all the good properties of the DCT in spectrum

15 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
20 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.

25 A transform called integer modified discrete cosine transform
{IntMDCT) is'recently proposed and used in the IS0O/IEC MPEG-4
audio compression. The IntMDCT can be derived from its
prototype — the modified diééréte cosine transform (MDCT).
The disclosure by H. 8. Malvar in “Signal Processing with

30 Lapped Transformsh 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



The disclosure by H S. Malvar in "Signal Processing with 30 Lapped
Transforns” Artech House, 1992 provides an efficient realization of
MDCT by cascadi ng .a bank of Gvens rotations wth a DCT-1V block. It
is well known that G vens rotation can be factorised into three
lifting steps for mapping 3 integers to integers. See e.g., R
Geiger, T. Sporer, J. Koller, K Brandenburg, "Audio Codi ng based on
I nteger Transfornms" AES 111th Conve#dtion, New York, USA, Sept. 2001.

5 Therefor; aljzatiqn o t reli.es_on_,an, efficient
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with thre lifting ps,.:Because jn each Lifti step there_is one
10 roundi %ﬁa%speorrg'tsi o%%‘stﬁel tt;%%ﬁye?qﬁ?ﬁdi Swn%cﬁ'ﬁ‘ér ng, a EE)}gi”'-th 28@?

transformis three times the G vens rotation nunber of the prototype
transform_ For_discrete tri?gﬁprretri% transforns (for exanple the

Di screPe EBTFTEr-eTr SRR A EBERR O6r IPHIPCHXEL 8% CTo5s RECFFERRE or m

(DCT)), thepramderntobn @VaASeqdkd Deot-atj ons invol ved is usually at-
Nlog2N | evel , -where N is the size of the blocks, i.e. the amount of

dat a synbolEeIshFRURtP ™S S8R P IbERCEIhEIVErERR S¥h&beis di vi ded

into. AcgesebitigheX, by hediabahg IRUAdENEeAd MRELESn 3F 5% dhryBAOgN | evel
for the famly of directly converted integer 20 transfornms. Because

of the robhtiiys Staps i esgase timaferBrHitiomay shpprigamiesones
float 100- pOwIHinRr BbFR®n, TEE: RRANL OXSURRIN nBREOF dNGheasesgth th
nunber of roundings. _ Accordi ngl)r/1 what i s needed are systens and :
met hods f bFaiffPafnis three times the Givens rotation number of the
prototype transform. For discrete trigonometric transforms
{for example the Discrete Fourier Transform (DET) or the
Discrete Cosine Transform (DCT)}), the number of Givens.
15 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 fémily of directly converted integer .
20 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

25 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

30 data are concurrently domain transformed in the same
operation. This configuration reduces the number of
effective rounding operations, and accordingly the

“approximation error.



25 transformng a digital signal in a nore efficient manner. Summary
of the Invention The present invention provides systens and net hods
for domain transformng a digital signal, whereby two bl ocks of

i nput 30 data are concurrently donmain transforned in the sane
operation. This configuration reduces the nunber of effective
roundi ng operations, and accordingly the approximation error. 4 1In
one enbodi nent of the invention, aagmethod of the invention a nethod
for transformng a digital signal fromthe time domain into the
frequency domain and vice versa using a 5 transformation function is

present g ol0Ci-ARLAl T LAD 1 JHAELLAN £ HROLAT: dnk! MR | on
mat rix, € digital sfgnal conprises data synbol's i Ch are grouped
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t he i nvemdben o hebeahelshapol. umter séadh Whaprideasved in |ight of
the draw ngs and detall qd .dese R 190: O (R8,3P8G) Tdng embodi ments.
transforming element, wherein the transforming element
corresponds to a block-diagonal matrix comprising two sub-
matrices, wherein each sub-matrices comprises the
traﬁsforﬁaﬁion matrix and the transforming element comprises
15 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
20 understood when viewed in light of the drawings and detailed

description of the specific embodiments.

Brief Description of the Drawings

Figure I shows the architecture of an audio encoder according

25 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;

30
Figure 3 shows a flow chart of an embodiment of the method

according to the invention;



Brief Description of the Drawings Figure I shows the architecture of
an audi o encoder according 25 to an enbodi nent of the invention;
Figure 2 shows the architecture of an audi o' decoder according to an
enbodi nent of the invention, which corresponds to the audio coder
shown in figure 1; 30 Figure 3 shows a flow chart of an enbodi nent of
the nethod according to the inventign; 5 Figure 4 illustrates an
enbodi nent of the nethod according to the invention using DCT-1V as
t he transfigurat ¢ ohllfushcsten;an Enbodinenii bFushe atethotihecad@anigt b f or
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shows the architecture for an i mage archiving system according to an

enmbodi nent, .of _the invention; 10 Figure 7 _sho forward and reverse
t ransf or 1@8&&% e85 f%tese\yﬁ‘leuﬁf%gﬁl‘rémpé??o FEEEFSt he proposed

syst erd arcrapefdathtiohesaddetd ngessriny icaBo@indReoiff the Biedyment s 15
chitecture of__an audio encqoder 100 according to

Figure 1 shomg,th%ﬁgg [ )

an enbodiAFERFAHIS (e HPhERERGAOR T ustrdpbed et dd@RT2 08 conpri ses a
conventional perceptual base |ayer coder based on the nodified

di screte gosine transform (MDCT) and a |oss|ess enhancenent coder
based on FEAETE R PES S eredchi ERCh=Sc £oFeaR djage BFERETINgSYSRRVDCT) .

An audi 0 a%ic8Pdingl @8 WRi &fbodfiRbnt NSt 3ARELinkénidloaVvi ded by a
10 )
Figure 7 shows forward and reverse transform coders used to

evaluate the performance of the proposed system and method.

Detailed Description of Specific Ewbodiments

15 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

20 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 audioc encoder 100. -
25 The andio signal 109 comprises a plu;ality of data symbols.
The audio signal 109 is divided dinto 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
30  MDCT coefficients are quantized by a quantizer 103 with the
help of a perceptual model 102. The perceptual model controls
the guantizer 103 in such a way that the audible distortions

resulting from the quantization error are low. The guantized



m crophone 110 and which is digitalized by a anal og-to- digital
converter 111 is provided to the audi o encoder 100. 25 The audio
signal 109 conprises a plurality of data synmbols. The audi o signa
109 is divided into a plurality of blocks, wherein each bl ock
conprises a plurality of data synbols of the digital signal and each
bl ock is transformed by a nodified discrete cosine transform (MDCT)
_device 101. The 30 MDCT coefficiénts are quantized by a quanti zer

103 wit er I d . v h al nodel
cont 101D BpetE el s RaRCL SR B TR IEncdite YR PEEEEN
di st or téargwslerr B&UIvhiing drodoceh eclgudosby apemmepenabdly arcgledow. The

quanti zed 6 ngl coeffi.cients are subsequently encoded by a
bitstréﬁ%@ugn%% §F3T64£V%ich produces the | ossy perceptually coded

out put bitstream 112. 5 The bitstream encoder 104 | osslessly

co esses. iLis, input to e an out put which has a | ower average
oot ool Rk SR brodierhy 08 el S ni ennt2sien B apRiere Godl g
or Run-pdoatagé harCeditp@: wHiehi Bpsita duded St BRO-iscaakienfegkinto an
| nt MDCT, devi ce 105 whi ch rgduce | nt MDCT coefficients. The 10

quant i ZEPUORN %@&FPF‘H“?FFBQ, S\ 25 Bt GPPLRI AT BB~ quant i zer
103, arrndsRdcédingl ethetinphe dutiMDGIgeeEffoxciianasso fHIEig¥add zed
MDCT coefficients are fed. into an inverse quantizer 106 and the
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the supplied MXCI coefficients, and the residual |ntNDCT
Coeffi(da?HFg?er 103, are used to predict the IntMDCT coefficients.
The guantized MDCT coefficients are fed into an inverse
gquantizer 106 and the output (restored or non-quantized MDCT
coefficients) is‘fed into a rounding unit 107.
15
The rounding unit rounds to an integer value the supplied
MDCT coefficients, and the residual IntMDCT coefficients,
which are the difference between the integer wvalue MDCT and
the IntMDCT coefficients, are entropy coded by an entropy
20 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
25 information to reconstruct the input audio signal 109 with

minimal error.

Figure 2 shows the architecture of an aﬁdio decoder 200
comprising an embodiment of the invention, which corresponds
30 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



whi ch are the difference between the integer value MDCT and the

I nt MDCT coefficients, are entropy coded by an entropy 20 coder 108.
The entropy encoder, analogous to the bitstream encoder 104,

| ossl essly reduces the average bit-rate of its input and produces a
| ossl ess enhancenent bitstream 113. The | ossless enhancenent bit
stream 113 together with the percep%ually coded bitstream 112,
carries the necessary 25 information‘to reconstruct the input audio

si gnal 108; WittrRamli MhalecBHEQb: tRHGUER 25 Shopsithaarehiteetspe of an
audi o decoder, 200 conprising an enbodi nent “of the invention, which
cor r espon@éantigerolthe hedrPetryder TotrkHamatrred iMife 1. The

rcept ualbyrigeded: b ' 58881 A0 tioStHdPRIveed ot fincc RidvitEegns decoder

pe

201, which perforns the i hverse operations to e operations of the
bi t st r eanTRHodbe TeFLrEChed werceptwidyl gdad dauidedignabi2®d ream
The degoded @trﬁ%gggm is supplied to an inverse quantizer 202, the
out put of which (restored MDCT coefficients) is supplied to the

i nverse MDCT device 203. Thus, the reconstructed perceptually coded

audi o si gﬂg% i ' . l.ess_e H%B t bitstream
208 i s supp ile%%%%é%n&hgﬁ%%g%gcda’égg Iéré)ng%i% : iC pgr%gg}u'?rsa? he
i nver se ogeErapyodsceder 206, opercht penfomds tthe éntvemysy opreatibons @d of

coar 1 ci i SPHEE KT 0E She (e CRY R SE PP 28F D9re! #¥lnded by
a roubdi mghidy peed2dds tthepeocitespondimgaresidhad IMMOCTcoef fi ci ent s.
The integggefg%hggn s. Héogﬁééég.%%t%héuf%verse quantizer 202 is
rounded by a rounding device 205 to produce integer value
MDCT coefficients. The integer value MDCT coefficienis are
" added to thé residual IntMDCT- coefficients, thus produding
15 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.

20 Figufe 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

25 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 Xz 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.

30 first and second block of the digital signal, respectively.

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

‘role in lossless audio coding.



added to the residual IntMDCT- coefficients, thus produding 15 the

I nt MOCT coefficients. Finally, the inverse IntMDCT.is applied to the
I nt MDCT coefficients by an inverse IntMDCT device 206 to produce the
reconstructed | osslessly coded audio signal 210. 20 Figure 3 shows a
flow chart 300 of:-an enbodi ment of the nmethod according to the
invention using the DOT-1V as a transformation and using three
lifting stages, a first lifting sBage 301, a second lifting stage
302 and a third 1lifting stage 303. This nethod is preferably used in
the 25 I nt MDCT device 105 of figure 1 and the inverse |Int MDCT device
206 of frhgutard foemitidre Fanttid MPCThandT-nv ec@epdieDEHe
respectively. In Fig.3, xI and x2 are first and second bl ocks of the
di gi t al tsegptermatigpauwtinial ¢y z Acsoaringmtter rBdp fbodimgnkl of and vy,

and y2 are output signals corresponding-to the 30 first and second

bl ock ofthehteATdieat WiggRapRsIUFIBE L $LAIE CAETRSHARISNEY Above, the
DCT- EV- ah gok L digoRh By 130 x| SRtidthg tWPbBokRs) Aaslress aséli 0 coding.
8 The transformation function of t%e DCT-1V conprises the

t r ansf oblatk ccompati e ¥BY Acamgdtimgtion meitsixeffodi nent of the
invention, the transform ng el enent corresponds to a 5 bl ock-di agonal
matrix conprising two bl ocks, wherein each block conprises the

transT ogat | oL Tat Lo ENery Sond Bkl S50 TRz et rans ormat  on

matri x “cbrrespondi ng e transform ng el ement according to the
10 i nveebirpespandiNg to the transforming element according to the

10 invention is:

Cy.
Cy

CY shall in the context of this embodiment be referred to

15 as the transformation matrix henceforth.

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

20 transformation function, is three.

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

as follows:

25  ym)= %ﬂﬁx(n)cos((’"”ﬂ)g‘“ﬁ)”)' mn =01, N -1 (1)

h=1

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



LNIVCN C, N shall in the context of this enbodi nent be referred to 15
as the transformation matri x henceforth. The nunber of lifting
matrices, and hence the nunber of |I|ifting stages in the
transformation elenment, in this enbodi nent of the invention, wherein
DCT-1V is the 20 transformation function, is three. The DCT-1V of an
N- poi nt real input sequence x(n) IS geflned as follows: 25 y(m

Nl x(n)cos (mt1f2)(n+V2)nl = N~ ( N/"mn=0,1,---,N1 {1) 9 nU 1
Let CN be the L QBT i X of DCT-1V, that is r (.9CN=1
5 (m~ 2)NafVQVE%Emikg—ggﬁé-zgﬁzﬂmnng rel ation holds for tmg)lnverse
DCT- | V mafTix CN 11 CN ( A-pgrtivcul ar, the matrix ClL is

involutory. Wth x=[x(n)k~, , 1 and y=~y(m~_~ 1, equation (1) can be
10 expressed as Y=C V x (4) Now, let xj, x2 be two integer N x1

col um veffﬁ@rmlwfngl%qgltyarﬂ aeﬂ%on%ér Xhe %2vEPLL GRCRY £ L0 bl ocks

of the digital signal which, according to the invention, are
transforned by one transfornlng el enrent. The DCT-1V transforns of
X=, x25arrlvri.,wlz, respectively. 20 y1=CN x| (5) YZ:CA%g)(G)

In particular, the matrix CJ{,V is involutory.

With §=[x(n):L_u___ va and y =l-y(m)l,_u_" a1r equation (1) can be

10 expressed as

(4)

I<
I

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

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

Yir Y2r respectively.

20 p»=Cix {5)

¥, =Cy %, (6)

Combining (5} and (&):

» CJIVV X
25 ~l={— - 7



Combining (5) and (6): ylj= Cv 25 7 V Vjr 10 The above di agonal

matrix i s the bl ock-diagonal matrix that the transform ng el enent,

according to the invention,

of the invention if the above equation 1is changed by sinple

al gebraic nodifications |ike the one

| eading to OGN [yz1[~X N [I

corresponds to. 51t is wthin the scope

(%)

10 Let T, X be the counter diagonal matrix in (8), that ‘is N TonyCIV

CN (9)
T IN1[ _
Equati o

(3).
I NI

10

15

20

25

N 15 The matrix T. can beiﬁactorlsed as folloms

9=[ -

C CN

PP IO Eaf Bk et Fin TGS ReOT %r%r%a“rtxy in

corresponds

It is within the scope of the invention if the above equation

is changed by simple algebraic modifications like the one
leading to

Y, 1 C;JV xz ’
= 1 . 8
B [C_“’_ 5 "

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

Cx
-=[E£ } (9)

The matrix T,, can be factorised as follows:

RN A4
_"gI_N Iy

where I, is the NxN identity matrix.

&

Cy

~

Ly

Equation (10) can be easily verified using the DCT-IV
property in ({(3}. Using (10), Equation (8) can be expressed as

ARET a1 e

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

three 1ifting stages shown in Fig. 3.

UsitRg {Asfobtimy b0amdd), @aaoia@l@nbesaedimntmogvl 111 [y2] -CN
= ININJON LIN[xI (11)



25 The three lifting matrices in equation (11) correspond to the
three lifting stages shown in Fig. 3. 11 From (11), the foll ow ng
integer DCT-1V algorithmthat conputes two integer DCT-1Vs wth one
transformng elenent is derived. 5 Fidgdre 4 illustrates the

enbodi nent of the nethod according to the invention using DCT-1V as
the transformation function. This enbodinent is used in the audio

coder 100rshpwmin, Rk £d1 faFiddmolered mct-tMOhodditen ithdd gure

3, xI and x2 are 10 two bl ocks of the input digital signal, z is an

i nt er nedi eAEPUE Yo HHEIRT Pl VBV sarvel tdo raness gorrii i 1t itk < lgfmeHe 18
out put s%gln]%e The three lifting stages illustrated in figure 4
correspon (il'o the three lifting matrices in equation (11). As
illustrated by figure 4, the time to frequency domain integer

transformjs determned by the following: 20 In the first stage 401,
X2 is transdereret & -§5/ the ‘%ﬁﬁ%ﬁﬁforP%c‘féleaﬁ‘t?ttf}féj L‘?fl‘-g‘?r\?llng

coef fici ey Scid € fpatidech Shg Ther Lopnded fCk dh LGk € St Surion.
then added to xI 404. Thus, the intermediate signal z is generated.
So, the Tinteremrebdiresigrmluyed vl itle thedieaguerdon: 1B shavaN X2 1FHA-

(12a) In, the se d st.age % s transfor b DCT-_I

t ransf or %t?%% %Hrl]edmtalheg -P?[%F%c'oe Jf]?%ilelhtEgP urreé/r%un}&egn\é Hz are
10 two blocks of the input digital signal, z is an intermediate
signal, and y; and y» are corresponding blocks of the ocutput

signal.

The three lifting stages illustrated in figure 4 correspond

15 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:

20 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:

25

EZLC_r‘Tx_zJ+ﬂ (12a)

In the second stage 405, z is transformed by a DCT-IV
transformation 406 and the DCT-IV coefficients are rounded

30 407. From the rounded DCT-IV coefficients x, is then
subtracted. Thus, the ocutput signal y; is generated. So, the
output signal y:; fulfils the equation:



30 407. Fromthe rounded DCT-1V coefficients x2 is then subtracted.
Thus, the output signal yl is generated. So, the output signal vyl
fulfils the equation: 12 A = CN z,-x2 (12b) 1In the third stage 409,
yl is- transforned. by a DCT-1V transfornmation 410 and the DCT-1V
coefficients are rounded 5 411. The rounded DCT-1V coefficients are
then subtracted from z. Thus, the output signal y2 is generated. So,
the output signal y2 fulfils the sguation: Y2 =-CN Y1J+z (12c) 10
where r] denotes rounding operation. Figure 5 illustrates the

al gori t hpyl= 5@3?5@ reverse transformation according to &REnbodi nent
of the method 15 according to the invention using DCT-1V as the
~transformation function. This enbodinment is used in the audio

decoder 50QnoShipiy bBadd dpo? [0l FRLRIEALEAGY W epsery nt MOCT. The

al gorithmi ﬁustTate nfigure 5 1s the rnvérse of the algorithm

i |l ustratressFeridtgoned Ul afhethle MSTaIVorreffdciehes Zredirbindedht signal s
y2,. W2, , 2 _cho :COL di t o) j ons of
! s A e e B e e e

i nt eger 4.r Ehstporithed sutimtte shymeel jhyis rgenfeghteodi iy, 2b6elouitghvd first.
stage 501 t DCT-1V transformation 502 and the

: S f or med a [
DCT-1V @3@?%#cﬁ%ﬁPégggﬁgé%dﬁﬁé%lg§03, The rounded DCT-1V coefficients
are then added to y2
n=-lCin|+z | _ (12¢)
10 '

where |*] denotes rounding operation.

Figure 5 illustrates the algorithm  for the reverse
transformation according to an gmbodiment of the method

15 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 denctations for the

20 different signals ¥1,-Yzr Xir X2 and z are chpsgn

corresponding to the denotations of figure 4.

As illustﬁated by Figure 5, the frequency to time domain
integer'transform is determined by the following:

25

V In the first.stage 501, yz is transformed by a DCT-IV
transformation 502 and the DCT~IV coefficlents are rounded
503. The rounded DCT-IV coefficients are then added to y2
504. Thus, the intermediate signal z is generated. So, the

30 intermediate signal z fulfils the equation:

z=lcy )ty (13a)



504. Thus, the intermediate signal z is generated. So, the 30
internediate signal z fulfils the equation: z= CN Y1~+Y2 (13a) 13 1In
the second stage 505, z is transforned by a DCT-1V transformation
506 and the DCT-1V coefficients are rounded 507. Fromthe rounded
DCT-1V coefficients L is then 5 subtracted. Thus, the signal x2 is
generated. So, the signal x2 fulfilg the equation: xz= CN zl-Yi

(13b) 10 In the third stage 509, x2 is transfornmed by a DCT-1V
transformati on 510 and the DCT-1V coefficients are rounded 511. The

rounded - j Gl.ents e then_ subtract fro z... Thus, the
si gnal x%ghée%grgéé%gtg o,Sﬁie-stanta anxsfroffﬂ?&idrf% % ﬁlgréa{lat ion: 15
X2 =- CNx2tiramnsfo3nytidt S0dnadk theeDCTHEM ddedfatpartst Bee acaidédng t o

the equations. 20 (13a) t i.S_inverse to the algorithm
accor di ngé% £ ﬁgmeg%eatri)ol}ﬂgeé @%‘W occ(e_és)c.le*?’ Ut 1% FSBd in the
encode$ asubtredetederThusl, usi¢ atietlal nxf iigugeseratrad 2o, tie algesait hs

provi de a t a an. apparatus for |ossless audio coding. 25 In an
enbodi rrerifzng’flffﬂes iqzﬁ‘\?eﬁ 9Bxpl ai ned bel ow, the nethod described

above is used for an image archiving system The equations (12a) to
(12c) and (13a) {to (13c) further show that to conpute two N x N

i nt eger Dg'ﬁ@sé_l”@ree N x N DCT- 30 IVs, three N x1 roundidags, and
three NxI additions are needed. Therefore, for one N x N integer
DCT-1V, the average ' '

10 In the third stage 509, x; is transformed by a DCT-IV
transformation 510 and the DCT~IV coefficients are rounded
511. The rounded DCT-IV coefficients are then subtracted from
E:'Thus, the signal x; is generated. So, the signal X1
fulfils the equatioﬁ:

15

n--Crxjrz - (13c)

It can be seen that the algorithm according to the equations
20 (132) to (13c) is inverse to the algorithm according to the

equations (12a)} to (l2c). 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.

25 In an embodiment of the invention explained below, the method

described above is used for an image archiving system.

The equations (12a) to (12¢) and (13a) to (13c) further show

that to compute two NxN integer DCT-IVs, thﬁ:ee NxN .DCT—
30 1IVs, three Nxl roundings, and three Nxl1 additions are

needed. Therefore, for one NxN integer DCT-IV, the average

is:




is: 14 RC(N) =1.5N (14) AC(N)=1.5AC(CN)+1.5N (15) 5 where RC(.) is
the total rounding nunber, and AC(.).is the total nunber of
arithnetic operations. Conpared to the directly converted integer
DCT-1V algorithnms, the proposed integer DCT-1V al gorithmreduces RC
fromlevel Nlog2N to N. 10 As indicated by (15), the arithmetic
conplexity of the proposed integer DCT-1V algorithmis about 50
percent nore than that of a DCT- ¥ al gorithm However, if RCis also
consi de t conbi ned conplexity (AC+RC) of the prop
algoritﬁﬁgﬁbégﬁﬁot much exceed that of the directly conggffed 15
integer algorithnms. Exact analysis of the algorithm conplexity
depends on the DCT-JV algorithmused. As shown in figures 4 and 5,

t he proé@@@*ﬁﬁﬂ@@hﬂ*ﬁé@glv algorithmis sinple and modt®lar in
structure. It can use any 20 existing DCT-1V algorithnms inits
DCT-1V conput ati on bl ock. The proposed algorithmis suitable for

appl  cafieRSRChAL isr eREi ttallnEMXTEngengmben, talnd WMPEG- 4satibeo

ext ensi on ref erence del .0. 25 Fi.qure sho t he.architecture of
“an irrag“eotz?icm”a?%o te e&&Eo‘?Qﬁ%"?BSan@c’éﬂ%ggllar%on?chgf t he
i nvent | @veckhy REgHife@ tbd aintieFagencSpIvc al§odi i), thst@npesadcaner a,
provides an anal og image signal. The inage signal 'iégp&ﬂgocessed by
a anal otphegegi BFX=lY ééﬁ%@ﬂ#ﬁ#rB@EP%%)%ErSVWHéE§Elcng pdrfithg digital
i mge signal. The digital inage signal is |osslessly encoded by a
| ossl egs i mage encoder 603 which

10 As indicated by (15), the arithmetic complexity of the

proposed integer DCT-IV algorithm is apout 50 percent more
than that of a DCT-IV algorithm. However, if RC is also
considered, the combined complexity (ACH+RC) of the proposed
algorithm does- not much exceed that of the directly converted

15 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 DCI-IV
algorithm is simple and modular in structure. It can use any
20 existing DCT-1IV 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 0.

25 Figure 6 shows the architecture of an image archiving system

according to an embodiment of the invention.

In Figure 6 én image source 601, for instance a camera,
provides an analog image signal. The image signal is

30 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



i ncludes a transformation fromthe tinme domain to the 15 frequency
domain. In this enbodinment, the tine domain corresponds to the
coordi nate space of the inmage. The | ossless coded inage signal is
stored in a storagedevice 604, for exanple a hard di sk or a:DVD.
Wien the image is 5 needed, the | osslessly coded image signal is
fetched fromthe storage device 604 .and provided to a | ossl ess inmage
decoder 605 corresponding to the | dssless i mage encoder 603 which
decodes t heedqussiyedshyim odadthimgabsdgralt ,anber enensbmdess t he
original inmage signal wthout $ﬂ data | oss. %0 Such | ossl ess
ar chi vi ng®BF T Wege® sty s cPer ﬁ%&?t%’ﬁ‘fe Pdr thgxpaFee, TR® the case
that the Losgessaceded HakgEBPsgrRfl isafeadyuat orsmaheesqaptdave to
be stored S?régater éﬂ%ﬁlySis' 15 In this enbodi nent of the

601 & C&nBEYTHENE BREY 1 SknR¥ HoPVD-| HRER dhedimAge idfures 3 to

i nventi on;

5 is usednéeudd)ethesEdRIsssi ANERART s803aandk thechegStRRs thaRge
decoder 605. As _expl ai ned above, the enbo iﬁent of fhe netho&

i |1 ust rat 8eP539920°71¢1584 and Puovhded ited dosphest dmagei dercadsicch i s

reversi bl g5 &E&é%ﬁor&ﬁﬂgi e4l @e abeyiggéﬂmgaeéﬂ@&he@%fﬁ%ﬂ%?s i mage
codi ng. The nethod according to the invention is not imted to audio
25 are i ndRfPceEghhe slosedpeslyliagded| image aienal crnd xarphetmiatso

signal's, gan A3gRA] Beqtraisfar weehddt bhe ARtbod,according to the
| nven{cl} on.
Such lossless archiving of image signals is important, for
example, in the case that the images arxe error maps of
semiconductor wafers and have to be stored for later
analysis.
15 ‘ _
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
20 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
25 are image signals. Other digital signals, for example video
signals, can as well be transformed by the methed according

to the invention.

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

invention is explained.



In the follow ng, a further enbodi ment of the nethod for the 30
transformation of a digital signal fromthe tinme domain to the
frequency domain and vice versa according to the invention is
explained.. 16 1In this enbodinent of the present invention, the
domain transformation is a DCT transform whereby the bl ock size N
is some integer. in one enbodinent, Nis a power of twd. 5 Let C be
the Nx Ntransformmatrix of DCT f@l so called Type-Il DCT): CN =

2/ N k" cos n+VVy2hr / 1 n =01,---,N-1 10, where: k'. Vr2-
if me0 (%%ggi Oﬁkft}e d’gENg%‘% R%@Fa*&?e&tﬁlbgrzé‘e ACRAU N are matrix
i ndi ces.trahbrbatatCoheid he piieNctarayTola) MHwebyXthé B pe EVzOF, as

al ready defined, above: LN = 2/ N c%%é m+1/ 2Xn+1/ 2)r/ (16) mn =

0, 1, - -, NS1 S9B2 AD 58T 1M oge pfTRodimEyt o 155 &) Rg¥Sratdh E¥S-wi 1l be
used, which lifting matrices are in this enbodi nent 2N x2N nmatrices

of the following form 25 L2ZHIN AN J (19) dN IN
5 ILet Cj be the NxN transform matrix of DCT (also called

Type-I11 DCT):
mn=01---,N-1
10 ' wheres:
k, = Y2 £ om=0 (17)
1 if m=0
and N is the transform size. m and n are matrix indices.
15
Let C‘;f be the NxN transform matrix of type-~IV DCT, as
already defined above:
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:

25 Lz,,=[ (19)



17 where INis the NxNidentity matrix, ONis the NxXN zero matrix,
AN is an arbitrary N xN matrix. For each lifting matrix LZN, a
lifting stage reversible 5 integer to integer mapping is realized in
the sane way as the 2x2 lifting step described in the incorporated
reference: "Factoring Waviet Transforms into Lifting Steps,” Tech.
Report, 1. Daubechies and W SMeIdegi, Bel | Laboratories, Lucent
Technol ogi es, 1996. The only differghce is that 10 rounding is

appl i ed t@edeVECTQY thBSNSAH: @ndits) ﬂﬁlc@lyareabiﬁ thel W %K€ Zbgve
description of % he ot her enbodi nents, it was' al ready detailed how a

lifting wsbhégex) SALedsizcdrbotrary Imkwmﬁmtrl X, SO the expl anation
of the lifting stages 15 corresponding to the Iifting matrices wl |
be omtted in the follomjng One sees that the transposition of
_— tr I X. In this enmbodi t he
transfor%?ﬁgeﬂﬁﬁaéﬁ?l%%ﬂﬁé to at P?l?FaQ?,F?Vﬁfﬁ{giﬁ s defi ned

as a 2N %2NFBE riX mee%élemaggshﬁ@vw&e%xzea L 6B SR (2Q) as'%ﬂ\é] 25
The deconposition of e matrix T2. into lifting matrice$S has

fol | owi n@¥DrlhftIng step3d8sFtidReA Shithle 2incbppofatigd reference
YFactoring Wavlet Transforms into Lifting Steps,”™ Tech.
Report, I. Daubechies and W. Sweldens, Bell Laboratories,
Lucent Technologies, 1996. The only difference is that

10 rounding is applied to a vector_instead of a single wvariable.

In the above description of the other embodiments, it was
already detailed how a lifting stage is realized for a
lifting matriz, so the explanation of the lifting stages

15 corresponding to the lifting matrices will be omitted in the

following.

One sees that the transposition of L,,, I}, is also a

lifting -matrix.

20
In this embodiment, the transforming element corresponds to a
matrix, T,, which is defined as a 2N x2N matrix in the
following way:
Tw=[g§ gg] © (20)
N N
25

The decomposition of the matrix T,, into lifting matrices

has the following form:

T,, =P3-1L8-L7-L6-P2-15-14-L3-L2-L1-P1 (21}
30



30 18 The matrices constituting the right hand side of the above
equation will be explained in the following. Fl is a first
permutation matrix given by the equation 5 pl=NDN (22) [JN N
where JN is the NXN counter index matrix given by’ [00 0 0 0 1 0 10
JN =00 (23) 00O and DNis a NxN diagonal matrix w th di agonal
element being 1 and -1 alternatively: 1 0000 O0-100 0 15 DN
00. 100(249) 00O0OO0OO0OO0OO0O 1% P2 is a second permutation

mélﬁ ri X 788 nRIBLE QhnsthtflirgS thgefh?r_:fh(%t ﬁ%@ysflt&ée ogfo‘:lllé)véfbﬁge 'VA(TLAB)
scrip Se-- ----- ; [ , iy
0; Pd(l\HfEuéW—Pio)l mm bepgtplairep inlthepéemawir)g =1; 25 end 19

Pl is a first permutation matrix given by the eguation

5
0o, D
pPl=| ¥ 7 (22)
Jy Oy
~ where J x 1s the NxN counter index matrix given by
00061
10 : 3 0 010 (23)
Yo 00
1000
and B, is a NxN diagonal matrix with diagonal element
being 1 and -1 alternatively:
1 ¢ 0 0 O
6 -10 0 O
15 : D,=0 0 1 0 0 (24)
00 0" 0
00 0 0 -1
P2 is a second permutation matrix, an example of which is
generated by the following MATLAB script:
20

Pd. = eye(2*N);
for i = 2:2:N,
Pd(i,i} = 0; Pd(N+i,N+1)
. Pd(i,N+i) = 1; Pd(N+i,i) =
25 end -

|

|
. md



Peo = zeros(2*N); for i = 1:N,  Peo(i,2*i-1) = 1; Peo(i+N 2*i) = 1;
5 end P2 = (Pd*Peo)'; As an exanple, when Nis 4, P2 is a 8x8 matrix
gi ven as 1010000000 00001000 00000100 010
0O0O0OO0OO0OPZOO10000O0Tfor NF4 (25 0O0OOOOQCO1O0O0O0OO0OOCO
001 00010000P3is athird pernmutation matrix, an exanple

of which is generated bythefollox\éng MATLAB script: 15 P3
.zeros(2*N); for i = 1:N, P3 (i, = 1; 20 P3(N2-i+1,2%i) = 1;
endAsan eRaop! esrabe2rM ;i s 4, P3|sa8x8rratr|x given as 25 20 1

0000000 _

for 1 = 1:N,
Peo(i,2*i-1)
Peo (i+N,2%1i)
5 end

= (Pd*Peo)';

1;
1

i

As an example, when N is 4, P2 is a 8x8 matrix given as
10

- for N=4 {25)

I A - ==
OO RrR OO0
OO0 O0oODO OO
COR OO0 QOO
- - - - -

o0 0 0 QO = O
LR = = R = i - ]

R

P3 is a third permutation matrix, 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) =
20 P3(N2-i+1,2%i) =

end

As an example, when N is 4, P3 is a 8x8matrix given as
25



00100000 OOOO10O0OO0OP3 0O0O 0010for N=4 (26) O

0000001000001 00 OOO1O00O 0O 010000O0O0 L1

is afirst lifting matrix L1= IN UN (27) "NIN 5 where ZINis a
00

I
NxN count er diagonal matrix given as: -tan(ir/SNzZl - 00
-~~~/&W 0 (28) NOOO -tan((2N—1)n/8N) 0 010 L2 is a second
lifting matrix: L2- I N Z2N (29) ~OY IN where Z2N is a NxN counter
di agonal matrix given as: 15 0 028 sin((2N-1)ir/4N) . 0 0 0 Z2N = 0

0
0
[z
0
0

sin(3n/4N) 0 0 (30) sin(7r/ s athirdlifting matrix:
21 1E3 = IN ON 118% 8.8 %Yo
00100000
000010CG0O0
00000BCGC1ITO
P3= for N=4 26
00000601 (26)
00000100
00010000
_0 1006000 0
Ll is a first 1ifting matrix
I, O
=¥ (27)
4
5
where Zl, is a NxN counter diagonal matrix given as:
0 0 0 —tan(z /8N
0 0 -—tan{37/8N) 0
= 28
Zy 0 0 0 (28)
~ tan{(2¥ -1)z/8N) 0 0 0
10 L2 is a second lifting matrix:
L, Z2
Lz=[ ¥ N] (29)
Oy Iy
where 22, is a NxN counter diagonal matrix given as:
15
0 0 0 sin{(2¥ -1} /4N)
z2,-| ° o 0 (30)
¥ 0 sn3z/4N) 0 0
sin{x/4N) 0 0 0

I3 is a third lifting matrix:



| (31)

(34)

wher e:

"IN 25 L6 IN ON (37) where Z6N is a NxN counter diagonal
Z6N = o0 O tamgr/s) 0 (38)

as:
0

22 o0 o 0to (r/8)

10

15

20

25

Z3N IN J where: 5 Z3N =-F2CX +I N+Z1N (32)
lifting matrix: | (33) 10 L4= -IN Z4N1 ON IN where:
15 L5 is afifth lifting matrix: IN ON (35)
20 ZSN -(f2CN Ij (36) L6 is a sixth lifting'matrix: - rZ6N
matri x given
00O0Otan(n/8 0O

where:
23, =2C¥ + X, + 71,

I4 is a fourth lifting matrix:

where:

Z4,=C¥ /2

L5 is a fifth lifting matrix:

where:
Z5, = —(«/EC;,V +IN)

L6 is a sixth lifting matrix:

L6 = [ I.N ON
76, I,

where Z6y is a NxN counter diagonal matrix given as:

L4 is a fourth
UN =CN / NFZ
LS = [Z5N IN

(31)

(32)

(33)

(34)

(35)

. {36)

(37)



L7 is a seventh lifting matrix: 5 L7= ON Z7N 1 (39) NINJ where
Z7,, is a NN counter diagonal matrix given as: 0 0 O -sin(=/4 0 O .
0 10 ZTN =0 -sin(r/4) 00 (40) -sin(r/4) 00 0 LS is an eighth
lifting matrix: (41) 15 thus, resulting in the factorization as
shown in (42): Trmm = P3L8L7L6P2I SLAL3L2LIPI (42) 20 where PI, P2,
and P3 are three pernmutation matriges. Lj, j from1l to 8, are eight
lifting matrices. The lifting mat rices L3, L4 and L5 conprise an
auxiliary transformation matrix, which is, in this case, the 25

transformation matrix _IVitself. 23 FromEg. (42), it is possible
to conpute the integer flot  Owo i(hputtasfﬂgﬂ') | s of dinmension Nxl.
As Eq. (42) provides a lifftigng ngt rg ,,/fggctogiz tion which 5
describes the DCT-1V&Syamsfqrmati.on domain, its lifting (¥trices can
be used in the' manner sho herein t corrthe t he donmain
transformation of an applfi /Bhpﬁt si@nal . Thefequation. (42) can be

derived in the foll ow ng way.

L7 is a seventh liftidg matrix:

5
I, Z7
L7=[ ON N} (39)
N IN'
. where Z7, is a NxN counter diagonal matrix given as:
0 0 0 -sinfr/4
0 0 0
10 Z7, =
N 0  —sin(z/4) 0 0 (40
—sin(z/4) 0 0 0
I8 is an eighth lifting matrix:
L8=1Ls6 (41}
15

thus, resﬁlting in the factorization as shown in (42):
L,y =P3-L8-L7-1L6-P2-15-L4-13-1.2-1L1-P1 (42)

20 where Pl, P2, and P3 are three permutation matrices. Li, 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

25 ‘transformation matrix Cﬁv itself.



10 The foll ow ng deconposition can be derived using the disclosure
from Wang, Zhongde, "On Conputing the Discrete Fourier and Cosine
Transforns”, | EEE Transactions on Acoustics, Speech and Singal
Processing, Vol.. ASSP-33, No.4 15 Cctober 1985: CN =(BN . (PN
A'/2 11 1.Tu SNN21 N (43) (PMCN2 -piviNIBN ( CN2 is known,
wherein SN~2 denotes the transforma&%)on matrix of 20 the discrete
sine transformof type 2, | PD = -J] PNis a NxN permutation

matrix gimem By. 22)PNit 7d1oseddle thNc3mpdte thel 1680853 er 4D4N
art 37c cos - sin - 4N.4N (Nl)a (N-1)zc
two input signals of dimension N x1.

As Eq. {42) provides a lifting matrix factorization which
5 describes the DCT~IV transformation domain, its lifting
matrices can be used in the manner shown herein to compute

the domain transformation of an applied input signal.

The equation (42) can be derived in the following ﬁay.
10
The following decomposition can be derived using the
disclosure from Wang, Zhongde, "On Computing the Discrete
- Fourier and Cosine Transforms", TEEE Transactions on
Acoustics, Speech and Singai-Processing, Vol. ASSP-33, No.4
15 October 1985: '

cg*=(n,,)f-(r,,)f-[°f~"ﬂ =]-T,,

SJJ'
. N2 {43}
"_(BN) '(IN) [ w2

Py T
.| T

is known, wherein Séﬁz denotes the transformation matrix of

20 the discrete sine transform of type 2,

Pw:[l D-J]

B, is a NxN permutation matrix given by

l

25

Iy -
Py = 44
- [ J .wz] ted)



cos sin TI, 4N4N (N - 1) zc (N- 1) 9 - sin cos 4N 4N 379 3zc -
sin- cos 4N 4N Srt _sin- Cos 4N4N and 5v2 1 -1 11 BN=1
-1 11 f Equation (85) can be conbined with the equation r N2
-RPR PD PO (45) 10 CN -RPO ~CN N'2 wherein PEO is an even-odd
permutation matrix, R INL2 INN2 r [INL2 -IN 2

24
-
cos -—Ji- s5in —
4N . 4N
3% . 3n
cos — sin —
N aN
(w-1)= C(w-1)=
cos ——— sin T
AN
N = (8-1)= (N-1)=
- cos
4N AN
3n .
~sin — . : cos —
aw _ 4N
=< x
-t — i [l _—
sin = os p
and
5
A2
1 -1
1 1
1 .
1 '
i -1
1 1
V2

Equation (85) can be combined with the equation

10 Cy ;RPO-.[ w2

N/2

}'RPR'PD'PEO _ (45)

wherein Pgg is an even-odd permutation matrix,

g o L[z lin
£ 2 ve ~lap



25 Rao equals TH, iIN PD =2 DN 2 5 After transposition equation
(45) converts to: CN =(P, "(Pnl .t .['2 J-(RO7 =1peonPnl LCZ /z}-cROT
(46) 10 The conbination of (43) and (46) yields: { z O

1=pf, BN(poY_(py /1~[CNZ2 C m¥ T ~PI| N2J VL CN2 - CN2 1 CNCN z
(47) =P3'R2P2'- R P ,12 [C A"72 -CN2} where: ~~rr Pi = ((PwY P2 =
(Peo / - (!?D=(P.DZ0 15 P3 = PNNR, _ / \Rpo~r / ' TN R2 =BN from
(47), equationﬁ{42 can be easily derived. 26 1In this enbodi nent,

t he conp&f"aFHB dfisyhe domain transformation requires only 4N

roundi ng operations, as wll

NMER

5 After transposition equation {45) converts to:

- Ol T R[S, [ @y
N2 (46)

Y e ] T

w2 -—Cﬂ;
10 The combination of (43} and (46) yields:

Cy 1[cy, cy,
[ 2 C$2J=PN 'BN'(PEO)T°(PD)T'_‘[ e i ]'(RPO)T'TN'(PDJ)T

"[2- CIN’;Z 'Cigz (47)
1[Cy, cF
=P.-R_-P .——| ¥z Nz . .
Rl W e
where:
P1=(P.w)T -
P2=(PEO)T'(PD)T=(PD'PEO)T
15 P3=PN
R1=(R.PO)T.TN'
R, =By,

from (47), equation (42) can be easily derived.



now be explained: 5 Let a(*) be the nunber of real additions, p(*) be
the nunber of real nmultiplications, and y(*) be the nunber of real
roundi ngs, respectively. For the proposed IntDCT algorithm one
gets: a(IntDCT) =11N+3a(DCr -rv) 10 p(IntDCT)=9N+3u(DCr-1V)
y(IntDCr) =8N The above results are for two bl ocks of data sanpl es,
because the proposed IntDCT al gorithm processes them together. Thus
15 for one block of data sanpl esé the nunbers of calculations are

hal ved, which are al (IntDC) =55N+15a (DC -1 V) |

(rut Do) S Bit sty fhe St R Bt ARe iR, pl, ahd §, are

t he nupbesrhatesd dditéonmlyhmibeiundabgr 68 rdBibhipldcatiiions, and
nunber of real _roundings, for one block of sanples, réespectively. 25
For Deqv|he @gPeé#inid:on, the FFT-based al gorithm described in the

i ncorporated reference "Signal Processing with.|lapped Transforns,"

H S. Malvar, Norwood, MA. Artech House, 1992, pp. 199-201 can be
us&d, Leébrafhibeh tBe mber- ¥78)realshddyeivnay( PEF)- by)the ouEdEog2N+N 27
Consequently: a.1(lutDCT) = 2 fSN 1 0o g2 N +5.5N fl(l ntD CT) =

0. 75No$01@e@1|\|mulmllcatlons s and y(* be the humber of rea

roundings, respectively. For the proposed IntDCT algorithm,
one gets:
a(IntDCT)=11N +3a(DCT-1V)
10 : p(IntDCT) = 9N + 3u(DCT -IV)
y(ItDCT) =8N

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

are halved, which are

o, (IntDCT)= 55N +1.5¢{DCT-IV)
2, (IntDCT) = 45N +1.5u(DCT ~1V)

20 ¥, {mDCT) =~ 4N
where @,, p, and y, are the number of real additioms, number

of real multiplications, and number of real roundings, for

one block of samples, respectively.

25 For DCT—IVV calculation, the FFT-based algorithm described in
the incorporated reference "Signal Processing with.lapped
Transforms,"” H. S. Malvar, Norwood, MA. Artech House, 1892,
pp. 199-201 can be used, for which

30 a(DCT-1IV)=15N1log, N
p(PCT-1V)=05Nlog, N+ N



51n the followng, a further enbodi nent of the nethod for the
transformation of a digital signal fromthe tinme domain to the
frequency domain and vice versa according to the invention is
explained. 10 In this enbodi ment a discrete fast Fourier transform
(FFT) is wused as the domain transformation. Let" F be the N xN
transformmatri x of the normalized EFT 15 F V' exp( -')
mnapl,...N1j (49) where Nis t#d transformsize. mand n are
mat ri x i pghh ent2P: Under this enbodiment, a permutation matrix P of
dimension NXN is a matrix which includes indices O or 1. After
multiplying it wwth a NxI vector (the matrix representation of the

i nput signal), the'or9?@?%5T§%?ﬁ9ﬁﬁéﬂbg55§§ vector are changed. 25

In this enbodi nent, i rices*aré fined as 2N x2N nmtri ces

of the follow ng fOr”hq%@DCTLEﬁTﬁ¢$§HVl%NPZJ . LL (49) where PI and
o

Pz are two pernutation rices, Ors the NxN zero matrix, Ais an
arbitsary N x Nmatrix. For lifting 5 matrix L, reversible integer to

I nteger PERRINS0h Pow %‘l,l %egurther embodiment of the method for the
transformation of a digital signal from the time domain to
the frequency domain and vice versa according to the

invention 1s explained.

10
In this embodiment a discrete fast fourier transform (FET) is
used as the domain transformation.
Let' F be the N*N transform matrix of the normalized FET

15

(=) 1

m,nwﬂ,’l,---,N-l . (48)

where ¥ is the transform size. m and n are matrix indices.

20 Under this embodiment, a permutation matrix P of dimension
NxN 3is a matrix which includes indices 0 or 1. After
multiplying it with a Nxl gector (the matrix representation
of the input signal), the order of elements in the vector are
changed.

25

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

matrices of the following form:



in the sane way as the 2x2 lifting step in the aforenentioned

i ncorporated 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 10 L, If is also a lifting matrix. Further,
let T be a 2N x2N transformmatrix: OF] F 0J (50) 15 Accordingly,
the nodified transformmatrix T (and accordingly the domain
transformation itself) can be expBPessed as the lifting matrix
factorization: 20 T=[ ]. Q E,|I FIrOIl] [F1] (51) wherel is the
NXN identity matrix, and Q. B N pernmutation matrix given as: 25
[ONWO x, 31 (52) 29 and x| and ON-I1 x|l are row and %ﬁlunn
vectors of N-i zeros respectively. 5J is the p"-l)x(N4- ) counter
index matrix given by 1 1 1 (53) In Eq. (53), blank space in the
square. bracket represents all 10 zeros matrix el enents.

where "1 and 2 are two permutation matrices, Ois the NxN
zero matrix, A is an arbitrary N*Nmatrix. For lifting
5 matrix I, 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

10 L, L' is also a 1ifting matrix.

Further, let T be a 2N%2N transform matrix:

O F
T=[F O] |
, (50)
15
Bccordingly, the modified transform matrix T (and
accordingly the domain transformation itself) can be
expressed as the lifting matrix factorization:
20
-Q-F I{|{O0 I}|F I (51)
where I is the NXN identity matrix, and Q 55 a NxN
permutation matrix given as:
25
T Opy
or. 5]
Ntd (52)



A can be seen fromEq. (51), the lifting matrix factorization can be
use to conpute the integer FFT for two NxI conmplex vectors using the
met hods as described herein. 15 Under this enbodinent, the
conputation of the domain transformation requires only 3N rounding
operations, as will now be explained: 20 Leta(*) be the nunber of
‘real additions, be the nunber of regé mul tiplications, and be the
nunber of real rounding operations,“ respectively. 25 For the
proposed IntFFT algorithm we have a(intFFT)= 6N+3a(FFr) 30

y(I nt FFT) =3p( FFT) y(IntFFr)=6N The above results are for two bl ocks

of data sapples; begadee: A BuPLRPRREHnt b8l gpryLim,prggesses

them together. Thus for one bl ock ata sanpl es, the nunbers of
cal cul at izeApect¥®eliyal ved, which are al(lntFFf) =3N+1.5a(FFr. 10
y1(Int FFT) =3N where al, 1k, and 71 are the nunber of real additions,
nunber of real nultiplications, and nunber of real rounding

oper atd ong f,qr , one(AbDefv of) sanpl es,. respectivel y. 15 For FFT
cal cult5ati on,lgt 1ﬁlggspl it-radi XC?E%?ISIQIEE%% Ig%%lrxl tgryliﬁ?nc n be used, for
whi ch: a(SRFFI) = 3Nlog2 N -3Nt+4

1

(53)

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

10 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.
15

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

now be explained:

20 Let:aeq be the number of real additions,
”@) be the number of real multiplications, and

704 be the number of real rounding operations,

respectively.

25 For the proposed IntFFT algorithm, we have

a(IntFFT) = 6N +3a(FFT)



p( SRFFT) =Nl 0og2N- 3N+4 20 Consequently, we have: al (IntF FT) = 45N
log 2 N-15N + 6 pl(Intw) =15Nlog2 N -45N + 6 Figure 7 shows
forward and reverse transform coders used to 25 assess the transform
accuracy of the DCT transformation technique described above and the
FFT dormai n transformati on above. The test involved nmeasuring the
mean squared error (MSE) of the transformin accordance with the
eval uati on standards proposed by3®@ he MPEG 4 | ossl ess audi o codi ng
group 30 as gde i hed_in "Coding of Moving Pictures and Audi o: Wrk
plan for Ev&ﬂﬂgﬁbﬁgﬂgﬂhSnteger MDCT for FGS to Lossless 31
Experinentﬁgﬁﬁﬂggggﬁemork," | SO I EC JTC 1/SC 29/ WG 11 N5578 Pattaya,
Thai | and, A 03 incorporated herein. Specifically, the MSEs for
I nt DCT and integer inverse DCT 5 (IntIDCT) are given as: 1KiN-i MSE
- -1 elz ‘0 Ne (54 ere t rror_signal e.is of for |ntDCT,
and o, T abons seriLs v FAErwy Dlodks 35 Relh oraablsanohec e anpl o
bl ogks whsegrigbsetinentemm Babbelthml Peoddisesf @hehntddebhand THiseger

i nverse. FFT (Intl FFT) are iven as, 15 I x'IN 1 z .
for one block of data samples, the numbers of calculations -

are halved, which are

o, (IntFFT) = 3N +1.5a(FFT)

v, (EatFFT) = 1.5(FFT)
10 ¥,(IntFFT) = 3N

where %, M, and 71 are the nmmber of real additions, number
of real multiplications, and number of real rounding

operations for one block of samples, respectively.

15 For FFT calculation, the split-radix FFT (SRFFT) algorithm

can be uéed, for which:
a(SRFFT)=3Nlog, N -3N +4
M(SRFFT)=Nlog, N-3N +4

20 Consequentl&, we have:
o, (IntFFT}=4.5Nlog, N -15N +6

p, (IntFFT)=15N1log, N 45N +6

Figure 7 shéws forward and reverse transform coders used to
25 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 aﬁdio coding group
30 as described in "Coding of Moving Pictures and Audio: Work

plan for Evaluation of Integer MDCT for FGS to Lossless



DVSE KNI 1 e+N (55) where the error signal e is of for IntFFT, and el
for IntIFFT as in Fig 1. |11l represents normof a conplex value. K
is the 20 total nunber of sanple blocks used in the evaluation. For
bot h domain transfiormations, a total of 450 seconds with 15
different types of nusic files are used in the 48 kHz/16- bit test
set. Table | shows the test results,. 25 As-can be seen from Table 1,
t he MSE generated using the systen%land nmet hods of the present

i nvent i Olgbs rit@irt ali &b Mamewdfl, UNISOMEES QPCeNyEON2Y /1Ry 31 eNs57d S
substantially independent of the processing block size. Referring to

t he DCT- Potleymi fradlandaMarer #3 dACOrPRFAVEE BRTSA% i ght |y i ncreases
with increasing block size N up to 4096 bits. The MSEs of the FFT
are even better, exhibiting a constant MSE of 0.4 for block sizes up
to 4096 BpesifigrdAy: g ¥ABAsEPatIadPRE st Fakeaebf imranse PEBsent

invengioqlhflgg mggeiéiﬁipgg.of the present capabilities and
i ncreasi ng need for longer blfock sizes, the advantages of the

present invention becone clear. N IntDCT-1V IntIDCT-1V IntFFT IntlFFT
8 0.537 0.537 0.456 0.371 10 16 0'%.'*?"546 0.480 0.412 32 0.549
0.548 0.461 0.391 64 0.550 0.5ﬁ@EQ,A§?_ g93 128 0.551 0.551 0.461
0.391 256 0.552 0.552 0.461 0.391 Kf4N{ (54)

e,

where the error signal € is ®r 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 IntFET and integer inverse FFT (IntIFFT) are
given as
15

1 K- 1 N1

MSE =—S—VY|ef’
S el .

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

as in Fig 1.“ﬂ 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 résults.

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 subsfantially independent

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



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 15 4096 0.553 0.552 0.461 .0.391 Table I 33

| ncorporated References The foll owi ng docunents are herein
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N |IntDCT—IV|IntIDCI-IV] IntFFT | INGIFET

8 0.537 0.537 0.456 0.371

10 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 D.552 0.552 0.461 0.391

1024 | 0.552 0.552 0.460 0.391

2048 | 0.552 0.552 0.461 0.301

15 2096 | 0.553 0.552 0.461 0.391

Table I
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bl ock conpri sind-aMaprazdef Pagoahuinseessing tvdtiakaprsmhifslaasfomes ret hod
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|V transformation function, DST-1 transformation function, DST-1V
transformation function, DWM-1 transformation function or DW-IV
transformation function. 25 3. The nethod of claim1 or 2, wherein
each lifting stage corresponds to a lifting matrix, wherein the
lifting matrix 1is a block-triangular matrix conprising four
sub-matrices wth two invertible integer matrices as two of the sub-
matrices in one diagonal, and wi3h the transformation matrix 30 and a

zero @E Ehe oagereim%,of the sub-matrices in the other diagonal. 35
4. Th M 3, wherein the invertible integer matrices in
each lifting matrix are identity matrices or negative identity
matrices. 5 5,. The. method of any ong qQf clains .1 to 4, wherein the

r ansfior i dRENATeRE. O B 1 CHAF L SRl 66 &1 FBomot hod of
any o08em@in GlndbMehel fregleniVneioRhin ahdwdce veighalsifg & Vi deo signal

Is used as_the digital signal. 10 7. A device for transformng a
di gi téFa’é?@i%‘Pt%?fbrﬁ”PﬁEl?’?ﬁ%’mPabﬁ’&i% 3 fEgre e Egtemey idenai n and

Vice ¥RESH i%hNUsBynalll a&ﬁé]ﬂrslmbi @icd Wabb0s SO %k Ngréiped
transformation matrix, the digital signal conprising data synbols
and béPRg iRHRERHIUS Of neiPcksy| aRel ihPcdt cHPREREIR%ach bl ock

Conpr gL 8L iRedPh@HRIY BEOtHHITRGE Sfmid1e,daha BWHRel SomphesiGigvi ce
conprising: a _transformation unit for transformng two bl dcks of the
di gital sitraPiogriagetYe Heckenphdha ehahtal iHEPBItnPY ] r ansf or mi ng
eh§MeRLafOfd B3R NEhEnkAt 3 lRekndt RO FBERING element

corresponds to a block-diagohal matrix comprising two sub-

matrices, wherein each sub-matrix comprises the

transformation matrix and the transforming element comprises

a plurality of lifting stages and wherein each lifting stage

15 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

20 +transformation function, DFT-I transformation function, DFT-
IV transformation function, DST-I transformation function,
DST-IV transformation function, DWI-I transformation function

or DWT-IV transformation function.

25 3. The method of claim 1 or 2, wherein each 1ifting 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-
matriées in one diagonal, and with the transformation matrix

30 and a zerc as the other two of the sub-matrices in the other

diagonal.



20 conprising two sub-natrices, wherein each sub-bl ock conprises the
transformation matrix and the transform ng el enent conprises a
plurality of lifting stages. 8. The device of claim7, wherein the
transformation unit 25 conprises auxiliary transformation units for
each lifting stage for processing the blocks of the digital signal.
9. The device of one of the clains g or 8, wherein the

transformation unit conprises rouna'ng units for each lifting 30

stage fqr progeseirhgatde Qheosks, Gheihendini iavest ied .inkt@gefhe device
of any one of the clains 7-9, wherein the transfornation unit
conpri seetrdges dmedrki Bl tdng craited % 5P ndAe AT BRA tR&A @& coupl ed to

receive ﬁe@gtfﬂgljilgeilt#% r%tﬁeég- bl ocks and configured to donain
ch data c

transf orm’ea Into MDCT coefficients; a quantizer
coupled to receive each of the MDCT' 5 coefficients, the quantizer

operabl e to produ | Qe T [ WOCILepefd igients; a bit
st re§m gﬁcod i< g“@%g‘f’%d& § ?2%2?\?05 tc%g%grﬁa%?l&zea IR/DCT%(;%% I ci ents,
the bit tsianefsrpimgdetement icompebpendbres 1piricgpstages. coded bit
stream 10 an inverse quantizer coupled to receive the quantized
MDCT coefficients, the inverse quantizer operable to restore the
MDCT codd.fi crpatmethodant roiy- quantfi zddissal eio andvheraimamegudhd t

e 4 reS Vo ME RIS B gECEhE s, Egpgp bl (o
10, jwherein the transformati on unit
- 7. A device for transforming a digital signal from the time
domain into the frequency domain and vice versa using a
transformation function comprising a transformation matrix,
thé digital signal comprising data symbols and being divided .
15 into a plurality of blocks, each block comprising a
predefined number of the data symbols, the device comprising:
a transformation unit for ﬁransforming two blocks of the
digital signal by one transforming element, wherein the
transforming element corresponds to a block-diagonal matrix
20 comprising two sub-matrices, wherein each sub-block comprises~
the transfoimation matrix and the transforming element

comprises a plurality of lifting stages.

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

stage for processing the blocks of the digital signal.

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

30 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:



further conprises: an inverse nodified discrete cosine transform
device 20 coupled to receive the data blocks and operable to
produce, in response, IntMDCT coefficients; means for conputing the
di fference between respective [IntMDCT coefficients and integer value
MDCT coefficients to produce respective residual MDCT coefficients;
and 25 an entropy coder coupled to receive the residual MXCT
coefficients and operable to geneéate, in response, a |ossless

enhancenent_ bi tstream. T [ b 19410, %ﬁi | Rt he
t ransf or matd cﬂ?dﬁﬁll érgﬁﬁégﬁﬁreﬁ %%Fqg%n%%ngggﬁgaﬁﬁ%t fean %dec&gder
coupl egetoiveameve pheapiryepf dakhyblaksedndi cetiigarednde operable to

out put, in,response, a ge ded_bitstrea [ £ quanti zer
coupl eHOFﬁl?gégWgoﬁéaﬁ c‘g%éad PFst]FnetéJmﬁgﬁg ) prlggélg%?’ in response,
res% or e(cji mlvm@:aﬁaeiéfﬁ cogpled t@ reoathengachi oL cthupMBETio recei ve the
restore CT. 5 coefficients and operabl.e tQ & nd.ahl\/oDCé‘!
coePf i GPEAEIEFITEN 5 %@?t*ﬁﬁ]ij@?eg%laeaﬁoi 8%?‘%%‘3’&%%8 1'Ce "coupl ed
to rec%gﬁtim M@gtm@ifiggﬁlﬁgitream and to produce in generate in
response, a _reconstructed_ cop oa he perceptual |y coded signal. 10
13 e devt dtoPRETan RPERISTIEIBLF (1R FEPRRET OF AT ERE T
CONpri $@8¥ coefficients, the bit stream producing, in response, a

perceptually coded bit stream;

10 an inverse quantizer coupled to receive the quantized
MDCT coefficients, the inverse quantizer operable to restore
the MDCT coefficients to an non-quantized state; and
a rounding unit coupled to receive the restored MDCT
coefficients and operable to produce integer value MDCT

15 coefficients.

11. The device of claim 10, wherein the transformation unit
Further comprises:
an inverse modified discrete cosine transform device
20 coupled to receive the data blocks and operable to produce,
in response, IntMDCT coefficients;
means for computing the difference between respective
IntMDCT coefficients and integer valﬁe MDCT coefficients to
produce respective residual MDCT coefficients;.and
25 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
30 fﬁrther comprises:
a bitstream decoder coupled to receive the perceptually
coded bitstream and dperable to output, in response, a

decoded bitstream;



an entropy decoder coupled to receive the |lossless bit stream and
operable to generate, in response, residual 15 Int MDCT coefficients;
nmeans for adding the residual IntVMDCT coefficients to the integer
val ue MDCT coefficients to produce IntMDCT coefficients; and an

i nverse I nt MDCT device coupled to receive the 20 sunmation of the

i nteger value MDCT coefficients and,the [IntNVDCT coefficients to
produce a reconstructed copy of thé- |osslessly coded audi o signal.
14. A conput gh iresdabl @amedzum dawirg &opragiam tiee odeledied?5 t her eon,

wherein the programis adapted {o make a conputer orm a net hod
f or trar@ftéltgiaﬂg a&‘ddfaiﬁ%%regnhﬁl 155 Che * S’l%ﬁﬁeﬁolﬁﬁﬁw into the
frequensgenBidni}d vice versa using a transformation function
conprising a transformation matrix, the, digital s'gnq& conpri si ng
data synbol s2afPERE gty FaERIeSFq FEGERY D aF??é o7 Bi%c¢ks, each
bl ocls cuPFirSENehias RhASIdedenthaiunel kbl MimtraceyAbotSend 6

conput er readabl e nedium conprising: 38 code for transformng two
bl ocks ¢ fREegegivdlesiafdhl by one transfornming el ement, wherein the

transform ng, gl fERALe MR BERORLSCAD18aDLE Checdiiag0RRE FRIIrEd

conprising two sub- matrices,. wheréin each sub-block conprises the
t r ansf oMY ehreammepd xtamdogreet inEPGrAt fge FEFRARSRonpri ses a

plurali tJ.yec%fnstLﬁé%eidng ﬁ%a&e%h@nge%@gt%ﬂamga&taéd Etypgistage conprises
the processing o su%- | ocks of the digital signal by an auxiliary
~trandformati on and by a rounding unit:

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
15 - IntMDCT ccefficients;
means for adding the residual IntMDCT coefficients to
the-iqteger value MDCT coefficients to produce IntMDCT
coefficients; and
an inverse IntMDCT device coupled to receive the
20 summation of the integer value MDCT coefficients and the
IntMDCT coefficients to produce a reconstricted copy of the ’

losslessly coded audio signal.

14, ‘A computer readable medium having a program recorded

25 thereon, wherein the program is adapted to make a computer
perform a method for transforming a digital signal from the
time domain iﬁto the frequency domain and vice versa using a
transformation function comprising a transformation matrix,
the digital signal comprising data symbols and being divided

30 into a plurality of blocks, each block comprising a
predefined number of the data symbols, the computer readable

medium comprising:
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code 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 comprisés the transformation
matrix and the transforming element comprises a plurality of
1lifting stages and wherein each lifting stage comprises the
processing of sub-blocks of the digital signal by an

auxiliary transformation and by a rounding unit.



