Devi ce and Met hod for Processing a Signal having a Sequence of Discrete
Val ues Description 5 The present invention relates to signal processing and
particularly to signal processing of sequential values, such as audio
sanpl es or video sanples, which are particularly suitable especially for

| ossl ess coding 10 applications. The present invention is further suitable
for conpression algorithnms for discrete values conprising audi o and/ or
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Huf fman or arithnetic coding. 20 Mbdern audi o codi ng net hods, such as MPEG
Layer3 (MP3) or MPEG AAC, use trapgferfseisHch as the so- cal | ed nodi fi ed
di screte cosine transform (MDCT), to obtarm a bl ock-wi se frequency
represéhtatlon of an audio signal. Such an audio coder usually obtains a
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principle, ourter rans orm or reasons, a varie

Fouri é© tr@ﬁ@lb@ﬁ?l@@%h as an FFT or, as discussed, an MDCT, nay be

enpl oyed for this. The block of 35 audi o spectral val ues at the out put of
the filter_pank may then be processed further, as necessary In the above
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image information, and particularly for coding algorithms

15 including a transform in the frequency domain or time
domain or location domain, which are followed by a coding,
gsuch as an entropy coding in the form of a Huffman or
arithmetic coding.

20 Modern audio coding methods, such ag MPEG Layver3 (MP3) or
MPEG AAC, use transforms, such as the so-called modified
discrete cogilne transform (MDCT), to obtain a block-wise
frequency representation of an audio signal. Such an audio
coder usually obtains a stream of time-discrete audio

25 samples. The stream of audio samples 1s windowed to obtain
a windowed block of for example 1,024 or 2,048 windowed
audio samples. For the windowing, various window functions

are employed, such as a sine window, etc.

30 The windowed time-discrete audio sampleg are then converted
to a spectral representation by means of a filter bank. In
principle, a Fourier transform or, for special reasons, a
variety of the Fourier transform, such as an FFT or, as
discussed, an MDCT, may be employed for this. The block of

35 audio spectral values at the output of the filter bank may
then be processed further, as necesgsary. In the above audio
coders, a quantization of the audio gpectral wvalues

follows, wherein the quantization stages are typically




chosen so that the quantization noise introduced by the quantizing is
bel ow t he psychoacoustic nmasking threshold, i.e. is "masked away". The
guanti zation is a lossy coding. |In order to obtain further data anount
reduction, the 5 quantized spectral val des are then entropy-coded, for
exanpl e by means of Huffrman coding. By adding side information, such as
scale factors etc., a bit stream which my be stored or transmtted, is
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. uency-ti ackwar Fans m or der
achi eVl gostirepaquedsyrsekesti vity, nodern audio coders typically use
bl ock overlap. Such a case is 30 illustrated in Fig. 6a. First for exanple

2,048 tinme- discrete audio sanples are taken and w ndowed by neans of
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sanpl es anguphoyizeas spekit@el afa12Nd M AHdDWelke SaAPbLHa ONoh NByOMERHE Sicde. 1N
order 19 2ghste SNV Sh giecan.,a Sgrend Hleck, of 24w pdoyegsarm) o
402 i nlFi gepéatonlly faluerasars Dirstardrttyrophhels;d®l to obtain the
quantized spectral values. The quantized sgpectral wvalues
are then inversely quantized to obtain decoded gpectral
values comprising gquantization noise, which, however, is
below the psychoacoustic masking threshold and will thus be
20 inaudible. These spectral values are then converted to a
temporal representation by means of a synthesgis filter bank
to obtain time-discrete decoded audio samples. In the
synthesis filter bank, a transform algorithm inverse to the
transform algorithm has to be employed. Moreover, the
25 windowing has to be reversed after the frequency-time
backward transform.

In order to achieve good frequency selectivity, modern
audio coders typically use block overlap. Such a case is
30 illustrated in Fig. 6a. First for example 2,048 time-
discrete audio samples are taken and windowed by means of
means 402. The window embodying means 402 has a window
length of 2N samples and provides a block of 2N windowed
samples on the output side. In order to achieve a window
35 overlap, a second block of 2N windowed samples is formed by
means of means 404, which is illustrated separate from
means 402 in Fig. 6a only for reasons of clarity. The 2,048

samples fed to means 404, however, are not the time-




sanples fed to neans 404, however, are not the tinme - 3 discrete audio
sanpl es i medi ately subsequent to the first w ndow, but contain the second
hal f of the sanples wi ndowed by neans 402 and additionally contain only
1,024 "new' sanples. The overlap is syRbolically illustrated by neans 5
406 in Fig. 6a, causing an overl apping degree of 50% Both the 2N w ndowed
sanpl es out put by neans 402 and the 2N w ndowed sanpl es out put by neans
404 are theédssubjrected oo sy dMDGhrad gt d Tym ﬁybdir@@mén@ftﬁléahé 408=and

410, resp |y Means , 408 qvi_des pectral .values for the .10 first
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w ndow, i.e. th an index Xk, decoded t enpor al sanpl es resul t
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function ofthee#igstlGindichnd thal sechebeniadoq as add function, the
wi ndowi ng 35 performed in the coder schematically illustrated by Fi g. 6a
is taken into account sonmewhat automatically, so that no

15 In the decoder, the N sgpectral values of the first window,

as shown in Fig. 6b, are fed to means 412 performing an
inverse modified discrete cosgine transform. The same
applies to the N spectral values of the second window. They
are fed to means 414 also performing an inverse modified
20 discrete cosine transform. Both means 412 and means 414
each provide 2N samples for the first window and 2N samples

‘for the second window, respectively.

In means 416, designated TDAC (time domain aliasing

25 cancellation) in Fig. &b, the fact is taken into account
that the tweo windows are overlapping. In particular, a
sample y; of the second half of the first window, i.e. with
an index N+k, is summed with a sample vy, from the first
half of the second window, i.e. with an index k, so that N

30 decoded temporal samples result on the output side, i.e. in
the decoder.

It is to be noted that, by the function of means 416, which
is also referred to as add function, the windowing
35 performed in the coder schematically illustrated by Fig. 6a
is taken into account somewhat automatically, so that no
explicit *“inverse windowing” has to take place in the

decoder illustrated by Fig. 6b.




explicit "inverse window ng" has to take place in the decoder illustrated
by Fig. 6b. - 4 If the window function inplenmented by neans 402 or 404 is
designated W k), wherein the index k represents the tine index, the
condition has to be net that the squared wi ndow 5 wei ght w(k) added to the
squared wi ndow wei ght W N+k) together are 1, wherein k runs fromO to N1
If a sine w ndowis used whose wi ndow wei ghtings follow the first
hal f -wave of the sine function, this condition is always net, since the

square of tlie t$icngyiafith heLSEase %pi@ﬁen%@dcﬁ?’i e rROdIEToF egght 15N the
value 1 for, each angle. In tgﬁ wi ndow_net hod wi f h subsequent NDCT function

descri bed PRSEPGRCEE, W Hiss WReHBVANTAGe R hat CIRPTSHATSW HRE b Le
mul tiplicathdexof taet icverdditserettaissamliee whentist t bhaksggaebkdawshaew

i ndow, . i hi dwth a f ting: int ,_ Si t.h [
angl o ot aanoHCanho “Fist g€ abBS” nBE 9T ERd BTSN e palt™F Fom t he
angl e of QOgeegeeeﬁxﬁEmbn whemeiint dgeruns nExrdinsar ete ¥anpl € anesine
wi ndowed, {; Aaki,ngrHoi,ak gn S %%ésale:g %%é:géhﬁ&?g? 290%89&0"\4 - ¢]pggefore,

even if no_psychoacoustic coder is _ ' oSsl'eéss coding is to be
achi eved, {adarwzaei oif wihe dnendoeasaign at thhe cemstittish neansl#egsand

410, respegbtvelginad tRebaqabhe tor PenboldNdLagonabhy MRpageable epkropy
codln%: Generally, currently known |n%§ger transforns for | ossless audio

y ]
and/ ori%i dE65¢BEi HGISFEeELEEPHEE BY ANGc¥BhANSsit £6K ©8Fht RBILRansf or ms used
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G vens rotation., Thus. roundi errar,is introduced i ch_step. For
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| ong transforns aré used prOV|d[ng, for exanple, 1,024 spectral values,

such as®jt thinking of a sine window, is achieved with a floating-
point number, since the sine of an angle between 0 and 180
degrees does not yield an integer, apart from the angle of
90 degrees. Even when integer time-discrete samples are
windowed, fleoating-point numbers result after the

20 windowing.

Therefore, even if no psychoacoustic coder is used, i.e. if
lossless coding is to be achieved, quantization will be
necegsary at the output of means 408 and 410, respectively,

25 to be able to perform reasonably manageable entropy coding.

Generally, currently known integer transforms for lossless
audic and/or video coding are obtained by a decomposition
of the transforms used therein into Givens rotations and by
30 applying the lifting scheme to each Givens rotation. Thus a
rounding error is introduced in each step. For subsequent
stages of Givens rotations, the rounding error continues to
accumulate. The resulting approximation error becomes
problematic particularly for lossless audio coding
35 approaches, particularly when long transforms are used
providing, for example, 1,024 spectral values, such as it
is the case in the known MDCT with overlap and add (MDCT =
modified discrete cosine transform). Particularly in the




is the case in the known MDCT with overlap and add (MDCT = nodified

di screte cosine transform . Particularly in the - 5 higher frequency
range, where the audio signal typically has a very |ow energy anount
anyway, the approximation error may quickly becone | arger than the actual
signal, so that these approaches are problematic with respect to 5

| ossl ess coding and particularly with respect to the coding efficiency
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Y. Zeng 18oeslesamadzngliand paﬁteg@ﬂasﬂwuyot@areﬁpangfcpnthbasedlog
lifting fae&eabaahbgnthatnmagfoachh%éé%%g_t'Vay 2001, pp. 1,181 - 1,184,
K. Komatsu and K. Seézaki Reversi b screte Cosine Transfornf, in Proc.
| CASSP, 1998, vol. 3, pp. 1,769 - 1,772, P. Hao and Q Shi, "Matrix 20
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within a tranﬁfor roundi ngs mnust perforne nang times, 1.e. after

each |iftPHG SEBHEI8E thans B&WFl@ﬁParIVriﬁxﬁﬁﬁéev AR Y. Zeng,

15 G. Bi and Z. Lin, ,Integer sinusoidal transforms based on
lifting factorization™, in Proc. ICASSP’01, May 2001, pp.

1,181 - 1,184, K. Komatsu and K. Sezaki, ,Reversible
Discrete Cosgine Transform®, in Proc. ICASSP, 1998, vol. 3,
PP - 1,769 — 1,772, P. Hao and Q. Shi, LMatrix

20 factorizations for reversible integer mapping™, IEEE Trans.
Signal Processing, Signal Procesgsing, vol. 49, pp. 2,314 -
2,324, and J. Wang, J. 8un and S. Yu, ,1-d and 2-d
transforms from integers to integers™, in Proc. ICASSP’03,
Hongkong, April 2003.

25
As mentioned above, the integer transform described there
are based on the decomposition of the transform into Givens
rotations and on the application of the known lifting
scheme to the Givens rotations, which results in the

30 problem of the accumulating rounding errors. This is
particularly due to the fact that, within a transform,
roundings must be performed many times, i.e. after each
lifting step, so that, particularly in long transforms
causing a corresponding large number of lifting steps,

35 there must be a particularly large number of roundings. As
described, this results in an accumulated error and

particularly also in a relatively complex processing,



causing a corresponding |arge nunber of lifting steps, 35 there nust be a
particularly | arge nunber of roundings. As described, this results in an
accurul ated error and particularly also in a relatively conpl ex

processing, - 6 because rounding is pePfornmed after every lifting step to
performthe next lifting step. Subsequently, the deconposition of the NMDCT
windowng will 5 be illustrated again with respect to Figs. 9 to 11, as

descri bed bachEsd0129240 nd ,ishesefdrivdd Sadeeemeasirti an fofind hec MPClo

W ndowi ng intg C§VE§S rotEt&ogg.mjth lifting matrices and correspondi ng
roundi ngs P§TA8VANt8GeBEEFy - +E6/BPnEEFE Wi th the concept discussed in Fig.
1 for the 10 conversion and in Fig. 2 for the inverse conversion, to
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contrast to,30 t funct onO§08 of Fig. 6a which only generates N
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Fig. 3 shows an overview diagram for the inventive
preferred device for processing time-discrete samples
representing an audio signal to obtain integer values based
on which the Int-MDCT integer transform algorithm is
20 operative. The time-discrete samples are windowed by the
device shown in Fig. 3 and optionally converted to a
spectral representation. The time-discrete samples supplied
to the device at an input 10 are windowed with a window w
with a length corresponding to 2N time-discrete samples to
25 achieve, at an output 12, integer windowed samples suitable
to be converted to a spectral representation by means of a
transform and particularly the means 14 for performing an
integer DCT. The integer DCT is designed to generate N
output values from N input wvalues which is in contrast to
30 the MDCT function 408 of Fig. 6a which only generates N
gspectral wvalues from 2N windowed samples due to the MDCT

equation.

For windowing the time-discrete samples, first two time-
35 discrete samples are selected in means 16 which together
represent a vector of time-discrete samples. A time-
discrete sample selected by the means 16 is in the first

quarter of the window. The other time-discrete sample ig in




equation. For windowi ng the tine-discrete sanples, first two tinme- 35

di screte sanples are selected in neans 16 whi ch together represent a vector
of tinme-discrete sanples. A tinme- discrete sanple selected by the neans 16
isinthe first quarter of the wi ndow 7The other tine-discrete sanple is
in - 7 the second quarter of the wi ndow, as discussed in nore detail wth
respect to Fig. 5. The vector generated by the neans 16 is now provided

with a rotahbonsd@ind X Rhrkle &f M of;Aqgw?, henekputBEs operabikan is
not perforg?d 5 dlne%;%y, but Q¥hneans of several so-called I|ft|ng
matrices. ASFREL WY CRatPsRSEs Thed Yhoper t1P% oVeohpF i 98RehriednkY EP&nent
dependi ng nrahbe M ndewwwangrbet dgdunemital at ordtldtidd artr@%. dihethe
factori zati f.wavel et transforns in |iftin teps . s resented in the
speci al | ot SpUERPLAR &n * Fct GHTG NBVEFEE OPPRRLFOPNSS MG LPFETRG "&heps:
| ngri d DaubBérkiresyandbvitm & Swedadens,ofPr epevatral Bekb-tabbedt oliiés ingucent
Technol ogi gg+34996. Cenerally, a lifting scheme is a sinple relation

bet ween perfectly reconstructing filter pairs having the sane |ow pass or
hi gh-pass filters. Each pair of conplenentary filters nmay be factorized

into |ifti Ag B{MPEng 2Rhathik apRLi ehePaptbputay! kd Oc@n)éﬁﬂ§er QUrdlly} OBSie
Consi der th case 1 n i.ch the on,h%fe matrix is.a vens rotation. The
fol | owi ng Fﬁsweaﬁpﬁﬁ8gﬁ 2§9b8?aﬂ%?xﬁi¥.OWc%B%ndsPﬁbn%hﬁnﬁqBa 8Pa Isin a
cosa (1d sbm &01.0 1 (1) Each of the three lifting matrices on the
right-hand side of the equal sign has the value "1" as main diagonal 30
el enent. There is further, in each lifting matrix, a

The factorization of wavelet transforms in lifting steps is

presented in the specialist publication "Factoring Wavelet
Transforms Into Lifting Steps", Ingrid Daubechies and Wim

15 Sweldens, Preprint, Bell Laboratories, Lucent Technologies,
1996. Generally, a 1lifting scheme is a sgsimple relation
‘between perfectly reconstructing filter pairs having the
‘same  low-pass or high-pass filters. Each pair of
complementary filters may be factorized into lifting steps.

20 This applies particularly to Givens rotations. Consider the
case in which the polyphase matrix is a Givens rotation.
The following then applies:

cosa —sing 1 cese-d 1 0Y(1 el
25 . = sSma . sina (1)
sin cosex 0 1 sing 1,10 1

Each of the three lifting matrices on the right-hand side
of the equal sign has the wvalue "“1” as main diagonal
30 element. There 1is further, in each 1ifting matrix, a
secondary diagonal element equal to 0 and a secondary

diagonal element depending on the rotation angle o.

The wvector is now multiplied by the third lifting matrix,
35 i.e. the lifting matrix on the far zright in the above
equation, to obtain a first result wvector. This is

illustrated in Fig. 3 by means 18. Now the first result




secondary di agonal elenent equal to O and a secondary diagonal el enent
depending on the rotation angle a. The vector is now nultiplied by the
third lifting matrix, 35 i.e. the lifting matrix on the far right in the
above equation, to obtain a first resul 8 vector. This is illustrated in
Fig. 3 by neans 18. Now the first result - 8 vector is rounded with any
roundi ng function nmapping the set of real nunbers into the set of

integers, @sctbkl Uy radedaéd Righ Bby PBAASiAS. fﬁhath%nouﬁ@t&ugﬁ the
nmeans 20, a rounded first result vector is_obtained. The rounded first

result vectSF i $Tnot Suppl FEPTLS nedREC22 HH6r  S@H t ik yi HAEFISH t has

central, iiglusecandd liif tFhyg. natﬂnx méengbum|1xtsehen®uw@uﬂtoﬂeeher
which is a rounde n t o_obt ounded econd esul t
vect or. Thgggﬂgunggd %e%gﬁ Hggs? r%ﬁx:esuls ng Suppi thE% 10

for muldipkphndeflt fbystheebifti mgchatr iis showsupplikd tefmeanﬁ Qaefabove
equati on, mugtlbmylhgr% ot afaidn a g t@”Qe&ﬁﬁ&'”lYfERﬂ }4{9&92

finally rounded neans nmeans 28 to finally obtain |nteg
sanpl es at tPhé’btéetFp@t SEFEGRY ARSURC aveet rdri¢leptesean bl muaﬂetihénsarre

15 is desifqednsnayw h@v;e S1ec Hen praOC@éﬁﬁdeay JERRIH lﬂeEQlth@d'tof Nt eger
spectral valuea at e trahéf ut 30. Preferabl& neans 14 is

i mpl ement e§°HE PRt & Ifﬁﬂl TheSEESLr de 0% AY Pﬂéﬁ f &9 BT dffig to
type 4q DCYeokVinulwiphyanberigt by tise dgi viemimy ddier 10l slowdmgorquhei daft2 1 (

7L X ~m-= N X(K) L0881 4e( 2%&#@%}4 (2) éﬁcklggghoené:oefcfl (o] ntsr% of the

DCT-1V forman orthonorma Mat ri x. orthogonal matrirx may
be deconpos&drintrEswiy Nagior Grrénb ﬂOiail@@b1Ya§0dn§eds§Bd neandeot

speci al i st yeans 28 to finally obtain integer windowed samples at the
output 12 which, if a spectral representation of the same
15 1is desired, now have to be processed by means 14 to obtain

integer spectral values at a spectral output 30.
Preferably, the means 14 is implemented as integer DCT.

20 The discrete cosine transform according to type 4 (DCT-IV)

with a length N is given by the following equation:

X, (m)= %:’Z;;x(k)cos(z% Qk+1)2m+ 1)] (2)

25
The coefficients of the DCT-IV form an orthonormal N x N
matrix. Each orthogonal N x N matrix may be decomposed into
N (N-1)/2 Givens rotations, as discussed in the specialist
publication P. P. Vaidyanathan, "Multirate Systems And
30 Filter Banks", Prentice Hall, Englewood Cliffs, 1993. It is

to be noted that other decompositions alsc exist.

With respect to the classifications of the various DCT
algorithms, see H. S. Malvar, "Signal Processing With
35 Lapped Transforms", Artech House, 1992. Generally, the DCT
algorithms differ in the kind of their basis functions.

While the DCT-IV preferred herein includes non-symmetric




publication P. P. Vaidyanathan, "Multirate Systenms And 30 Filter Banks",
Prentice Hall, Englewocod diffs, 1993. It is to be noted that other
deconpositions also exist. Wth respect to the classifications of the
various DCT algorithnms, see H S. Mlvé& , "Signal Processing Wth 35
Lapped Transforms", Artech House, 1992. Generally, the DCT algorithns
differ in the kind of their basis functions. Wile the DCT-1V preferred
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relevant in audio coding In contrast to Video coding. I'n the follow ng,

there will e 22 WHAECUSTBTh MR YRe SFot aPPentanghe &ask FHéth@@n§choT ation

depends on Ittheyivkls Whseova T usgpbhaBbi sARoMBGE Wd hcanpbieiow | engtih efsedN may
be reduced.to a . di scrﬁte co%i‘fne transform.of the type IV with a |length N

This i s achfeved®y eXPHIErt Rrpdttor itng e FIRESD JpeFAEFontIA time
domai nl@nd compoenapl yvisgnbhe Ha0Bvavit im thdicasedinca HO%ouwerbap, tiche

| eft hal f e for a block t overlaps with the right half of the
pr ecedi ng Qfgld%?kCqug@Nbl ock t-1. The overl apping part of two consecutive
blocks t-1 and t is preprocessed in the tinme 25 domain, i.e. prior to the

transform ras Eakl Of\énbw@nglt ﬁﬁer@r %qqse%ebewe&ﬂsé@@swﬁuth&@ and the
out put 12 of Flg é mg 2-1-k)x, (2 +k) &
rotation angl £ t e Givens 'rotation depen s on the

15 window function.

An MDCT with a window length of 2N may be reduced to a

- discrete cosine transform of the type IV with a length N.
This is achieved by explicitly performing the TDAC

20 operation in the time domain and then applying the DCT-IV.
In the case of a 50% overlap, the left half of the window

for a block t overlaps with the right half of the preceding
block, i.e. Dblock t-1. The overlapping part of two
consecutive blocks t-1 and t is preprocessed in the time

25 domain, i.e. prior to the transform, as follows, i.e. it is
processed between the input 10 and the output 12 of Fig. 3:

oo lanty EREEN) e

The wvalues marked with the tilde are the wvalueg at the

30

output 12 of Fig. 3, while the x values not marked with a
tilde in the above equation are the valueg at the input 10

35 and/or following the means 16 for selecting. The running
index k runs from 0 to N/2-1, while w represents the window
funection.



X, -, (N-1-k) w(2-1-k) w2+k) JLx,(2 30 The values nmarked with the tilde are
he values at the output 12 of Fig. 3, while the x val ues not nmarked with
a tilde in the above equation are the values at the input 10 35 and/or
following the means 16 for selecting.- The running index k runs fromO to
N 2-1, while wrepresents the window function. - 10 5 10 15 From the TDAC
condition for the window function w, the following applies: Ilz / |z W~
+k I +w N -1-k | =1 (4) For certain angles ak, k =0, ..., N2-1, this

preprocess n may. b itten as G.vens . rotation

di scussed. %T%EI ﬂ&? e%g%&rre? ﬁ%/%‘?\sﬁ%aif ‘Yn“é'&g?’(ﬂ fHHCFHQHW"deO\R/he
functi on wfedlbelihgwsppdizssarctan] W N 2- 1- k) [/ (N2 + k)] (5 It is to be
noted that any wi ndow functions w may be 20 enployed as |ong as they
fulfill this TDAC condition. In the follow ng, a cascaded coder and decoder
are described vvith respect to Fig. 4. The tine-discrete sanples x(0) to
X(2N-1), il Rdowedi? toget her by a wi ndow, 25 are first selected
by the meam{? g——3145k| h=1hat the (4anple x(0) and the sanple x(N1),
i.e. a sanpl mthe? fir quarter of the wi ndow and a sanple fromthe
second quarter of the window, are selected to formthe vector at the

out put of the neans 16. The crossing arrows 30 schematically represent the
lifting multiplications and subsequent roundings of the neans 18, 20 and
22, 24 andF2@, ce28airesprfidsvely, K & obf ai.p Nig-int epes pragowedssanpl es at

10 in the time domain may be written as Givens rotation, as
discussed.

The angle o of the Givens rotation depends on the window
function w as follows:
15

o = arctan[w{N/2-1-k) / w(N/2 + k)] (5)

It is to be noted that any window functions w may be
20 employed as long as they fulfill this TDAC condition.

In the following, a cascaded coder and decoder are
described with respect to Fig. 4. The time-discrete samples
x(0) to x(2N-1), which are “windowed” together by a window,

25 are first selected by the means 16 of Fig. 3 such that the
sample x(0) and the sample x(N-1), i.e. a sample from the
first quarter of the window and a sample from the second
guarter of the window, are selected to form the vector at
the output of the means 16. The crossing arrows

30 schematically represent the 1lifting multiplications and
subsequent roundings of the means 18, 20 and 22, 24 and 26,
28, respectively, to obtain the integer windowed samples at
the input of the DCT-1IV blocks.

35 When the first vector has been processed as described
above, a second vector is further selected from the samples
x(N/2-1) and x(N/2), i.e. again a sample from the first



the input of the DCT-1V bl ocks. 35 When the first vector has been processed
as described above, a second vector is further selected fromthe sanples
X(N2-1) and x(N2), i.e. again a sanple fromthe first - 11 quarter of
the wi ndow and a sanple fromthe secondifuarter of the w ndow, and is
again processed by the algorithm described in Fig. 3. Anal ogously, all
other sanple pairs fromthe first and second quarters of the wi ndow are 5

processed. gihetsaneiprbeesdinigw arperd asamel & of réhethdi sdcoandghavteth

quarters of .t first w ndow. .Now there are 2N w ndowed .i nteger_s | es at
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to y(N-1). se integ spectral values now, fo aml e e_si,nmply
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becauskd t hehwkddawengeasd apeamsiogrlmed elad 4 nb@Jer Thet pihdovauéstebrrt he
right hal f oghorkg. &% 1%%6,‘4‘599%& IfdddStEAL gle m%do%ﬁ_gf&oggpggggapﬁg ng

of backward transform and "I nverse w ndow ng" operates inversel
coder. It RBERnEWRTEARE NG DGRrs & INEthar nejthet is eWindpvere iIbAERRET d

fj r anzf orm gbmp1BET-d¥, tde | EbusthatQehtteFi &f denhdheAHdAlng Vahiuaswof the
ecoder

Val Ues. of WREBPELENAg 3f Sidrorin i/ BTCTHE FH R gt FaRoPGPAPWES
i |l ust¥@at ednkagBirgsatples is supplied to a DCT-IV transform together
with the first quarter of the next window. The central
integer DCT-IV transform 32 shown in Fig. 4 now provides N
integer spectral walues vy(0) to vy{(N-1). These integer
spectral wvalues may now, for example, be simply entropy-
20 coded without an interposed quantization being necessary,
because the windowing and transform vyield integer output
values.

In the right half of Fig. 4, a decoder is illustrated. The
25 decoder consisting of backward transform and “inverse
windowing” operates inversely to the coder. It is known
that an i1nverse DCT-IV may be used for the backward
transform of a DCT-IV, as illustrated in Fig. 4. The output
values of the decoder DCT-IV 34 are now inversely processed
30 with the corresponding wvalues of the preceding transform
and/or the following transform, as illustrated in Fig. 4,
in order to generate again time-discrete audio samples x(0)
to x(2-N1) from the integer windowed samples at the output

of the means 34 and/or the preceding and following
35 transform.

The operation on the output side takes place by an inverse
Givens rotation, i.e. such that the blocks 26, 28 and 22,




in order to generate again tine-discrete audio sanples x(0) to x(2-Nl)
fromthe integer windowed sanples at the output of the neans 34 and/or the
preceding and following 35 transform The operation on the output side
takes place by an inverse Gvens rotatidm i.e. such that the bl ocks 26,
28 and 22, - 12 24 and 18, 20, respectively, are traversed in the opposite
direction. This will be illustrated in nore detail wth respect to the
second | i f gkngnamtigi,x 2af, Q@@dmﬁelwe&ke(im&&n@s@@dﬂm)théeoﬁpsgmderesult

t f by 5. qultiplicat th ded t It b
Uhe. econt FRFLERY- mathis Pietnd ot LprerbPHoving "eker diti Vechits:
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a. Here, the roundi unction r roduced, as i1llustrated’in the
foll owﬁng @a&’aﬂpéhca%ovx 9h I—Klskey¥p@%s1|eﬁa)3§ll(8ﬁ9 ﬂ'ﬁsglbpéﬁe@ttaoefn by pbef ormed

by the rreaaécaﬁd anIﬁggJ MERSS MBRY 437, t@@e desest) ng S e4pkkBgd-AS
fol |l ows: , Yy -r(x'sin a)) (8) 25 Due to the"mnus sign in

front of tﬁ@SPi ﬁdlng operatlon it becomes apparent that the integer
apprOX|nat|on of the lifting step may be reversed w thout introducing an

error. SX?EPLEP?t“Hﬂng th|§ PpprOX|nat|on to each of the three |lifting

steps | ead nteger apprOX|nat|on of the 30 G vens rotation. The
roundeldd rotation (in the coder) may be reversed (in the decoder) w thout

I ntroduci ”Qhé”v%rlh%rs t}%’ % %eco Ié‘gri -Ilg'é(f:fcﬁsg &8”%‘]‘5‘9%&1&%&&9 étﬁ g in

reverse order, 1. ng t gorlt per o r med
fronlbottoﬁPF69?55 Thls, however, does not apply to the value x sin

¢. Here, the rounding function r must be introduced, as
illustrated in the following equation:
15

(x, v} (x,y +r(xsine))  (7)
This operation is performed by the means 24.

20 The inverse mapping (in the decoder} is defined as follows:

() (x, y—r(x'sine)) (8)

25 Due to the minus sign in front of the rounding operation,
it becomes apparent that the integer approximation of the
lifting step may be reversed without introducing an error.
The application of this approximation to each of the three
lifting steps leads to an integer approximation of the

30 Givens rotation. The rounded rotation (in the coder) may be
reversed (in the decoder) without introducing an error by
traversing the inverse zrounded lifting steps in reverse
order, i.e. if 1in decoding the algorithm of Fig. 3 is
performed from bottom to top.

35
If the rounding function r is point gymmetric, the inverse
rounded rotation is identical to the rounded rotation with

the angle -o and is expressed as follows:




35 If the rounding function r is point symretric, the inverse rounded
rotation is identical to the rounded rotation with the angle -a and is
expressed as follows: - 13 cosa sina sina cosa) (9) The lifting matrices
for the decoder, i.e. for the inversee B2 Gvens rotation, in this case
result directly fromequation (1) by nmerely replacing the expression "sin
a" by the expression "-sin an. In the follow ng, the deconposition of a
common MDCT with 10 overl apping windows 40 to 46 is illustrated again with
respect to kig, S5¢nlje windows 40 to 46 each have a 50% overlap. First,

G vens rotétl_ons are perfopped per wwndow within the first and second
quarters of\—amg nddwWwand/or wthin the third and fourth quarters of a

wi ndow, as 15 illustrated schematically by arrows 48. Then the rotated

val ues, i.e. the wi ndowed integer sanples, are supplied to an N-to-N DCT
such t hat Fhgays fthecs esdmd casd fdy rthe gdegoées, of - a- wiadowhendnivieeskourt h

and first guaeher $oehedonsubsequent c\a@s@d%suﬁ%saﬁ%%%gy £rBHE eﬁ,\e%&@d to
b a -1'v al

a 20 spectral representation together by neans o orithm The

common G véhd rBY atiisl ar ESPREFARSr et BB c SHERERREGH 0 “SEPf t ®*hg BHat EREes

whi ch are exggdkedosequent all.y, wherein, 25 after each lifting matrix
multiplication, a rounding step is inserted such that the floating point
nunbers are rounded inmediately after being generated such that, prior to
each nul ti ghi ¢catd ofivfowinegsuthe vdetompwistiiiianl idft iangcommen i XPCrheritasul t

Lot a1 e s persundBd1a PULBLL LS, LB ELNBNO 481 Tyjhoger
regspect to Fig. 5. The windows 40 to 46 each have a 50%
overlap. First, Givens rotations are performed per window
within the first and second qguarters of a window and/or
within the third and fourth quarters of a window, as

15 illustrated schematically by arrows 48. Then the rotated
values, i.e. the windowed integer samples, are supplied to
an N-to-N DCT such that always the second and third
quarters of a window and the fourth and first quarters of a
subsequent window, regpectively, are converted to a

20 spectral representation together by means of a DCT-IV

algorithm.

The common Givens rotations are therefore decomposed into
lifting matrices which are executed sequentially, wherein,

25 after each lifting matrix multiplication, a rounding step
is inserted such that the floating point numbers are
rounded immediately after being generated such that, prior
to each multiplication of a result vector with a lifting
matrix, the result vector only has integers.

30 ‘
The output values thus always remain integer, wherein it is
preferred to use also integer input wvalues. This does not
represent a limitation, because any exemplary PCM samples
ags they are stored on a CD are integer numerical values

35 whose wvalue range varies depending on bit width, i.e.
depending on whether the time-discrete digital input wvalues
are 16-bit values or 24-bit values. Nevertheless, the whole




represent a limtation, because any exenplary PCM sanples as they are
stored on a CD are integer nunerical values 35 whose val ue range varies
depending on bit width, i.e. depending on whether the tinme-discrete
digital input values are 16-bit val ueslfor-24-bit val ues. Neverthel ess, the
whole - 14 process is invertible, as discussed above, by performng the
inverse rotations in reverse order. There is thus an integer approximation

of the MDGErwktBsperd eﬁﬁvef@mnétrla%tl@ﬂscusgedaab@w esssyt éﬂﬁi)@ﬂhﬂh 5 The
shown trans%ornlprOV| es |nt%%$r out put val ues nsteag qﬁ ng B0|nt
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transformis a substrtuti on Tor t analscrete cosine transform

O her txansform net hods, however, nay also be perfornmed with integers as
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a better f{eegHeneYceebACt 5y¥i tynas Ok aideebt hains Wikt ReArc@er kappl ng 20
bl ock tran%forns Due .to _the TDAC fugctlgn whi ch_i s already ken i.nto

account i nTRFHAGH ngRfri bPSRo EhePRFEN m-rTANSEPEM & Ss RﬁF?Hﬁm?
mai nt ailhedasaotiahgt hed otal puaberrefl spécidialental uelS repeesemtisrgtan

audio ot angllAceaual b (ENRSEALAl 0UIDSlLaL,LORYELSAR! ehe FR4CRTRATed to

a nor mal . rovidi ng I'ng point sa escri erred
i nt eger trdﬁgf:@raﬁ.eshomsxlmt tthensisizse coﬁ’pheéd ttoranrt gror namevbesi s

increased @pl¥vikR they PR nad ﬁéﬂsem@dwl%h LRl dry ldd t16ngi g8ak
| evel , while 30 this n0|se i ncrease does not becone "noti ceabl e at
decomposition into rotations and a decomposition of the

15 <rotations into lifting steps is possible.

The integer MDCT has most of the favorable properties of
the MDCT. It has an overlapping structure, whereby a better
frequency selectivity is obtained than with non-overlapping
20 block transforms. Due to the TDAC function which is already
taken into account in windowing prior to the transform, a
critical sampling is maintained so that the total number of
spectral values representing an audio signal is equal to
the total number of input samples.
25
Compared to a normal MDCT providing floating point samples,
the described preferred integer transform shows that the
noise compared to the normal MDCT ig increased only in the
spectral range in which there is little signal level, while
30 this noise 1increase does not become noticeable at
significant signal 1levels. But the integer processing
suggests itself for an efficient hardware implementatiomn,
because only multiplication steps are used which may
readily be decomposed into sghift/add steps which may be
35 hardware-implemented in a simple and quick way. Of course,

a software implementation is also possible.




significant signal levels. But the integer processing suggests itself for
an efficient hardware inplenentation, because only nultiplication steps
are used which may readily be deconposed into shift/add steps which nay be
- 35 hardware-inplenented in a sinple and3gui ck way. O course, a software

i npl enentation is also possible. - 15 The integer transform provides a
good spectral representation of the audio signal and yet remains in the

area of intpgersinfbgeri t itS3pRFJed t%ﬁ&ﬂﬁespart@ of g@Bd audpecsignal ,
this results in ood ener % qﬁﬁentratlon W t th|s an efflclen{1
§> bé e

| ossl ess cb8PhG® E‘ﬁ@ﬁéoﬁa i #9d1Q pspgnel nffy Yalc TR Thet " ©

wi ndowi ng/ 'araasbcﬁr mritdeaester atvdbn | Dt Fiig. adpwith am ejﬁrraj]pypa::omrofl an

parti cul ar cked %pdlgﬁlgsk% 8§scare vaIuE§ quri |gne gogﬁdoln MPEG
AAC, isavanage 1t 1S preferr red 10 68 e dowral Fvalrues f)Bya
certairp poWethoththo ant ﬁlffuhéynti toeslasdesbhédgcedbenmeabby, banduihen

addi ti onal h%ﬁl ga tn?ﬂ rﬁéé&q? If‘c_gsﬁhe Shﬂg&&ﬁ@?}’t%ﬁﬁfohﬂ eqmégkaeadw th

the alterna _use rger e ta e descri be
al ternativéni §19h‘0r% e EGY aBT e SRLEP e gdPde¥ o e RAW kel TonsBRPERSA f or

15 stori ngcba@ngod@lhgble%%apén wlIRst, lpssi©esss C&ﬁﬁloﬁ@&” @In ab8G RAC,
obt ai ned b gB@ﬁ& mtting certain o%es of. the cﬁggst Si cant bits. In
I

parti cul ar RISOYISal St ° ehf r Bp§TEBHPHg boF & Y t% r VEpEEPr al
val uest@l | byosaaclenrglamoqjxom@xga:ﬂw twoorudtdahstlesny phtt snok tbeisednabdet he

coding 0ai p.bsel W amely, dug g dde f At Spect rum of o pshen gkgnal s,

i.e. due {0 a spec al ués  equa t o°0r
descri bed Bagyifiepne, bItsp. Imohﬁ®p©w1sbanwanhlhgetﬁét25n9énﬁﬁr@§nébeof

Per cept ual ,Audi or Coderarby-did ngafherror atlhe Nﬁ'e%@r%ﬁ@@' ngn {INRIE @@155 AES
Convention, Los Angel es, 1996, preprint 4384, this flatness may be used,

however, bJoTgsifRy ranlfedtt h cBPERFSN tPn thife $HREM cHORBHEPRIOM, for
altermaglvgtbslagprtﬂs;& ctbae Wdkl apenahooflmdwot Neksless coder could

also be obtained by simply omitting certain ones of the
least significant bits.

In particular for tonal signals, entropy coding of the
20 integer spectral wvalues allows a high coding gain. For
transient parts of the signal, the coding gain is low,
namely due to the flat spectrum of transient signals, i.e.
due to a small number of spectral values equal to or almost
0. As described in J. Hexrre, J. D. Johnston: “Enhancing the
25 Performance of Perceptual Audic Coderxrs by Using Temporal
Noise Shaping (TNS)” 101°% AES Convention, Los Angeles,
1996, preprint 4384, this flatness may be used, however, by
using a linear prediction in the fregquency domain. An
alternative is a prediction with open loop. Another
30 alternative is the predictor with closed loop. The first
alternative, i.e. the predictor with open loop, is called
TNS. The gquantization after the prediction 1leads to an
adaptation of the resulting guantization noise to the
temporal structure of the audio signal and thus prevents
35 pre-echoes in psychoacoustic audio coders. For lossless
audio coding, the second alternative, i.e. with a predictor
with closed loop, is more suitable, since the prediction

with closed 1loop allows accurate reconstruction of the




30 alternative is the predictor with closed | oop. The first alternative,
i.e. the predictor with open loop, is called TNS. The quantization after
the prediction leads to an adaptation of the resulting quantization noise
to the tenporal structure of the audiol&signal and thus prevents 35
pre-echoes in psychoacoustic audio coders. For |ossless audio coding, the
second alternative, i.e. with a predictor wth closed |oop, is nore

suitable, shpce BhgnAnediwBehoBhiw tBcaheged heopppllienstaceugaherated
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the sumand difference of the |left and the right channel of a stereo

signal, thenrewadedtbomakeonskast the advantageyobegneksy céoNsBEvAtien. The
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transform concept i ed wth respec provi des an i nteger
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W th respegtighe dmamwand de apséasagngd; sHpsequest rBaskuar dothanshonh®s By
the 25 rounding steps 20, 24, 28 and the correspondi ng roundi ng ﬁﬁgps in
t he integthBC?QMﬂW&ﬂgghPﬁrﬁﬁﬁiﬁy3§9n§?%ﬁﬁﬁ}%n- The Use of so-called

15 1Joint stereo coding techniques may be switched on or off
for each band, as it is also performed in the standard MPEG
BAAC. Further rotation angles may also be considered to be
able to reduce redundancy between two channels more

- flexibly.
20

~Particularly the transform concept illustrated with respect
to Fig. 3 provides an integer implementation of the MDCT,
i.e. an IntMDCT, which operates losslessly with respect to
forward transform and subsequent backward transform. By the

25 rounding steps 20, 24, 28 and the corresponding rounding
stepsg in the integer DCT (block 14 in Fig. 3), there is
further always possible an integer processing, i.e.
processing with more zroughly quantized wvalues than they
have been generated, for example, by floating point

730 multiplication with a lifting matrix (blocks 18, 22, 26 of
Fig. 3).

The result is that the whole IntMDCT may be performed
efficiently with respect to calculating.

35
The losslessness of this IntMDCT or, denerally speaking,
the losslessness of all coding algorithms referred to as

lossless is related to the fact that the signal, when it is




further always possible an integer processing, i.e. processing wth nore
roughly quanti zed val ues than they have been generated, for exanple, by
floating point 30 multiplication with a lifting matrix (blocks 18, 22, 26
of Fig. 3). The result is that the whol® 41 nt MDCT may be perforned
efficiently wth respect to calculating. 35 The | ossl essness of this

I nt MDCT or, generally speaking, the |osslessness of all coding algorithns
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| ossy coding;y 1I'n |gﬁ, as”i n The 'Cate of audi 6 coders operatin on a
psychodtousigpabasiTiisdat®a ane dbvistus evabtyastostoby shecxbbidglpreress
and particgbaihy, bynt heieUantisiing ol acess Gentialbedoby-a peyehpargustic
nodel . 10 O colrse, rounding errors are still 1 ntroduced. Thus, as_ ~shown
With respef? fo BH¥FRRGHSHE HPRTks, 2023t84 2128 1rnedni Pt epestar BY
performed wAkCheco@in§OoUsESaeddt rAEUICH At FQURGHIRG &Ff Ofhehi ghahtianhy
"elimnated" in _the decoggr 1g when th% i nverse operations are perforned.
Thus | ossl BE8“CE5dFRGFEREOERNEY cBnREYEPAPFPEFTESSBREFAI Iy from | ossy

codi ngiadecodi ng concepts in that, in |lossless coding/decoding concepts,

the roundigg &/fQLdl s tptfadueed S0 FQ%% e 178Y iqur%ci{%é@.t ﬁgh&&ai s While
this is not the fﬁ case I n SSy cpﬁlng decodi ng concepts. wever, if you
consi der t RBowsdetltdt ghaspeirte to i Bighe 3 exanphe dtleclamsROrmabder§, the

spect rum of-canhhagk sRbpst @MROTA - ARl ESvhidie, ropndbngsEn therbanvard
tranSformrounding error which is only “eliminated” in the decoder
15 when the inverse operations are performed. Thus lossless
coding/decoding concept differ essentially from lossy
coding/decoding concepts in that, in lossless
coding/decoding concepts, the rounding error is introduced

so that it may be eliminated again, while this is not the

20 case in lossy coding/decoding concepts.

However, if vyou consider the coded signal, i.e., in the
example of transform coders, the spectrum of a block of
temporal samples, the rounding in the forward transform
25 and/or generally the quantization of such a signal results
in an error being introduced in the signal. Thus, a
rounding error is superimposed on the ideal error-free
spectrum of the signal, the error being typically, for
example 1in the case of Fig. 3, white noise equally
30 including all frequency components of the considered
spectral range. This white nolse superimposed on the ideal
spectrum thus represents the rounding error which occurs,
for example, by the rounding in the blocks 20, 24, 28
during windowing, i.e. the pre-processing of the signal
35 prior to the actual DCT in block 14. It is particularly to
be noted that, for a losslessness requirement, the whole
rounding error must necessarily be coded, i.e. transmitted

to the decoder, because the decoder reguires the whole




25 and/or generally the quantization of such a signal results in an error
being introduced in the signal. Thus, a rounding error is superinposed on
the ideal error-free spectrumof the signal, the error being typically,
for exanple in the case of Fig. 3, whit® mnoise equally 30 including al
frequency conponents of the considered spectral range. This white noise
superi nposed on the ideal spectrumthus represents the rounding error
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during win r rocessing of the signal 35 prior to the
act ual q g%&?krfgonﬁ%r% %ﬁgptlcularly to be noted that, for a

Iosslessness reqU|renent the whole rounding error nust necessarily be
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Thus, there is also a requirement in lossless
codings/decodings that, on the one hand, a signal should be
losslessly reconstructable by special decoders, that,
20 however, a signal also should have a minimal rounding error
in its spectral representation to preserve flexibility in
that also non-ideal lossless decoders may be fed with the
spectral representation or that scaling layers, etc. may be
generated.
25
As discussed above, the rounding error is expressed as
white noise across the entire considered spectrum. On the
other hand, particularly in high quality applications, such
as they are especially interesting for the lossless case,
30 i.e. in audio applications with wvery high sampling
frequencies, such as 96 kHz, the audio signal only has a
reasconably signal content in a certain spectral range,
which typically only reaches up to, at the most, 20 kH=z.
Typically, the range in which most signal energy of the
35 audico signal is concentrated will be the range between 0
and 10 kHz, while the signal energy will considerably
decrease in the range above 10 kHz. However, this does not

matter to the white noise introduced by rounding. It




spectral representation or that scaling |ayers, etc. may be generated. 25
As di scussed above, the rounding error is expressed as white noise across
the entire considered spectrum On the other hand, particularly in high
qual ity applications, such as they arel®specially interesting for the

| ossl ess case, 30 i.e. in audio applications with very high sanpling
frequenci es, such as 96 kHz, the audio signal only has a reasonably signal
cont ent insapeenm@beeepe.a:tsreaﬂf r@feess WheCherdtipicatbys 0 yed eaphesrip to

t th t, 20 k T th h ] I
the 55 audrBP8rghhl ths BHOEM PheSaYw P oo5=PHA or SAgEPEEe nitn 2BeCRRA 0
kHz, whil erthgesi, gniale .eneygycally denstlder abii eyaummﬁm rangée wange above
10 ki, Fb%%é?é é%hh% %9?%&1? véfg f{téfét98d¥§' QissnégépOdHﬁggeby
es itse e fere

roundi ng. superi npo &CT 0SS |re con
spectrd$ Waﬁée be t palgi ghhe energ@inBheeresyl-t ﬂ@ t khe, Famspesimal

ranges, Par%i@h@%&hy 'HuéhetB'QHt%pe%bhaBe%%@ﬁﬁilﬂﬂghe nbRGLR, I Schg or
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| ossy codi egmeaneeptBe IadvéntggeODbecttﬁé s e S @t 1l e NEe@l ok @ oBr OVi de
an eff|C|enhﬁconcept ff ocessin %nals 20 Thi's objéct is achi eved by
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a device f o F88€S§th %ﬁ%|app ions alsc with corresponding
15 bit efficiency, as it is known from lossy coding concepts.

It is the object of the present invention to provide an
-efficient concept for processing signals.

20 This object is achieved by a device for processing a signal
having a sequence of discrete wvalues in accordance with
claim 1, a method for processing a signal having a sequence
of discrete wvalues 1in accordance with claim 18, or a
computer program in accordance with claim 19.

25
The present invention is based on the £finding that,
particularly in the context of lossless coding/decoding, a
rounding erroxr 1is spectrally shaped such that it is
“accommodated” in the frequency range of the signallto be

30 coded in which the signal has a high signal energy anyway,
and that, as a consequence, the rounding error is not
present in ranges in which the signal has no energy anyway.
While, in prior art, a rounding error was distributed white
across the entire spectrum of the signal in lossless coding

35 and particularly in lossless coding on the basgis of integer
algorithms, according to the invention, the rounding error
is superimposed on the ideal spectrum in the form of pink

noise, i.e. such that the noise energy due to the rounding




havi ng a sequence of discrete values in accordance with claim1, a nethod
for processing a signal having a sequence of discrete values in accordance
with claim18, or a conputer programin accordance with claim 19. 25 The
present invention is based on the fimdi4fy that, particularly in the
context of |ossless coding/decoding, a rounding error is spectrally shaped
such that it is "accommobdated"” in the frequency range of the signal to be
30 coded imsV\Agir@ﬁehlﬁe wHegral chassaghhPhhsisgnals eneslgysany igyal aﬁdrgpa:] , as
a consequence, the _raunding error _js not present in ranges.in ich the
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has no enetgyretsekf thdhystt hetworst case is 5 avoided, in which the
roundi ng error which is a stochastic signal and is thus difficult to code,
is the only signal to be coded in a frequency range and thus unnecessarily
i ncr edses Whenbicongatierihg \Aemuwlnsiglgmialg ian whidtln shgnahergywhschnt he
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15 energy, while the rounding error is mapped into the range

where the signal has a lot of energy anyway.

Particularly for lossless coding applications, thisg is in
contrast to prior art where a rounding error is spectrally
20 high-pass filtered to get the rounding error outside of the
audible range. This also corresponds to the case where the
spectral range in which the rounding error is present is
filtered out either electronically or by the ear itself to
eliminate the rounding error. For lossless coding/decoding,
25 however, the rounding error is absolutely required in the
decoder, because otherwise the algorithm used in the
decoder, which is inverse to the lossless coding algorithm,

generates distortions.

30 The inventive concept of the spectral shaping of the
rounding error is preferably used in lossless applications
with a high sampling rate, because, particularly in the
cases where spectra theoretically extend to up to more than
40 kHz (due to oversampling), the same gituation is

35 achieved in the high frequency range, in which there is no
signal energy anyway, 1.e. in which coding may be done very

efficiently, as in the case of a non-integer coding, in




contrast to prior art where a rounding error is spectrally 20 high-pass
filtered to get the rounding error outside of the audible range. This also
corresponds to the case where the spectral range in which the rounding
error is present is filtered out eithetl electronically or by the ear
itself to elimnate the rounding error. For |ossless coding/decoding, 25
however, the rounding error is absolutely required in the decoder, because
ot herwi se whechl ghei shonasedniorgyhd s dacadetrsravhighths hﬂgBrSEeQOEﬁh?

| ossl ess cQ g algorithm generates distortions. 30 The inventive concept
of the spec rgg shaping of the rounding error is preferably used in

| ossl ess applications wth a high sanpling rate because particularly in

the casespwuher t oret i t Iﬂgﬂ, k Hz
(due to ove?gg'qll%éi ﬁ?méggang §%%%%¥lg% ?gg 55 |eve %é?% hi ﬁd
frequerity Fﬁﬁgeroiﬂﬁ e crerere drifen sllfgnélrcéﬂ@rfwléhyﬁ@y, cpde, i &Swhich
codi ng miYSH@fgéﬂetbert)he efdhgd eﬁhwh a% Itwﬂ&equ,seb&ie@ lERﬁQE{;
coding, in_- ch the $ig ener so.zero int gg ﬁquency
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roundi ng easorqonvpm:xéﬁ [ soprtcl{ﬂ egakic 10 ehdeh ItShc—Shlrbtlﬁd:th theramnge whi ch
is typicall ry fln an t he over data _rate_of the signal
is thus re %%ggggggggo ar e ﬁte é caseaFﬁomﬁléﬁk%he Fﬁﬁﬁﬁlﬁa FrorYis
distrﬂﬂhteuaasemhFuethereerecrbbe thdisgt prefbrmgquency 20drhsgee also
‘Further nor gnet hgeeoding Py hFIRReRe and fience,als9se4he ﬂes 589 no

performance - is . increased, because no computing time has to be spent for
‘the codi ngCaRBuE&REdEAFS 8@StW@Ih%ﬂﬁﬂ?%&uﬁﬁkyth%nﬁédlﬂﬁeapﬁv@ﬁFP@éHEOncept

thus al SOOBa&H&ehngﬁulﬂré@ﬁén@fea ?l’e Signal jpreaessenkdiyede thus

achi eved on.the. part ., of the and on the t of the, decoder. In a
preferred 5Hﬁ8dpﬁﬁ %hgfqﬁﬁy rékﬁﬁ?%nSlgﬁ%{ pPocessing may be
15 achieved on the part of the coder and/or on the part of the
decoder.

In a preferred embodiment of the present invention, the
inventive concept of shaping/reducing the approximation

20 error is applied to invertible integer transforms,
particularly the IntMDCT. There are two areas of
application, namely, on the one hand, multidimensional
lifting, with which the MDCT is considerably simplified
with respect to the regquired rounding steps, and, on the

25 other hand, the rounding operations required in integer
windowing, such as they occur in the pre-processing prior
to the actual DCT.

According to the invention, an error feedback concept is
30 wused for the spectral shaping of the rounding error, in
which, according to the invention, the rounding error is
shifted to the fregquency range in which the signal being
processed has the highest signal energy. For audio signals,
and particularly also for video signals, this will be the
35 low frequency range, so that the error feedback system has
a low-pass property. This results in fewer rounding errors
in the upper frequency fange, in which there are normally

fewer signal components. In prior art, the rounding errors




i nventive concept of shaping/reducing the approximation 20 error is applied
to invertible integer transforns, particularly the IntMDCT. There are two
areas of application, nanely, on the one hand, multidinmensional lifting,
with which the MDCT is considerably simdified wth respect to the
required roundi ng steps, and, on the 25 other hand, the roundi ng operations
required in integer w ndow ng, such as they occur in the pre-processing

prior to phgga@l ugIn]c P01 h@@g@fdkagﬁteqhtx\thmV@né% OBhedn g@r resddeeghack
concept is used for t spectral shaping of the ro ing errQr, in

whi chy - accBPAPng RTFIHE | ML PORCSEheoF oUnth fg X FHr G5 ToRi 1T eALES" { he
frequency Rangedingwhochhehd msiegitalorheitigls processsy dwasot his hrgftesédsi gna
energy. Fot_audi 'g@g! , ggg ti.cul y..al r-vid i.anal this
will be th%n3§g$%mﬁ¢r.qd€né§ r ﬁ%@?‘%@ t%g#i% e%gg%%legeggggkggys %ﬁ]has
a | ow gassnpmbper ¢§. bfhsreasured Earfeadingoundi ng errors in the upper
frequency range, in which there are normally fewer signal conponents. In

prior art, the rounding errors - 22 prevail in the upper range, which nust
then be coBB8f§RASAt hFREMEATE t hefnufh® oPTBFERTr eqdi e ¥Vt cBdfng
Accordi ng tplthenklvenhi Omorihi Sgtundi ngs185w Orwitsh I egbigeslet | ncdhechegher
frequenci es, which dirﬁétl%.reduces tHe 5 nunber of bits required for

codi ng. 10°PFEFBPPEG EnBharBAEs oF VREBresent invention are explained in

nore detail below with respect to the acconpanying draw ngs, in which:

Fig. 1 shopgga bl OCkﬁﬁ&&Q“iat 1 89k am; Q% e &y, rhV%F Cﬁﬂgeghﬁeﬂ{iige
processi ng a~si gnal having a Sequenceé of discrete values; 15 Frg. 2a shows
a known concept for @&PgReRbsSospeEerabsistiapi A§IRAGUBRAVILREL RORCEREBEE 20

of discrete wvalues;

15 Fig. 2a shows a known concept for high-pass spectral

shaping a quantization error;

Fig. 2b shows a concept for low-pass shaping the rounding
error according to the present invention;
20
Fig. 2c shows a block circuit diagram according to a
preferred embodiment of the present invention for

the spectral shaping/rounding block;

25 Fig. 3 shows a block circuit diagram of a preferred
means for processing time-discrete audioc samples
to obtain integer wvalues from which integer

spectral values may be determined;

30 Fig. 4 ig a schematic illustration of the decomposition
of an MDCT and an inverse MDCT intc Givens

rotations and two DCT-IV operations;

Fig. 5 is an illustration for illustrating the
35 decomposition of the MDCT with 50 percent overlap

into rotations and DCT-IV operations;




Fig. 2b shows a concept for | ow pass shaping the rounding error according
to the present invention; Fig. 2c shows a block circuit diagram according
to a preferred enbodi mrent of the present invention for the spectral
shapi ng/ roundi ng bl ock; 25 Fig. 3 shows2& block circuit diagramof a
preferred means for processing tine-discrete audio sanples to obtain

i nteger values fromwhich integer spectral values may be determ ned; 30
Fig. 41is algcheaatighbxhéusar@tdm&fld hgidegonposétiion dﬁg@ml\/a@ and an
inverse MDCT into Gyvens otations erations: 35 Fig. 5is

an illustration for *??“%t? ?ﬁgw%EBaMHg€oﬁB€[j§|%%r FRE RSV RO i t h 50

percent overlap into rotations and DCT-1V operations; - 23 Fig. 6a shows
a schematic¢.hlo ci ' i agr er with

per cent overBap?E |géﬁ§%gs%oa§0§ﬁ%%%€%uéiréﬁ?#ﬁ%iad?%zéo g§§%n§§gogecoder
for decondi ng the val fies genedingdtby FajuesdOagneigted by Ehgill@@tratlon of
the lifting in windowng according to Fig. 3; 10 Fig. 8 is a "resorted"
|IIustrat|on of the lifting of Fig. 7 for windowing prior to the act ual
transform FEPg. 79 shdfis 2@h hbbw%ﬁbﬂnopft h‘éh%r eddfinpnent WeRIPELNI15

wi ndowi ng accordi ng 48c&rgsng3to’ragd 8; Figs. |0A - 10C show bl ock circuit
di agrams of a device for converting according to a preferred enbodi ment
of the present invention; 20 Fig. 11 shows a device for inverse converting
accor dithg Fﬁg.aaprefésred enbsdirnedt dfl ke rprdsentof i mhentiofting of

Fig. 7 for windowing prior to the actual
transform;
Fig. 9 shows an application of the present invention for
15 windowing according to Figs. 3, 7 and 8;

Figs. 10A - 10C show block circuit diagrams of a device
for converting according to a preferred
embodiment of the present invention;

20

Fig. 11 shows a device for inverse converting according

te a preferred embodiment of the present

invention;

25 Fig. 12 is an illustration of the transformation of two
subsequent blocks of values, as it is useable for

the present invention;

Fig. 13 is a detailed illustration of a multidimensional

30 lifting step with a forward transform matrix;

Fig. 14 ig an illustration of multidimensional inverse

lifting step with a backward transform matrix;

35 Fig. 15 is an illustration of the present invention for
the decomposition of a DCT-IV of the length N
into two DCT-IVs of the length N/2;




25 Fig. 12 is an illustration of the transformation of two subsequent

bl ocks of values, as it is useable for the present invention; Fig. 13 is a
detailed illustration of a nultidinensional 30 lifting step with a forward
transformmatrix; Fig. 14 is an illustra&ion of nultidinensional inverse
lifting step wwth a backward transformmatrix; 35 Fig. 15 is an
illustration of the present invention for the deconposition of a DCT-1V of

the |engthphg.i N0 t ¥ACRET-A1Vs a@‘pltﬂ&etlleﬂgt BEN 2he - dfrertiigre 1@oﬁbepe an
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successive lifting 3$LépsnglOfFFYg.180Fs an illustration of the concept for
reducing the rounding error in tw successive lifting steps of Fig. 17,
and Fig. 19 shows an inventive conbination of the concept of Fig. 18 with
the congepFigh Ei’g. 18. 348 Fipludtsioimna eevitow f euqeesedysi ndidtdngnal
having a sequence ofdiscrete values which is input to means 202 for
mani pul ating via a signal input 200. The signal is typically formed to
have a first frequency range in which the signal has a high energy and to

have a secend.fnequensy =20 iEDQQttﬂt!\BhCQaﬂ hehsi @RAlchas ﬁoﬁomahetmge

|l ow energy. If the ;brst Si g is an audjo signal, it w,ll v& the hig
energy in the first Equﬁﬂﬁg HaAges %%, th t (ﬁﬁcqﬁﬁgéﬁghci Lhge, and
wi |l hbve the | ow enstgpsi nft Réghi gh; &ndquency range. 1f, however, the
signal is a video signal, 25 it will also have the high energy in the | ow
range, and wl | have the | ow energy in the high range. In contrast to the
audi o si gn&ig-t RE fr egawaAcpy digenti ieheconilfem sigmapt the concept of

Fig. 18 with the concept of Fig. 16.

15 Fig. 1 shows a device for processing a signal having a
gsequence of discrete values which is input to means 202 for
manipulating wvia a sgignal dinput 200. The signal is
typically formed to have a first frequency range in which
the signal has a high energy and toc have a second fregquency

20 range in which the signal has a comparatively low energy.
If the first signal is an audio signal, it will have the
high energy in the first frequehcy range, i.e. in the low
frequency range, and will have the low energy in the high
frequency range. If, however, the signal is a video signal,

25 it will also have the high energy in the low range, and
will have the low energy in the high range. In contrast to
the audio signal, the frequency range in the wvideo signal
is a spatial frequency range, unless successive video
frames are considered in which there also exists a temporal

30 frequency, for example related to a selected image area, in

successive frames.

The means 202 for manipulating is generally formed to
manipulate the sequence of discrete wvalues so that a
35 sequence of manipulated values is obtained in which at
least one manipulated wvalue is not integer. This sequence
of non-integer discrete values is fed to means 204 for

rounding the sequence of manipulated values to obtain a




is a spatial frequency range, unless successive video franes are
considered in which there also exists a tenporal 30 frequency, for exanple
related to a selected imge area, in successive frames. The nmeans 202 for
mani pul ating is generally formed to mw&th pul ate the sequence of discrete
val ues so that a 35 sequence of manipul ated values is obtained in which at
| east one mani pul ated value is not integer. This sequence of non-integer

di screte vakygsnis fod f@uﬂ@@@snﬁ%pﬁﬂ%te@om&@sthﬁc&@ﬁd@ﬂget@c the
mani pul at ed val ues to uence of nded al ggkate
|

val ues. ActBYalhg®Po Fﬁ% m?ﬁ{}én?%nfo?h “he iHEgzéﬁ BFFBu FSE 1 Br med
to effect apespealrad;hsﬁstarpg ngfof aa rounding esﬁrmrgegmreaiamtdoybyhethe

rounding Sgothahng! ot bRaLt [ oh LREOHENEY ERBGSenl Crallctine 8 1 LAGRDCY

range wheré |g|na sfgnal as a | y "shaped
roundi iy efreguahsy husnge higherenerlyy, carrﬂcg:trh?alt a:mrtaﬁe $esond fheghency

range, i. eenb?gythﬁ %b%%%%%@iyf%@Qﬁm%h%%%ﬂ&%hﬁ”éﬁkéﬁ“af%&nﬁéshéshéghow
energy, the spectral shaped’roundi ng error has a | ow 10 or
energy. Geﬁ@?ﬁBVy,Eﬂﬁé ety gy 18f thife Speed afFgdusRgBed aSEndi hgtertBr in

the first thequenmudraigerhfigéhumhedd ghee thaginhe e@ﬁgz&yl ohakhes spe@tral Iy
shaped roundin er in the ecogd fr.equen ran t he spectra
shapi ng pr BT8P a8t y - BEeEPREE oMK 4R thi ﬂynﬁﬁnahs 505 ALPO hascAer Y of

t he raundi ng emnoorendregf .er éleingrailie ,i neant | ¥pedgyi cef f auhegespeatira@lyhe

error -_contabBLRo.SRANGNGE oL Jouniad Ja) pul ak g, Yal ues: Lago COUPLAM.! O

means 206 conver ng to asp represe n &It her dlrectly or
vi a furthehighgirpihan obhe oenegandi n Ebﬁmamﬂquﬁ@i1YHﬁkﬁP¢%er0undln9

error-cont ai-RbRg i nS SHEENGR-BIq rosddechApN-pubat edoyal-ups RY Bpetedal
directly ipto.the means 206 for converting to a spectral represegh?tlon

to achi eveS32BiRgcPrEfECEP %(ﬂOQQu?QﬁrQFan@% B PE N sEREeRVET
roundexs mashpubgt ed vakuesunding error.

Preferably, the inventive device for generating the error-
containing sequence of rounded manipulated values is
coupled to wmeans 206 for converting to a spectral
20 representation either directly or via further manipulation
or rounding combinations. Thus, the error-containing
sequence of rounded manipulated values may be fed directly
into the means 206 for converting to a spectral
representation to achieve a direct spectrum of the error-

25 containing sequence of rounded manipulated values.

However, 1in a preferred embodiment of the present
invention, the means for manipulating is a 1lifting step
and/or a lifting matrix, and the meang for rounding is
30 formed to round the non-integer results of a lifting step.
In this case, the means 204 is followed by a further means
for manipulating performing the second lifting step, which,
in turn, is followed by means for rounding, which, in turn,
is followed by a third means for manipulating implementing
35 the third 1lifting step, wherein then there is another
manipulation go that all three 1lifting steps are
accomplished. Thus, an error-containing sequence of rounded

manipulated +wvalues dexrived from the original error-




However, in a preferred enbodi ment of the present invention, the neans for
mani pulating is a lifting step and/or a lifting matrix, and the neans for
rounding is 30 forned to round the non-integer results of a lifting step.
In this case, the neans 204 is foll owed%%y a further neans for
mani pul ating performng the second |ifting step, which, in turn, is

foll owed by neans for ‘rounding, which, in turn, 1is followed by a third
mﬁans for mﬂt@uhaztl@n_@eiq{miwn@f ngﬁ&idte:alle rﬁaﬁﬂiﬁalaﬁﬁéd nNgastiep, avherrén then
there is anot her ni pul ati sp that a re eps.are

acconpl i sh8d*Pthug, dﬁg%??o?%goﬁvﬁlﬁ H&rggﬁgenggWﬁhrbﬁnd%ﬁﬂpngﬁ?%ﬁ}gted
val ues dercuedefted1theaoBgyduﬂaknrqyreséﬁtaumﬁnzupwe@psﬂmhpn@b5©fbyounded
mani pul at ed_v t, g § then
finally c%nvgirrk{?%;% Eatr}s%%lésgl‘ﬁ repr 2@%%? %gg%iﬁf\ﬁr g#%%ﬁ%l | sO by an

i nt eger> t r anseeem anenpaprincal ael prpvefi@damyhbyhanlﬁvmte‘g@r cenpgaBtorm

al so providediwi tb {he,5pugREEVE,CANEER 20saSThE bﬁtbh£u§3?ﬁ5§dOEYtﬁé0Ck
206. The output signal of the  spectral representation at tThe output of

(6]
bl ock 206 RBESChBA aegﬁ@éﬁpﬁﬁfi\mpcﬁt ithec shttRadt 2fo DYedF a0¢, h@%egoﬁﬂo
I ﬁnge;I haaespia'm/ath@ Ghsthi, btﬁtned:c{]rﬁttm@tng:cfrﬁﬁorh battt A d@é@ddhdﬂgl&ﬁg@fr or
shape spetra s .e. sp that there Is SO a nal n error _enerqgy
whore 1 e Berea? ukifa Canimined raetatiig, itk BREr G, TeRRRghasen o
t he best casEOrhshepedsspecmmaﬂdwngJemromxenﬂngy theﬂémnér@hueneyhmghges in
whi ch there j 5409 “é¥¥ﬁr38§§g%y 'Hgstggg%%Eﬁghga%%é%fﬂ ESEEhHQ to

the invention s Then supg t o means entrogy cod t he
spectral PepreasbBiaght fdanathenavdis Wb#lén?V@pylEoﬁhﬁg €ah @@ﬁﬁrF@@reany

codi ng met mgd,néugauaalﬁ?ﬂéff@@ %91@ 80 ad hEpbiGeRO s €4g.
EspeC|aIIy or_cod |ng arge.nu spectral |ines mzlch are zero and
bor der ¥aiRlobRRFE 1 Pﬁnngﬁa heESHgﬁg is al so suitable which, of

cour SGLS cannot
| This spectrum generated according to the invention is then
supplied to means 208 for entropy-coding of the spectral
representation. The means for entropy-coding can comprise
any coding method, such as a Huffman coding, an arithmetic
20 coding, etc. Especially for coding a large number of
gpectral lines which are zero and border on each other, a
run length coding is also suitable which, of course, cannot
be applied in prior art, Dbecause here an actually
deterministic signal must be coded in such frequency ranges
25 which, however, has a white spectrum and thus is especially
unfavorable for any kind of coding tools, because the.
individual spectral values are completely uncorrelated to
each other.

30 Subsequently, a preferred embodiment of the means 204 for
rounding with spectral shaping is discussed with respect to

Figs. 2a, 2b, 2c.

Fig. 2a shows a known error feedback system for the

35 sgpectral shaping of a gquantization error, as it 1is
described in the specialist book “Digitale
Audicgignalverarbeitung”, . Zoelzer, Teubner-Verlag,

Stuttgart, 1997. An input value x(i) is supplied to an




be applied in prior art, because here an actually determnistic signal
must be coded in such frequency ranges 25 which, however, has a white
spectrum and thus is especially wunfavorable for any kind of coding tools,
because the individual spectral val ues“re conpletely uncorrelated to
each other. 30 Subsequently, a preferred enbodi nrent of the neans 204 for
rounding with spectral shaping is discussed with respect to Figs. 2a, 2b,

2c. Fig. 2@n§h@W@u§m&ﬂowm1@rr@hef@@@@@@<é%?ﬁémn$9rthaesu%ae&peniwahs
shapi ng of altfantl zation err%r a52| rllabed in tI?e %)cgm al i sE book
"Digital e SABHIOSPgh4 var SPBEFLERG" 213 QB@V% I TEUBAS LNt

Stuttgart, va292. vAh) ||amutamaiut®wt(|<)f |1shesu$>petd:1eﬂa103haﬂp1n@7devn<pet sammer
210, The o4 Bk cAhONghyaL LR, VIIEG, 10 LhoeSARLLEA LRery guanl et 212
shapi ng5 devheequﬁ\ntlaegeééﬁdagdnhhﬁ 2aduet hefgiref éhenqeabémegnﬂiﬂeieal ue
af ter thée%%{?ﬂihéér 212 anget PSuﬁéhHﬁ ngrgg_,e t(l‘? qy@Rt baehulleibfal

det erm ned, . the'rounding error e(r). The output signal of the second
sunmer 2140ﬁsth9j%ﬁFQFQkﬁ%Wm%%a%%421€ f?ﬁetQa% elR®y \nepnayeds by ThRe tine
unit is theprsubkragt adlay@m byhenknpdhevahie B FBARS sQEtﬁ:B@téddQHcoiﬁlO

Thi s result in 10, a hl%i ass eval u Cgtfi th of é}he orlglm,rgg error gl gnal

e(n). If zFpe(1oppt, vAlue By NeanmYad'sf 2ReHet &) medng ¥ G8si Enat ed
216 i nLFi ga Raghtbesseswbilubsiansefontdeondérinhilgkrpass ségakliaki(an.. I n '
certain enbodl ments, such spectral 15 shapings of the quantization error

are used to "mask out” the quanti zation error fromthe Eerceptl bl e range,
i.e. for &famle (-RontthHe )l o pased ahgetoidt b sihmatieXgw) meses hatt t he

quanti zat i aﬁs@gh%ekls M PRl C‘EG_'L'gVedZa ZOtﬁ%COEéHLE& t@st he LEWEeRd | ORdeds
shown in Fi a | owpass eval uation is performed instead to achl eve a

spectral EH&BI RG S e't"ﬁéuéFllé?P néf! GGErsPdE Fﬁ@oﬂéﬁ@éltoqf FerlefPrGhral

15 shapings of the quantization error are used to “mask out”
the guantization error from the perceptible range, i.e. for
example from the low-pass range of the signal x(n}, so that

the quantization error is not perceived.

20 According to the invention, as shown in Fig. 2b, a low-pass
evaluation is performed instead to achieve a spectral
shaping of the error not outside the range of perception,
but exactly into the range of perception. For this, the
output gignal of the adder 210, as shown in Fig. 2b, is fed

25 to a rounding block 218 implementing some rounding function
which may be, for example, rounding up, rounding down,
rounding by truncating, rounding up/rounding down to the
next integer or to the next but one, next but two
integer. In the error feedback path, i.e. between the adder

30 214 and the adder 210, there is now a further feedback
block 220 with an impulse response h(n) and/or a transfer
function H{z) in addition to the delay member 216. The z-
transform of the output sequence, i.e. Y(z), is related to
the input seguence X(z) wvia the egquation illustrated in

35 Fig. 2b.

e(n) = y(n)-x"(n)




but exactly into the range of perception. For this, the output signal of

t he adder 210, as shown in Fig. 2b, is fed 25 to a roundi ng bl ock 218

i npl enenting some rounding function which may be, for exanple, rounding
up, roundi ng down, rounding by truncatdthg; roundi ng up/roundi ng down to
the next integer or to the next but one, next but two ... integer. In the
error feedback path, i.e. between the adder 30 214 and the adder 210, there

is now a fupt kel faedhackqubt 06k, 220 (wht hi anchapeLsgutespepsa n) caad/ or a
transfer fanctlon H(é% in g&stlon to the delqg %fn?er 216. The ﬁ:
transf or m 8f9fhe280r padsddiiend® % OWARHL $LIR2L ot Bt bRt REUPAPLTY
sequence Xbzpcki aiBhe equation illustrated in 35 Fig. 2b. e (n) =y (n)
-x" (n) - 28 In the above equation, x- (n) is the output signal of the
adder 210, and y(n) is the output signal fromthe rounding block 218. 5
Fur t hersror Eurtherfortowthg Eqlidoiwongapphiresdonyappliesound (x' (n)) In the
above equation, "round" represents the rounding 10 function inplenmented by
the bl ock 218. Furthernore, the followi ng equation applies, in which "*"
represents the convol ution opéfdtiorroyad (7" &(n) - h(n) * e(n - 1) 15
In the Z-range, there is the followng result: 20 Y(z) = X (z) + E(z) X
(z) = X(z)_- E(z)z-1H(z Y(z) = X(z) + W Z-1H(z))E(z) .Since E(z) is the
roundi ng eFPoréh%tE%§;§%e tP?nshapEBugéy t¥ﬁp?é§%éﬁé(ifh? ZF?UH%%§?

Accor ditg tantheohnvampiamentedwhy | ohe pasisodk kelsr arlferhdumete onthe used.
The sinplegt 123,40y Passadiks Lpsky, fyaActhanfan.be offalnegd wheh,

convolution operation:

x'(n) = x(n) - hin) * e(n - 1)
15
In the Z-range, there is the following result:-
Y(z) = X' (z) + E(z)
X' (z) = X(z) - B(z)z*H(z)
20 Y(z) = X(z) + (1 - 2*H(z2))E(z)

Since E(z) is the rounding error, it is sgpectrally shaped
by the filter (1 - z™* H(z)). According to the invention,
now a low pass-like transfer function is used. The simplest
25 low pass-like transfer function can be obtained when
gsetting, for example, H(z) = -1. In this sgimple example,
the rounding error of the previous rounding operation is
thus simply added to the wvalue to be rounded before the
next rounding operation is applied. Thus, a simple low-pass
30 filtering of the rounding error, which is very efficlent
for the presemnt invention and is thus preferred, is

achieved.

An implementation is illustrated in Fig. 2c¢. In particular,
35 the means 202 for manipulating an original segquence of
integer discrete values is illustrated which provides the
sequence of non-integer discrete wvalues vo, Vi, Y2, - Yi ON

the output side. Now, in contrast to prior art, each value




setting, for exanple, H(z) = -1. In this sinple exanple, the rounding
~error of the previous rounding operation is thus sinply added to the val ue
to be rounded before the next rounding operation is applied. Thus, a
sinple lowpass 30 filtering of the rowtding error, which is very efficient
for the present invention and is thus preferred, is achieved. An
inplenentation is illustrated in Fig. 2c. In particular, 35 the means 202

for mani pulating anQydgdi nabyReAVENcs. of; dahgger di s¢iele-vatugs isor
illustrated mhlch provi des the sequence of non-integer discrete values yo,

yi, y2, ..c=xagplegn wikd fRIRECKI 8. NRWKS P Conffast?d olpr FéP -art , ©Bach
val Ee - 29witB ﬁ@sb@E@el’z’cd ogn@l@]d4 258f QO4Its__e_Iof,, p@lihﬁs'tlgat adc fﬁb%%impll&
with respe ocks , with respect to ocks

o e TR o THCE as. s, Teberi i Ghe 1 T OTERET ( RERERCFnt oger
di scret®e 5vahhaes of tie sequercesyoy,,Yl vY2, ¥3, Ys. afleaflel t&iddered

dependi ng. a,8Aah.0t DAY < MEENCLA: PASBLChALABLEL! Shieabpothee i Leedbagk

branch by own 1n F
i nventive §p@dbaﬁk birapichg byl i e el‘l@eﬁ’émék”i ahey. inc Fasd R g.s@bthae

"'UStratthéﬂkésﬁﬂé §§”Ehe1@n5§£€5680@p@HEEé@'§ha§9ﬁ§heLHRéee15ant§C
shows a parall i mpl ementation, i.e. an inplenmentation in which

val ues to BB ﬂ%&ﬁde@céréndpr%%$dedn?naﬁﬁraFF pstertegdureih ¢ e same

i llustrati eafesenpkynhbesehemti c. The val ues yo, yi, y2, ... may be
provi ded sequentially to then obtain sequential output values, wherein,
inthis case, a single inplenentation of the structure of the elenents

- 210, 214, EmﬁthelaprezoFﬁg uf fdloiventa Fhealbpbaimpgesentetices of et he

el ements 214 %&@at%%91r?2 arg sidd u apgg ly.fo hey$ak& Ok e
clarity. T e ne ns 6ﬁ f)rogﬁdﬁﬁn'kLoéﬁéln i t$ Eﬁs oper ates rto
first cal chFavédefie inoieded hedl-u muramentlﬁh% 1119%6%@1@@@13 PBlYs

cal culpd edgchbRacithe tadndiyBQuekrok,, v., vi, .. may be provided
sequentially to then obtain sequential output wvalues,

wherein, in this case, a single implementation of the

structure of the elements 210, 214, 216, 218, 220 is
sufficient. The repeating structures of the elements 214,

20 218, 210, 220 are illustrated only for the sake of clarity.

The means 204 for rounding shown in PFig. 2c¢ thus operates
to first calculate the rounded wvalue [y¢l. Then the
rounding error i, is calculated. Then, the rounding error
25 i, is weighted (filtered) by block 220 with the transfer
function H(z) which is preferably -1, and is fed into the
adder 210. This filtered rounding error is added to the
next value of the sequence y;, whereupon the result of the
adder 210 1is zrounded in block 218 to obtain the rounded
30 next value [yi]. Subsequently, the rounding error is again
determined by the adder 214, i.e. using the rounded wvalue
[yil] and the original wvalue vy,, wherein this obtained
rounding error i; is again filtered in block 220 to perform
the same procedure for the next value y. of the sequence.
35
At this point it is to be noted that the direction is
irrelevant. This means that it is also possible to proceed

from yi; with larger indices to y; with smaller indices,




25 10 is weighted (filtered) by block 220 with the transfer function H(z)
which is preferably -1, and is fed into the adder 210. This filtered
rounding error is added to the next value of the sequence yi, whereupon
the result of the adder 210 is roundedGn bl ock 218 to obtain the rounded
30 next value [yl]. Subsequently, the rounding error is again determ ned
by the adder 214, i.e. using the rounded value [yl] and the original value

yl, wherein, éhlslgbtahaedoppegmééngd@&éeﬁlbh | wiagai pebpbier edol nthheck 220
to perforn1 t he sagg Eroc dure for the next val ue Y2 _of the sequence. 35 At

this point SYFPPLLE aﬁGﬂgalﬁﬁéf'Fﬁ%‘%ﬁ%eﬁﬁ??W?l%n F19 el eVaftteRfi-89neans
that it isfabsolessd EEot doprheecediddr oply) Whih dmtger 1neli cehetheyj with

smal ler indices, - 30 i.e th posite di tion mnth . ect to that
synbol | zed o BFEGFANES ByoPRE%Rr FouL RRAFEG. "3gre R aRATRG "TRORER BEk 220
to theEhddéromlbigmheooﬁdwrsequencahendeceSLheSpthueduDe pmpo&édstﬁron1low
to hi gh sequence indices or 5 fromhigh to | ow sequence indices, is thus

not inportant. Particularly in the appllcatlon case of the integer NDCT
(1 nt MDCT) , Pek&ispdarisl ghaphagappl e tiemndrare ePForthes inkege¥ alPfTused

with eSpeCl@htﬁbbT@leﬂﬁﬁaaépééﬁﬁéﬁ @%@.1 3P the ﬁ&HddﬁMn@Q &pRgrtians: A
roundi ng error dded at several #%fent val ues |nde£endent of .each

other. 15 Pr?ﬁ@raaﬁacéﬁe Aids SFRPUTH. t ikt br baest 25 eRSEF i MEStdgnal s
whi ch Br e kakefotlbwenhbeadohdiaispectral representation by a transform

i.e. which are transferred to the frequency domain. 20 In the foll ow ng,
there is a nore detailed explanation in which parts of the integer NMDCT
the spectral shapimegnetinchesrrauntsngddedorat ssevefal abliyaasat. vERgesi r st

preferred enbodhgg@beﬁggﬁtsgg bAchhgewkpdowi ng 25 prior to the actua
transform i.e. for the rounding

15 - The adjacent values are (in the broadest sense) time
signals which are later converted to a spectral
representation by a transform, i.e. which are

transferred to the frequency domain.

20 In the following, there igs a more detailed explanation in
which parts of the integer MDCT the gpectral shaping of the
rounding error is preferably used.

The first preferred embodiment consgists in the windowing

25 prior to the actual transform, i.e. for the rounding
specified in Fig. 3 by the blocks 20, 24, 28. The lifting
operation as experienced by each individual original sample
X1, -, Xyx and outlined based on Fig. 3 may also be
illustrated by the diagram shown in Fig. 7. Here, the

30 applications of the three 1lifting matrices, i.e. the
respective multiplication by a factor for a sample, is
illustrated sample-wise, so that the result is the sequence
“from top to bottom”, “from botteom to top” and “from top to
bottom”.

35
With respect to the notation in Fig. 7, it is to be noted
that, when an arrow meets a horizontal line, an addition ig

performed there. Such an addition is shown, for example, at




specified in Fig. 3 by the blocks 20, 24, 28. The lifting operation as

experi enced by each individual original sanple x1, ..., xN and outlined
based on Fig. 3 may also be illustrated by the diagramshow in Fig. 7.
Here, the 30 applications of the three3difting matrices, i.e. the
respective multiplication by a factor for a sanple, is illustrated

sanple-wi se, so that the result is the sequence "fromtop to bottont,
"frombottomta tep” and WHdonripp 40isbebh@ated32 Wiy I espeghe tnie
notatlon_lg,Flg. 7, it is to bz oted_ that, when an rrOM/neet? ﬁ.

hori zont al #Fherearadfi teh ¥40) péPt 5ifed %t FEOrE=SBEEASak Caddi Pt on'¥s
shown, for7exampltdisatresgdet 27xi Nk Big?. 7Weeirreisgpordlsd oy ed in Fig.
7, the only, differgnce is th i ig. correspon t.o x| of Fi

7 incon st pder TRRY Er v Gl reE b o SRR 1 S phusver
X(N 2- B oFifi g7 .4 Feorhespongs o2 ofi Bifi g4 corEesploadsorte x(¢NL2) in
Fig. 4 corpres ds ~t 0o XN/ Fi Y/ t a e
butterflieé?s 0 Tk Sé ch) ﬁyéMﬁéﬁF%ﬁwﬁﬁi i %@Fﬁ%ﬁ??%%?t%@oﬁﬁré?
quarter of Fig-wen&ywvihd cheicdimed@® winteh Gl af K f flggn £hESESe@BRBt§tiaPEer  of

the w ndowsageandivngst Ret§BrLif i BB 8hepsalvki FeohOranakegedsl yuaksera
val ue of thg thbrd yarter of thg,MAndOMI IE prgaﬁssed wth a valﬁe of the
fourth quaPter ®B8F t HERR ndBFFBYILRE " HBWnEBE- dOMACLPSt efiFSPHs i FI'ULEr at ed

in Figo?7. ahfldgeneliysadsoonr eapaedoigtheocadudegharteireopatheovindbues
XN 2 and xN,2+1 The | S in a -upsd ce ei n- a_gdgown
step 29a ig%f&%$%%§%§%% gggﬁpQEtgggggbfgfmﬁﬁ%hﬁﬁ?n urﬁPa?28%0| omgggby a
down step 29pdoRObFi ghe7"dhws-shodewnheveherjer awni addwshgabgdl ift Fag- This
calculation may also be readily resorted without changing the result, as
illustrated in Fig. 8. Thus, of course, all downward steps (all steps 29a)
may be perfornmed first. Then

15 There is a corresponding procedure for the pair of values
Xn/z and Xys24+1. There 1s again a down-up-down sequence,
wherein a down step 29a is followed by an up step 29b,

which, in turn, is followed by a down step 29c.

20 Fig. 7 thus shows the integer windowing by lifting. This
calculation may alsoc be readily resorted without changing
the result, as illustrated in Fig. 8. Thus, of course, all
downward steps (all steps 29%a) may be performed first. Then
all upward steps (29b) may be performed to finally perform

25 all downward steps 29c, so that the result is a downward
.block 3la, an upward block 31b and again a downward block
31lc. It is to be noted that Fig. 8 corresponds to Fig. 7,
but in another illustration which is more suitable for
understanding the present invention.

30
Fig. 9 now shows the inventive concept in which the
inventive rounding is performed for rounding with spectral
shaping. The 1lifting calculation concept shown in Fig. 9
corresponds to Fig. 1 in that the input wvalues xi1, Xy

35 represent the original sequence of integer discrete wvalues
at the input 200. The evaluation blocks csg,, ©S8z, .., CSx in
the down block 3la together form the means 202 for
manipulating. The block designated [.]1/NoiseShaping




all upward steps (29b) may be perforned to finally perform25 all downward
steps 29c, so that the result is a dowmmward .block 31a, an upward bl ock
31b and again a downward block 31c. It is to be noted that Fig. 8
corresponds to Fig. 7, but in another 33 |ustration which is nore suitable
for wunderstanding the present invention. 30 Fig. 9 now shows the inventive
concept in which the inventive rounding is perforned for rounding with

spectral ?Péggntghﬁhlal ftbng eakcybat 'r@&n@@ﬂ%eBE sh vvn:u nThiegerfor-
corresponds to Fi in that the |ngut val ues xi, Vgg resent the
et

ori gi nal 588{35%3989 i REGYEFCai sEfet &OVRAGEs maPiPH a’tﬁﬁut SSTheev

eval uati onrbkatks &8l thesdutput, ofskhtis bilbekdawm.bl ock 3la together form
the neans 202 for nmanipulating. The bl ock designated [.]/Noi seShaping - 32
represents the nmeans 204 for rounding of Fig. 1. The error- containing
sequence ofnr ¢iwedednbrediinparitat gtbwial Ues Faigw .esilig ssequenee ogf parroef-t hi s

bl ock 204. cénkaéielgﬁ %Baﬂagangaﬁapmak;@& % a@e BGUEREe ;0% @R

cont ai ni ng roun n| pu ate ues 1S a urt her sequence
xN 2+1 to RRAUENEBL dhwesa HEW Bedi@nOBtef D rﬁe@@w EEES 98] &85 SIRHKi ch,

in turn, igijgerRERl afLediddy Whechbl ooks tohn, skls Nudaing uaalaback(&ibkhteo t hen
again achl n 10 i nventive rou E the el enent
ﬁYPH

204b.  TheRIPRBPeSts Sgath E}?%v‘ﬁﬂglai%gba%ép SRR Ly RO ULS
down bmnckla&antuve ra&ndﬁngh&ncahe ob bhecadd&b 2p5ahe kdeokhai aothe new

sequence h 1§hgr%ugg ab3 i L2g E%l%edh%nw%ﬂh%t%Es%oéﬁdewhg gbn %%eégutDUt

si gnal of mani pal at'or 'S non-integer
further rbhﬁdépwzoldqutﬁiamﬂﬂxﬁ |¢Stumnth©y0a8€u@ﬁhéheaéddﬁrZQQéa: i.e.

to the seqeen%éa%tthehqqémng@&hahere %%tbh ! nlhheaﬁrfpodhgerftedsh@amal n

Fig. 9, the result on the output 20 side is a block of w ndowed sanpl es
whi ch, accBRBiRY1EECThe 2824 ena¥ierethentgs |qqtlmtr at@tPgt h PEspéde to

Fig. 45 manipulator 202c is non-integer and is rounded in a further
rounder 204c to be added, in turn, by a further adder 205c,

i.e. to the sequence fed to the manipulator 202b.

In the embodiment shown in Fig. 9, the result on the output
20 ‘side is a block of windowed samples which, according to the
9ystematic gcheme as 1llustrated with respect to Fig. 4,
are fed to correspondingly shifted DCT-IV blocks. These
shifted DCT blocks provide a transform to convert an error-
containing sequence of rounded manipulated wvalues to a
25 gpectral representation. The DCT-IV blocks in Fig. 4 thus
represent an implementation of the means 206 of Fig. 1.
Analogously, the blocks for performing the inverse integer
DCT-1IV represent analogous means for converting to a
temporal representation.
30
Subgeguently, the application of the multidimensional
lifting is discussed with respect to the Figs. 10 to 15 to
present an integer implementation of the means for
converting to the spectral representation 206 of Fig. 10a
35 and/or an analogous integer implementation of the inverse
conversion (for a decoder) . The corncept of the

multidimensional lifting is presented in the German patent




are fed to correspondingly shifted DCT-1V bl ocks. These shifted DCT bl ocks
provide a transformto convert an error- containing sequence of rounded
mani pul ated values to a 25 spectral representation. The DCT-1V bl ocks in
Fig. 4 thus represent an inpl enentatict® of the neans 206 of Fig. 1.

Anal ogously, the blocks for performng the inverse integer DCT-1V
represent anal ogous neans for converting to a tenporal representation. 30

Subsequent byp1thecaphl | cabiv@ngof te muldfidensi ongdfetréhddng hemBéscussed
with respect_to the Figs. 10 to 15 to present an integer inplenentation of

t he neans F8?3188ﬁv@rt|ng to the spectral representation 206 of Fig. 10a 35
and/ or an anal ogous i nt eger |nplenentat|on of the |nverse converS|on (for
a decoder) The ﬁoncggt of h nultldlnen5| naI Héékn ggeg&eg in

t he Gernman pgten appﬁlcaFlon having gfgICIa erence nunber
10331808. 8t rEhgfotnads hovepee shevi aipt dror wrtnhertm‘gegiescr e»taé-u@l uesThe a 5

Lransf or e gepeesenAbian SELh ol ager cial ues; Theydi ser eteryal uggyare fed

to the device via a first input Oa and via a second i nput A first
bl ock of dit8Epepad VéPuésSF§°§QpbPPEB +Pabthéd ﬁhﬁﬁ? bdogk @ﬁuﬂésgreéeond

bl ock of dhsgeetesvaligpsika suapthedlﬁpattheoanpwhlieoa sébenaObdbeerete
val ues repr S é& audi o data or %5 dat.a and/or __video data. &Ecussed

bel ow, the® SHok §f HF?crH?e ahﬂatﬁ%“%eéﬁﬁﬂtbhH%QDOf Fscrete
vaIuesunaydaebmetbyvahméaxkepwmsémmp@ndibydsuecmryimagéo@ksaohndudro

sanpl es. 398e£'&3&aa”ﬂstB§F8§8§28 BE?%% ot i $¢LELe ;%E%eéfnﬁ Bl8Pe 15

i ncl ude two " I'mages re rete val Utés™an val ues
after a pr@éﬂ@?ﬁoﬁndr tbref Eer:endeb&@r:heeﬁ Aisgraief vrdnee ool ﬁgtuéﬂéy

Al ternativehy),RAWeVRS AN v t&d&%@%éﬁ éhsmseﬁe aelaﬁelsagahgxesbeen
subj ected to pre- processing, such as I1n the integer inplenentation of the
The first and the second block of digcrete values may also

15 include two images represented by discrete wvalues and/or
residual values after a prediction or difference wvalues in
a difference coding, etc. Alternatively, however, the two
blocks of discrete values may have been subjected to pre-
processing, such as in the integer implementation of the

20 MDCT, where the first block and the second block of
discrete values have been generated by Givens rotations
“from actually windowed samples. The first and the second
block of discrete values may thus be derived from original
audio data or image data by some processing, such as

25 rotationsg, permutations, plus/minus butterflies, scalings,
etc. Still, the first and the second block of discrete
values obtain audio information and/or image information,
although they are not directly audio sampled or discretized
image values.

30
The first block of discrete values is fed to means 102 for
processing the first block of discrete values using a first
transform rule wvia the input 100a to obtain a first block
of transformed wvalues at an output of the meansg 102, as

35 ghown in Fig. 10a. This first block of transformed values
will typically not ke integer, but will include floating
point wvalues, as they are typically obtained by some

transform rule, such as a Fourier transform, a Laplace




20 MDCT, where the first block and the second bl ock of discrete val ues
have been generated by G vens rotations fromactually w ndowed sanpl es.
The first and the second block of discrete values may thus be derived from
original audio data or inmge data by sde processing, such as 25

rotations, pernutations, plus/mnus butterflies, scalings, etc. Still, the
first and the second bl ock of discrete values obtain audio information

and/ or i mageahbtetnmt laan,FFq:e}l thavgh, taews@reaﬂotmhzr ecid Wit or saspbed or
di scretized ggage val.ues. 30 The first blo iscrete values. is.fed to

means 102 PGP 52BEEPRE ¢ RB<Pi A&t abWBE’EHSF BF@BFEPE%EFEES&‘H& RaSa5fi r st
transforn1fuhetWDasth@henmdtstoaadnk(ﬂﬂzﬁﬂnnsﬁoﬁmﬁdtﬁaﬂ$ESoistfe@storned

val ues at %eaﬁ%th64°f HheI%%%'s y |caI$§ ﬁggq%%lq{Fbg EQ% F}&%ﬁ?girst

bl ock of transformed values "W |nteger
i ncl uded f | valing poi mbtalues, ésrtsheybhcpekt Yy ¢ alcupndeist atnedSBS»r@@de

transform (rH'_LﬁesS%‘%P @?e aoﬁetlﬁte Jdreansfr% %eén%a@béc%or %ouﬁcﬁ?ﬂ?f eEm an
FFT, a DCT, a DST, MDCT NDS sone er transform such as a

wavel et t r AASPEAMER Pﬁrafﬁgf’nbfgﬁ@ wmcif»reﬁwsfu%%l@m sEUBRoBR &PURPARSS or ned

val ues is bed dindmaing 184 Ffuddung Rl /loy stobh@tkg otickvhansd opaed 5
val ues to Obt%ln a.fi.rst hlock of éOUE ed transforned _values on the output

side. The RE&HSTT64 FEPPGIRTi R FBS FoPREIEoPREPFO ATEEme SFGundi ng

functim, such as rounding by truncating or rounding up and/or roundi ng

down to beq, per e in n oi val { The
roundi ng ru g |%%%g%§ﬁ¥ %%gg ﬁ%gg%%%gt%%4 I”s ?ﬁg Iﬁ%ﬁgﬁoggﬁbﬁggftﬂgf
first bl ockespopsibded f@énéﬂnﬂrmﬁirsﬁalhé@chgaﬁﬁ G@ﬂ??i%ﬂ-n@r@ﬁﬁﬁormﬁéger

val ues whogg1a66ULRGYn IHniRLEIANShRY {htgoHndh NGt UlBodaedBYrkbg means
104. 15 The first block of roundéd transforned values, just as the
is determined by the rounding rule used by the means 104.

15 The first block of rounded transformed values, just as the
gecond block of discrete values applied to the second input
100b, is supplied to means 106 for summing to obtain a
gsecond block of gummed wvalues. When the audio sgignal
example is considered, it is apparent that spectral values

20 from the first block of rounded transformed values are
added to time values from the second block of discrete
values by the means 106. If the discrete wvalues of the
gsecond block are, for example, voltage wvalues, 1t 1is
recommended that the first Dblock of zrounded transformed

25 values also exists as voltage amplitudes, i.e. as values
with the unit V. In this case, no unit problems are to be
expected in the summation. However, it 1is apparent for
those skilled in the art that any unit normalizations may
be performed with the first block of rounded transformed

30 wvalues and/or with the second block of discrete wvalues, in
that both the first block of rounded transformed values and
the second block of discrete wvalues are, £for example,
unitless.

35 The second block of summed values is supplied to means 108
for processing the second bklock of summed values using a
second transform rule to obtain a second Dblock of

transgformed values. If the transform rule used in the means




second bl ock of discrete values applied to the second input 100b, is
supplied to neans 106 for summng to obtain a second bl ock of sunmed

val ues. When the audio signal exanple is considered, it is apparent that
spectral values 20 fromthe first bl ock?f- rounded transforned val ues are
added to tine values fromthe second bl ock of discrete values by the nmeans
106. If the discrete values of the second block are, for exanple, voltage

val ues, itibs mec&merail@@hﬁl@t athfeuﬁérﬁe@hé}%y Oéra@sxﬂglﬁd traasfenard 25
val ues al sp. exi sts $ Itqgﬁ%anpllt des I W th the_unit V.

. al yes
In this ca5B® ndeGhAT Br "1 bet '%%péfle&’ %ihéogunﬁﬁtloﬁor
However , |eXampappamenfréQUentyesemamﬂﬁanbﬂdrmhEuaettHnmewHw ubhése

nornalizat' r i rs d
transforne%gggt ¥ue ngﬁég’a? h¥%%£r%§§bn b%gbt dlscﬁ&?éggglﬁgg in
t hat bdt h eheohilr silogkosiE @mcmﬁtchedralrmf@mmdfmal aBs3mphd, Eﬁéct,é@bnd

bl ock of di,geneke wal Yes@reind Obatt@8Phee JHRILHRSS bﬁ%ﬂ@emégﬁé’n%@ ock
of sunmed values is supplied to neans 108 for proce55|n t he second_bl ock

of summed $QFURGTRILE ¥BESHd Erandremmian® rslept ézflhﬂa% sEPBRETBLock of

transfor rredayab.gesarel faddient bBRSHEAEM WY erhisefebRst R HTERNScesShng 182 i s,
for exanple, kﬁg requenc% transformrule, then the,second tri form
rule used PR BFO $OVEEPe LEaRRtorm Frelfuerc§ -t ithe (PRHRT offPrul e.

Howeverq tfiese fixdtat eowds thy alssworive lteaasiem‘m souldatnatyhetfus stbeand t he 5

second bl ogk.0f, di sgrete %ngﬁérar ecra(r%gc%ﬁ‘or e SPERLEAI L ‘é—?l-l St P £nd® that

ti me val ues are obtal ned € neans prdceSS|ng un
transforn1FGVérS@hMﬁﬁﬂﬁﬁmmﬁa¥U1©aﬂ@e§ﬂ3¥ebag§Wﬁrdb¢GWM§fQWmt$%l©e@ﬁs for

processi ngthy f6%§8§d0ErEH§beMeE§@etr%@%b@&%&%@hg. .e. the neans 108. 10
The first and the second transformrule may thus be a forward or a

backward transformrule, wherein then the inverse transformrule is the
backwardl t rasstermniuld cetk of transformed values igs fed to means 110

~for rounding, as shown in Fig. 10a, to obtain a second
block of rounded transformed values which is finally fed to-
‘means 112 for subtracting to subtract the second block of
‘rounded transformed values from the first block of discrete
20 values supplied via the first input 108a to obtain a block
of integer output values of the transformed representation
which may be output at an output 114. By processing the
block of integer output values of the transformed
representation using any third transform rule which has
25 also been used in the means 102 or which differs from the
same and by subseqguent rounding of the block of transformed
output wvalues to obtain a block of rounded transformed
output wvalues, and by subsequent summing of the block of
rounded transformed output wvalues and the second block of
30 summed values, a further block of integer output values of
the transformed representation may be obtained providing a
complete transformed representation of the first and the
second block of discrete wvalues with the block of integer
output values applied to the output 114.
35
However, even without the last three steps of processing,
rounding and summing, in which the block of integer output

values of the transformed representation at the output 114




the forward transformrule, respectively. 15 The second bl ock of
transforned values is fed to nmeans 110 for rounding, as shown in Fig. 10a,
to obtain a second block of rounded transforned values which is finally
fed to neans 112 for subtracting to sulftract the second bl ock of rounded
transforned values fromthe first block of discrete 20 values supplied via
the first input 108a to obtain a block of integer output values of the

transfor megsr epeaseaatd o vhEChhBY herHiHfidnaal Behbrskditadildn By
processi ng ck of Lntgger out
d

ﬁhe blﬁ EUt valuef of thﬁ,tranﬁfﬁrned.
repr esent afi bA20%i RG GRY2ERETd tr EnsfBrnfraTRIGhFRA hiEShsRaf §ovBieh: used
in the neanBedOZwy)adiegh dof feres finoarthe pares=and byasubsequenbatckundi ng

of the blo f ansf or, oui put val.u t Q, _obt | o f_r ed
Cr anet or med LBt Bt Charhes "oarkt By stbdequencSuma drer re ArsEReEr
rounded t ruastiesned out put val ues and the second bl ock of 30 summed val ues,
a further block of integer output values of the transfornmed representation
may be obtained providing a _conplete transformed representation of_the
first and Lhe 1%eEBndPehl Bekedf adi sERbs e PPdltestiRt h ERPHISER i hReger

out put val gesnappkiedrilel hecnut petirsts. BheHowevehd €¥a8 WhBouthihe | ast
three steps of @rocessing,, roundin aﬁg sannlng, in %hlch thﬁ bl ock of

i nteger oubpaPSrQEMUERLGT EhePYanBFYr REJIFERFLSBAt afOR 4 FRE 6GPHut 114
- 36 1l ufed, epantplef, thethwhohe to@nhsiwr nefl meprEEEnwvaki azadayas akheady be
obt ai ned, . fQr e e fi j : ubj o,the

i nverse pr%%gggi%ﬁ?%gﬁggkh]%Bﬁack{ﬁ%aﬁgtﬁargkﬁggfJgggg?gr§§8§%gg?%etéecond
bl ock of diber dtfd, Scqaldiebe Mmsed a9 bbenctesprat (Hieepesht trpasform
dependi ng epithe transformrule, the first, the second and the third

transformrule, if any, may be identical. This is the case, 10 for exanple,
with the DCT-1V. If an FFT was used as the

15 For calculating reasons it 1is preferred to provide the
transform rule in the form of a matrix, which, i1f the
number of discrete values of the first block is equal to
the number of discrete wvalues of the second block, is a
quadratic NxN matrix, if the number of discrete values of

20 the first block and the number of discrete wvalues of the
second block, respectively, is N.

In one embodiment, the means 104 and 110 for rounding are
formed to round according to a rounding function providing
25 rounded results whose accuracy 1s less than a machine
accuracy inherent to a computer performing the
functionalities shown in Fig. 10a. With respect to the
rounding function, it is to be noted that it maps a non-
integer number to the next larger or smaller integer only
30 in one preferred embodiment. The rounding function may also
map onto other integers, e.g. the number 17.7 to the number
10 or to the number 20, as long as the rounding function
effects a reduction of the accuracy of the number toc be
rounded. In the above example, the unrounded number is a
35 number with one digit behind the comma, while the rounded
number is a number which does no longer have a digit behind

the comma.




first transformrule, the IFFT, which is not identical to the FFT, could
be used as the second (inverse) transform rule. 15 For cal cul ati ng reasons
it is preferred to provide the transformrule in the formof a matrix,
which, if the nunber of discrete val-ues’ of the first block is equal to

t he nunber of discrete values of the second block, is a quadratic NxN
matrix, if the nunber of discrete values of 20 the first block and the

nunber of Hisgseyr, vahuespf ide, sesoRdablboak. respestbyesyind sudlingn one
enbodi nent éh%éneans 104 and 110 for rounding are forped to round
a

accordi ng tBealicahdiTrGT ARt J i ovidi RS2 E deRf r &35 PEOGRBELNY
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the functionalities shown i Fig. 10a. \With spect to the roundi
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| arger Sor $mplewentatéger dheye30ainesaetposigrosd embodicemt fuTheieoundi ng
function npy;al 384 ABP c%g;‘iez‘r%o‘zit&%%r H;)“e?%éécitflegfléﬁec@ﬁg?ﬂ1&1.7 ; 7f§9ﬂ;he

nunber 10 or to the nu 20, as’long as the rounding function effects a
reducti on BFapféonveurdy dfirete hlaskr ab Héscretgdevwelyast wachbbhen

exanpl e, thavepseupdesanigFdeing 1 39elbideblvikh e dingld Pehias hhe
commma, mhllgethe roundeginnunber is a nquﬁg whi.ch does no | onger have a

digit behi h8® FRETESRARIINSIFINR Ofoddie BP0l FRIFeGRES 105 For
pr ocesisi ngfiuskhg aricheti¢ r sk cbndn B ffae anllesheromansbd 08dkat ipabcessi ng

usi ng the o] tr rmrule.are 0 S.S r at S, |L.is to be
not ed that?ﬁgn%%ﬁ§b%%igggg% ?éngﬁbn g%rﬁﬁgn%hggg’nééiézfs 58P§d%ﬁg'
t ransf or m Fhagt RdbAC dai nothhele tonbeobredibpdaaspeecpakatkeonesvat r bliker,

first trapglords {Rg1EMERECR! A6k BhedivOLRI Sy akUpecand then WAYersely
transforns the second bl ock of sumed values dat _ the corresponding tine of
t he algoriﬁﬁﬁﬂnlﬁQQHQQL%%QLth%he flow controller, first rounds the

15 first block of transformed wvalues and then rounds the
second block of transformed values, depending on the

requirement of the algorithm.

In one embodiment, the first block of discrete wvalues and
20 the second block of discrete wvalues are the integer
windowed samples, as they are obtained at the output of
block 28 in Fig. 3. The integer DCT in block 14 of Fig. 3
is then implemented by the integer algorithm shown in Fig.
1 such that the transformed representation in the example
25 of the audio signal to which Fig. 3 relates represents the
integer spectral wvalues at the output 30 of the device

shown in Fig. 3.

Subsequently, means for inversely converting corresponding

30 to Fig. 10a is dillustrated with respect to Fig. 10b, in
which, besides the block of integer output values at the
output of block 112 of Fig. 10a, there is also used the
second block of summed values at the output of the means
106 of Fig. 10a. With respect to Fig. 11, which will be

35 explained in more detail below, this corresponds to the
case that there are only the blocks 150 and 130, but not
the transform block 124.




10 first and the second transformrules would be identical. The sane
applies to the two neans 104, 110 for rounding. They also do not have to
be provided as separate nmeans, but nay be inplenented by one rounding
function unit which, again controlled By the flow controller, first rounds
the 15 first block of transforned values and then rounds the second bl ock
of transforned val ues, depending on the requirenent of the algorithm In
one enbodi pest, 1bbeshbwstabaeekc@ff@&SQh@%@s%abue&naﬂdtla@ thelserond bl ock
of discrete_values are 5: hnteg vvihnd%wed %a | es, as theﬁ r.e_obt ai ned
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transforned.r e e I f t audi a ich
Fig. 3 rel gfleg&r e%regésﬁﬁ' t&lﬁQSf egglrgpsgee%t%rdgl 1&% élfl ?u?‘h‘gaohta%glte\ggo of
the devd ceisshé®d i hoFign 3inSabsetp@ntdy, Heanslewicd nierselyvessedit i ng

Co”eSpondeﬂve%Ql % Ehgwnlq?a iEg ol | hwst r ated pWidh b%s%%%buﬁ:ov%'lgxeslg? in
whi ch, besi des the I nt eger output values at the” output of block

112 of Figt foélﬁﬂﬁﬁQ¥W%9eﬁ@Brﬁ§§Btﬁﬁé°nséébnﬁe%lBékfbff§ﬁﬁﬂ%ﬁ VAPYEs at
the output 10b blifetheadsviteb for Frgerklay WohRerespect to Fig. 11, which
wll be 35 explained in nore detail below, this corresponds to the case
that there are only the bl ocks 150 and 130, but not the transform bl ock
124. -138 TEeg.sdwindliowscka deveoambdr viamaelsse'lsy Tohvies t nagna bBOcIfocn‘

he’ out put PRETSaP L0y, i PLAER RS o 0 e rdin PRAG "G,
second bl o@kleoft§®ﬁﬁjé@lrmam}élse 5 usecf eélaﬁ‘é am i egtinpovas tiHee dé’\ﬁc@@df or

inversely teQRUELHANG-SOWNTHR Fidhnd 0B30THE-BIREds OfF quldyd Nabers o the
transf or ned representatlgn is fed to a further_inp % 122 of the deV| ce for
i nversel y EGﬁF@FFFﬁE values on the output slide, which i1s supplied to

15 means 132 for rounding, which, in turn, generates a first

block of rounded transformed values on the output side. The
first block of rounded transformed wvalues is then
subtracted £from the block of output wvalues of the
transformed representation by means of means 134 to obtain

20 the first block of discrete values at a first output 149 of
the device of Fig. 10b.

This first block of discrete wvalues is supplied to means
150 for processing this block using the first transform

25 rule to obtain a second block of transformed values at the
output of the means 150. This second block of transformed
subtracted wvalues is, in turn, rounded in the means 152 to
obtain a second block of rounded transformed wvalues. This
second block of rounded transformed wvalues is subtracted

30 from the second block of summed wvalues provided on the
input side, which was input via the input 120, to obtain a-
second block of discrete values at an output 136 on the
output gide.

35 With respect to the relation of the first, the second and
the third transform rule and with respect to the special
implementation of the individual function blocks in Fig.

10b by common function units and a corresponding flow




10 The second bl ock of sumed values is fed to neans 130 for processing
this block using the second transformrule, if the transformrule used

| ast in coding was the second transformrule. The neans 130 provides a
first block of transfornmed values om t3e output side, which is supplied to
15 means 132 for rounding, which, in turn, generates a first block of
rounded transfornmed values on the output side. The first block of rounded

tranSfOrmdoﬁ@k@@$et$léh@ﬂ1n§l}bbééCtt@ﬁ: faiaddie &l agdkvd WUt pUbeMpbyes of
t he transL FE% iBresentatlon by neans of neans 134 to obtain 20 the
i's

first bloc Bte values at a first output 149 of the device of Fig.
| ob. This first block of discrete values is supplied to neans 150 for

processi ngq using.t first t f. Lm.25 ul n econd
bl ock of tr%ﬁé?gggﬁgkgéld%s 4gﬁ ff%x%u?%%@%o& he n%aﬁgl 6@&%%%5 gg%ond
bl ock &f transftorind dJubtract édansifigeneds, repregentatoipniedgenerhélmeans

152 to obighnsgraeeandrdlock o oioaoygda@stc&%%howm valdies.. ThiSpigecond
bl ock of rounded transfornmed values is subtracted 30 fron1the second bl ock

of sumred ¥8FuesThfovicdOPGHete Ithpi%i delO&whi ERCHAISF npat FRALRARE i nput
120, to obtahAsdorfgeentddbhgcly=olciipsaiet v atips Bba aﬁbogéﬁé{:aﬁ36tﬁ8 t he
out put sid?. ﬁg VVthkrﬁipe%t to, the relation of _the f#rst e second and’
the third tPEREFEr RIUTR &fd WERIPEsfBEPHD VREUSSectEP™ t%tﬂ effEHPE on of
t he iridl vi bliatkf aActiomell] veksesn Fig. | ob by common function units and a
corresponding flow - 39 controller/latching, see the discussion given with

respect to Fl%z 10a. Subsequently, a preferred enbodi ment of the device
for 5 con?@ﬁtlﬂ@stolﬁpwﬁa@ﬂﬂﬂrﬁﬂﬁl&ﬁﬁ%é@nl@@ubnlg@ﬁérably -i | ¥ust £ated in

Fig. |0a igpgaserihged \Matlhlée?S@?CEhEO k@t HiGek Téa@ gibedLpent,aiekig. | 0a

includes a further™ transforn roundi ng as_conpared to Flg 10a to generate
t he The second input 100b also™ includes N lines for inputtin

15 the N wvalues Xy, .., Xon1 ©0f the second block of discrete
values. The means 102 of Fig. 10a is drawn as DCT-IV
transformer in Fig. 10c. The DCT transformer 102 is formed
to generate N output wvalues from N input values, each of
which dis then rounded by the rounding rule designated

20 »[.]", as shown by means 104 in Fig. 10c¢. The means 106 for
summing is illustrated such that there is a value-wise
summation. This means that the output value of the means
102 with the index 0 is summed with the first wvalue of the
second block of discrete wvalues having the index N.

25 Generally, the wvalue of the first Dblock of rounded
transformed values at the output of the rounding means 104
with an ordinal number i is thus individually summed with
the discrete wvalue of the second block of output values
with an ordinal number N+i, wherein 1 is a running index

30 extending from 0 to N-1.

The means 108 for processing using the second transform
rule is also drawn as DCT-IV transformer. In the preferred
embodiment shown in Fig. 10c¢, the means 112 for subtracting
35 is also formed to perform a value-wise subtraction, i.e.
such that the output wvalues of the rounder 110, i.e. the
values of the second block of rounded transformed wvalues,

are individually subtracted from the first block of




further block of integer output values fromthe second 10 bl ock of sumred
val ues. The first input 100a includes N input lines x0, ..., xXN_1 for
inputting N values of the first block of discrete values. The second input
100b al so includes N lines for inputtirf 15 the N val ues xN, ., X2N_ 1 of
t he second bl ock of discrete values. The neans 102 of Fig. I0a is drawn as
DCT-1V transfornmer in Fig. 1Cc. The DCT transfornmer 102 is forned to

gener at e Ndedtpetevahugssir om dhiknpMbodiahbas, sBaeh @h rulichots thens
rounded by thg rouadlng rul e designated 20 as ShQ@H p% nmeans 104 in Fig.
loc. The mBaRSSIH8Y 6P PEEMMTAY 3 SITTTRIU W sTERETHAt L P heP R sTEat

val ue- wi sea suafnet iodn.thEni sedmadsblbak whehouwrpuwirdiaidle minddwre oBanNsi 102
with the ingde ' ith the.first. value of the,- secon 0 of

di screte vg ué%ﬁﬁgérﬁggyﬁgrlﬁdéﬁ Kﬁlﬂg éﬁ%e aFIy,l%%% 3% g% 0 tﬁLeEFFrst
bl ock ¢f roufidedl tramyforied vhevesnati t hgadut patnof frea rOukdi n§-ieans
104 with ane@rdhpgleMbelsedes. t r%{?efé'dfné{%d'éﬁlsloy &Jﬁfm& bbfer

di screte val ue of the Second bl ock out put val ues an ordinal nunber
N+i , wher eFHTaFdoRsS/ GHRERGCFABBR IDCBXEBABY n§ KT BHFAUPLE, Ne1VaTHE REans

108 f?r pr aCesSichy W Hdeos8¢RAU huaABSKOLR N-Ul €& Ssabspadt 8N fasmDCT- 1V
transftor ne

_ In the preferred. e di nent, sho in Fig._loc, the _neans 112
for subt ragplenéfaggei ?faltz"(? f‘%ﬁl’r‘?‘éﬁntiﬁé”ggr“fjoé?n %\ﬁ%a?ﬁ‘g@a?%engﬂ%??a]&i 8, i.e.
such timt fbagoutsputhisal Liescotrehpondindgy thken .imtd heccoattuesnothehe

second bl og o] .ansfornmed values, are individually subtracted
fromthe f?%gggﬁkogggggrgggg' di screte values. In the enbodi nent shown in

Fig. loc, it is preferred to performa correspondi ng subtraction such that

a val ue of thhe reeend bl ogk w@&ﬂtaacegﬁ%n%hf@&@yﬁpfgvﬂwas_55b§aékra@ted

T
froma valuye of the first bl.ock with 5 ordi nal” _nunber i, wherein

agai n runsifFEAFE CHLRYME. vaduss bk i v yEraenevERedt KePEeRg)taF Lenpen
performed ehbebutput side, i.e. the integer output values v, to vywa

of the transformed representation. In order to obtain also
the remaining integer output wvalues of the transformed
representation, i.e. the further block yy to yaw-i, if this
is optionally desired, the block of integer output values
20 of the transformed representation applied to the ocutput 114
is subjected to a transform using the third transform rule
by the forward transformer 140, wherein the output wvalues
of the same are again rounded, as illustrated by rounding
means 142, to now perform an addition of these values with
25 the second block of summed values at the output of the
summer 106, as illustrated by the reference numeral 144 in
Fig. 10c. The output wvalues of the summer 144 then
represent a further block 146 of integer output values of
the transformed representation which are designated yy to
30 VYow-1-

Subsequently, a device for inversely converting the
transformed representation according to an embodiment ig
discussed with respect to Fig. 11. It is to be noted that
35 the operations performed by the device illustrated in Fig.
10c are losslessly reverged by the device illustrated in
Fig. 11. Fig. 11 corresgponds to Fig. 10b with the exception
of the additional transform/rounding stage to generate the




sunmmat i ons/ subtracti ons, such that, for exanple, a value of a block with
the ordinal nunber of N1 is subtracted from the value of the other bl ock
with the ordinal nunber N, as 10 long as this is correspondingly taken into
account in the inverse conversion. Thetlhreans 112 for subtracting al ready
provi des a block of integer output values of the transforned

representation on 15 the output side, i.e. the integer output values yo to
yN_1 of t@@cbhansﬂ:uard]ﬁecbf ej@ﬁ@ﬁ@alg @TaH_QL@s Imr;gmerléomat aldh @hs0inphe
remaining inte put val ues of. the trans or ne sentatiop, i
Lhe f urt her2B1 dck (ST PoRAPE. Lo Kyt oriit v Het, TG, TEREBBFock of

i nteger oub@utkvaﬁua&az@f@tvbheduuyuﬂ(Mamubgepn@33mtmmlb@ appédedh&o t he
out put 114 é@féﬁdfﬁg Q%EEQQSfO nHyS|qgsafebthrrﬁEt 5§ﬁ§ Helfu rgke by
: er

t he formar ran or mer . he ou ues sane are
again r%unéébtragtﬂngusﬂﬁﬁp§¢ugwahnnmﬁmglsnéamghgiztq(beummp@dfbhﬁtan

addi t1 on okpl besRayalups Wy 25 bhecseeond hliock 10 sumehyalyersgl the

out put of the sumrer 106, as il ustrated reference nunmeral 144 in
Fig. loc. The Stpudleql bes BFOVRESSUriEh 14ﬁpﬁlﬁerﬂuﬁ=r€blrte‘s%?1t 1gvegEeRer

bl ock 146 @fichntegaieaut aat a@l ugsglf ddechaanshiar ngdgrepiesent ahpbar Whi ch
are desi gnat ed ubse uentl a, device tor I nversely

convertrnngﬁthEFﬁﬁsﬂgr 3W; t?(ﬁr%ﬁ%ﬁY%lﬁbg?oaﬁnc8ﬁﬁﬁa?ﬂeﬁp i's
di scussed wheh slespectatse,Fi ghe 1hddelr | 3480 tieemoteduthay Iethermperations

perf ormed BypthecdeuboeobLlUptEat edakn Fhgy 0o ats | ase! eashy rgyersed by

t he device 'ustrated I corresponds t
t he except PegOUBE tiffe %@@l?pUﬁébrpﬁaﬁsfbm%ﬁr@nn@ﬁgg stlage Wblgbnépaﬂd the -

41 secondthéﬁc&ceﬁaimmér\f@megn whksh ibs B@@r%@lbhe input 120 in the
enbodi nent shown in Fig. lob, fromthe further block of transfornmed output

values. It is to be noted that the function of adding is reversed by the
functimhm offhe subtracter 128 shown in Fig. 11, the adder 134 and the

“further subtracter 154 are again formed to perform an
individual value-wise addition/subtraction, wherein again
the same ordinal number processing is used as described
with respect to Fig. 10c. If another ordinal number use

20 - than shown was employed in Fig. 10c¢, this would be taken
into account correspondingly in Fig. 11.

At the output of the subtracter 134, there is already the
first block of discrete values 136 designated Xy to xy.1. In
25 order to also obtain the rest of the back-transformed
representation, the first block of discrete wvalues is
supplied torthe transformer 150 operating with the first
transform rule, whoge values on the output side are rounded
by the rounder 152 and are subtracted from the second block
30 of subtracted values at the output of the subtracter 128 to
finally also obtain the gsecond block of discrete values 156

designated Xy, .., Xon-1.

Subsequently, the mathematical background for the devices,
35 as they were described with respect to the Figs. 10a, 10b,
10c and 11 is discussed with resgpect to the Figs. 12 to
15. By the illustrated device for converting and/or for

inversely converting, integer transform methods for a




5 subtracting, respectively. It is further to be noted that an
adder/subtracter pair (144 of Fig. 10c and 128 in Fig. 11) may al so be
provided with input quantities inverted wth respect to the sign, so that,
if a group of input quantities is prodidded with a negative sign as
conpared to 10 the shown case, the adder 144 then actually perforns a
subtraction operation, as long as this is taken into account in the

counterparioédP8ssn Riglidl) cothingh wawkd phepiadsdualiy pehfienm aphe
addition operation. 15 The subtracter 128 shown in Fig .t he adder 134

.11
and the foOPPhF EabtPhct €77 4%% art® agdisi4<ied g@'peﬁﬁéﬁﬁfﬁﬁ' i NAT'vi dual
val ue- wi secatidutaoivsubfifacti dry aih®s et akagaintot kecoanme drdi et nuhber

processi ng,.Ls.: Used, as,_de i hed ith respe ig.. A0 .anot

or di nal nuﬁ%%%guggg2§OthgﬁﬁgggmﬁjﬁgsQ%ﬁ%&by%%p%ﬁag?gfI%C%PpF&Fsehogﬁé be
taken 5 ntéideénantscormespondigrflly iGivEing Ibtastiorhe whepetnof thése
subtracter;134yst BEEG Y ?r@%%qdlé&ﬁl%iﬁféx%né& QG 1o - £ SEL eﬂ@rét!sﬁ'ewﬁéyl%

designated xo 1o xN-1. | order to also obtain the rest of
back-t r ansEBRFRdeT RBPY e dBRTEEISEN, Llh eCPTPEE 10T o8k ToF tdids redePa%sdietOi s

suppl i ed tehéheriarsiior ieh - 1hegper aldngi oM t Bt hehd | tshnstoansiy nbeul e,
whose val ues_on.the output side are rounded by the rounder 152 and are
subt ract ed“PPORTt he second bl ock 30 of subtracted val ues at the output of
the sultracter 128 to finally also obtain the second bl ock of discrete

val ues 156yodgg) gnat el 1y ens 2N JoSubseaugnt Lye f he. Jiat fopmy ) cal

backgroundﬁ?or the’ devi ces, ' hey were described Wwth respect o the
Fi gs. 10a, inyprtibieahdteder| srarosimabdon oA peSpuenst bothbifngs. 12 to
15. By the illustrated device for converting and/or for inversely

converting, integer transform nmethods for a - 42 |ossless audio coding are
provi ded in whi chedde —appnaxj ma lo§§gﬁie#?i& reduc d.Eﬁéﬁﬁddgtion, t he
calculation effoft;is alg0,taken|int Edeount, in that theina

0 1 S1I1 O 0 1

15
This integer approximation is achieved by using a rounding
function after each addition, i.e. after each lifting step.

The 1lifting scheme may also be used for an invertible
20 integer approximation of certain scaling operations. In the
specialist publication R. Geiger and G. Schuller, ,Integer
low delay and MDCT filter banks™ Proc. of the Asilomar
Conf. on Signals, Systems and Computers, 2002, the
following 1lifting decomposition of a 2x2 scaling matrix
25 with a determinant equal to 1 is discussed and described:

B P ) sy

This lifting decomposition, which is one-dimensional, i.e.
30 which only relates to a 2x2 scaling matrix, is extended to
the multidimensional case. Specifically, all wvalues from
the above equation are substituted by nxn matrices, wherein
n, i.e. the number of discrete values of a block, is larger

than or equal to 2. Thus the result is that, for any nxn




basis is no |l onger the known approach of applying the 5 1ifting schenme to
each G vens rotation, wherein there always occur trivial sumdifference
butterflies here. They considerably increase the conputing effort as
conpared to the original non-integer-ve&tston of the transformto be
copied. 10 Normally, the lifting schene is used to obtain an invertible

i nteger approximation of a Gvens rotation. cos a - sina) cos a- 11020")
1 cos a - Matgip aT(si whacsi nsiogdsl yroefegiahdy0 belsiTestihteger the
appr oxi mat i i.s .achi in r.oundin funciion, after each .

addi tion, ifgg.logvfl?lér %%%ﬁmﬁ%g???ﬁ% sfinpt.o T%Iél %i{ftzlnngbgg ]érrergafrtarylcg %S0 'fe used
for an inveockisibae,2hettageE, appesoxibati bBReofi g£ehtahit seat+ing: oper ati ons.
In the specialist publication R Geiger and G Schuller, "Integer |ow
delay and MDCT filter banks" Proc. of the Asilomar Conf. on Signals,

Systens and Conputers, 2 , othe oLl g i {hing deconposition of a 2x2
scalingsmatrix 25 with a ete£ i-znant equdglto fﬁ[s drsgussed and descri bed:
i EQﬂZi

(0 d1l) = (d-1)(0 j 11i orai Ti'ng npBsiAEOMT "which is

one-di nensional, i.e. 30 which only relates to a 2x2 scaling matrix, is
extended to the multidi nmensional case. Specifically, all values from the
above equation are substituted by nxn matrices, wherein n, i.e. the nunber

of di scret &nva@dfisigm atP| 8&RPLes opgrgéd onsharfwih egmaberouat Thus e

result is mRakiplQca@Abn@XN by43 -H, 10 Mt ri xnteeWhi oskoul & pr efegrabl y be

invertible, the fqll ow dec si.tion into 2n x 2n bl ock matrices is
decompoggtlon %%ve t%gp%OIHOWQHg general structure:

E, 0
A E,

For this 2n x 2n block matrix, a generalized lifting scheme

10

may be used which is subsequently also referred to as

15 multidimensional lifting.

For a +wector of the wvalues x = (%3, ..., X)), the
application of this block matrix provides the following
equation:

20

A E,

E, 0O
[ n ](Xm--..xzn_l)'= O N S N R YRRV )

It is to be noted that, on the right-hand side of the above
equation, there is a wvector whose dimension, i.e. whose
25 number of lines, equals 2n. The first n components, i.e.
the components from 0 to n-1, correspond to X, t0 Xn1. The
second n components, i.e. the second half of the wvector
resulting on the right-hand side of the above equation, are
equal to a sum of the second block of discrete values, i.e.
30 X, .. Xon-1, but now summed with the multiplication of the

matrix A corresponding to the transform matrix of Figs.




possi bl e, wherein E. describes the n x nunit matrix: TO) - EOE- TOE
FnJ O T 1 o Tl En /\En T-1 nJ ~ n In addition to sinple operations,
such as permutations or nultiplications by -1, all three blocks of this
deconposition have the followi ng genera4 structure: A En (En 0) For this
2n x 2n block matrix, a generalized |lifting schene may be used which is

subsequently also referred to as 15 multidinensional lifting. 20 For a
vector of the,valaes 2oz (x84 Ll, ,axan aae, fiket a}@p&&}eatdfond@fackbté bl ock
matri x pro¥gies t he follomnng n_0)(x t O s X%n-l/_
((X0, ... VOXHSE, %n,~r Fm-Ixon- rins RO e r%’ﬁ f)/p S5 s°P6 be

not ed thatﬁlcﬁtthe th@ht{hﬂnﬂutldendf thheabdﬂmijquatmmmfcuhereru$ea

vect or “h°§Sst€EQ§592 .e. whose 25 nunber of lines, equals 2n. The first
n conponents, e conponents fromO to n-1, correspond to x0 to xn-1.
The setond n conponents, i.e. the second half of the vector resulting on
the right- b@ﬁ@lﬁk@!? eb khe mrpq@éﬂﬁ@ @éﬁemee%@éht@ R sumnelithe
second bIocE discrete values, i.e ..., X2n-1, but now sunmed
with the nfiFt FPPi E8Eon of the matrix A correspondlng to the transform

matri x of Figs.
1a
01

these 2n x 2n matrices may be used for invertible integer

10

‘approximations of the transform T in the following way. For
integer input values (%X,, ..., Xo-1), the floating point
output wvalues (vo, ..., Vni) = A+ {Xq, .-+, Xg.1) are
15 rounded, namely to integer values, before they are added to
the integer wvalues (x,, ..., Xsn1). The inverse of the

block matrix results as follows:

E.0Y" E, 0
AE ) |-aE

Thus, this process may be inverted without error by simply

20

using the same matrix A and the same rounding function, and
by now subtracting the resulting wvalues instead of the
adding in the forward processing. The forward processing is
25 illustrated in Fig. 13, while the backward processing is
illustrated in Fig. 14. It dis to be noted that the
transform matrix in Fig. 13 1is identical to the transform
matrix in Fig. 14, which is preferred for simplicity of the
implementation.
30
Since the wvalues (X, .., Xp.1) are not modified in the
forward step shown in Fig. 13, they are still present for
the inverse step, i.e. for the backward step in Fig. 14. It

is to be noted that there are no specific restrictions for




- 44 10a, 10b, 10c and 11, and the first block of discrete values xo,
.., X.-]. The transforn1natr|x represents the first, the second and the
third transformrule, respectively. 5 Simlarly to the cormon lifting
scheme with 2 x 2 matrices of the forma0 these 2n x 2n matrices may be
used for invertible integer approximations of the transformT in the

follow ng way. For integer input values (xo, .. ., x2,_ 1), the floating
poi nt outphé Matues AyoTherefory,- ik) dseh- nbxOnecessarXiylhageetdSbe
rounded, g¥tt§1|nteger val ues, before they are added to the integer
val ues (x The inverse of the block matrix results as

follows: (An En) 1 - (EnA 0) 20 Thus, this process nay be inverted w thout
error by sigplyeysing &@ﬁ §ﬁ”sn"%&fae>s_~t%]b61%d ihe ar a¢gyﬁgiﬂgtd{aw05f0n

and by now subtractin e resulting values 1nst ding in the
formard5prébﬁsskﬁgwnTh DGt wartdhepr dB&EEBI ngs i sdeecnpesdr al BHO| nGFVgRs13,

while the bagkwapdsprocessi Rrks dstddstrapRd-dih Fifisldatddei s d orhe noted
that the Wlaﬁsformnatmx in Fig. 13 is identical to the transform matrix
14

in Fig. PERREs Fhraster r 889 &rn sPpiYRIIGPRE t RET-iLfpIrAdf at ¢ TBAS 30
Since the dabumpogxeion. . isX, dikcaseedot iApdFtiged BN thBichor ward sbep
for

the backuaraPtanetn i e st HoP ST 0 Ba Rorka Wt Whare STk 0 BBeai fic
restrlkﬁloh§1ﬁ8240 A5%. the matrix A. Therefore, it does not necessarily
have to be invertible.
In contrast to prior art, in which the DCT-IV is decomposed
into several stages of Givens rotations, the transform
itself is left unchanged and subsequently rounded.
15
It is known that thus the integer approximation of the DCT-
IV is performed by several stages of 1lifting-based Givens
rotations. The number of Givens rotations is determined by
the underlying fast algorithm used. Thus, the number of
20 Givens rotations is given by O (N log N) for a transform of
the length N. The windowing stage of each MDCT
decomposition only consisgsts of N/2 Givens rotations or of
3N/2 rounding steps. Thus, particularly for transform
lengths which are high, such as they are used in audio
25 coding applications (for example 1,024), the integer
approximation of the DCT-IV provides the main contribution

to the approximation error.

The approach uses the described multidimensional 1lifting
30 scheme. Thus, the number of rounding steps in the DCTyy ig
reduced to 3N/2, 1i.e. rendered equal to the number of
rounding steps in the windowing stage, i.e. in comparison
tco about 2N log; N rounding steps in the conventional
lifting-based approach.
35
The DCT-IV is applied to two blocks of signals at the same
time. One possibility for this is illustrated in Fig. 12,

where, for example, two temporally succesgive blocks of




In order to obtain an invertible integer approximation of 5 the known
MDCT, the MDCT is deconposed into Gvens rotations in a first stage,
wherein this stage is the w ndow ng stage, and in a subsequent DCT-1V
stage. This deconposition is discussedt4nm Fig. 3, which will be explained
in the follow ng, and described in detail in DE 10 10129240 Al. In
contrast to prior art, in which the DCT-1V is deconposed into several
stages of Ehwphesr eixal i ohdply heubrhaastar Mo i 4seblr-iry.| affe unehapyedkand
subsequent | igﬂunadeeg. 1 "ttié kcpowg that thus the integer aggroxi mat i on of
the DCT- |V §™petTor fBG- By 88veral “ECade’® of TRIPLPREShARY GIOBRYST

rot ati ons. aThe hanbempdEsCGoienwor chatneis bf detreil tiinkdnhyl thenahder!| yi ng
fast al gorithmused. Thus, the nunber of 20 G vens rotations is given by 0O
(Nlog N for a transformof the length N. The wi ndow ng stage of each
MDCT decofpBsi tderrerptsieiesi stfteost NEReG venlst diearisoimsiadr  ofl 1£8MNQ
roundi ng stapstidRusieRAiHLU Adve f o5 LHaaskar Mo |@ngt s MbEShnarg18i gh,
such as the%a e used i.n audi o 25 coding_applications (for exanple 1,024),
the integel lﬁbprrl’ﬁ(Y m&tiseh Bf tFRPEXSISTSA prsvi HeX t Ne HRFRI¥ontAS bbPPon  to
It h]? appr oxﬁfmrteiﬁea,epaﬁmicﬁhﬁragprf@acrt?asctgﬁr,deﬁgréa@@@ln m;llﬁéi dicnenyi, onal
ifting 30,schene...Thus, _{he_.n er._o oundi ng steps_in the DCTZv is

r educed toggﬁv Fesuly lrsen%%?egoggggﬁn?o C{er?é’"fﬂ?ﬁ%ﬁrw fc?%u‘ﬁla?nﬁogfgﬁg in

t he wiHdowshgwst ageFig.el2i:n conparison to about 2N 1092 N roundi ng steps
in the conventional [|ifting-based approach. 35 The DCT-1V is applied to

two bl ocks of signa t the sane, tine. e possibi}Jity for, this is
illustrated in Fig. Ii v wﬂer , _f or éexarppl N '[_V\Bé?le oraIﬁNy uccessi ve
bl ocks of - 46 sanpl @s ab€Tsi/npl \DETh] Bghed t o B, J YCT, two bl ocks

The permutations of the multiplications by -1 may be
15 extracted into distinct block matrices, so that the result

is the following:

DCT, O _(-E OYE, ©0YEB, —DCL,YE, 0 Y0 E,
0 DCT, 0 B, \DCT, E, O E, A\DCT, E,\E, O

20
Thus, the application of a transform to two blocks of
signals, i.e. to two blocks of discrete wvalues, may be
obtained with preferably three multidimensional lifting
25 steps:
E, 0 YE, — DCT, Y E; 0
DCT, B, \O E, DCT,, E;
The above equation is graphically illustrated in Fig. 10c
30 based on an embodiment. The inverse converting is

correspondingly illustrated in Fig. 11, as discussed.

With the approach, two DCT-IV transforms of the length N

may be implemented in an invertible manner, wherein only 3N




whi ch are subjected to the two transforns may, however, also be sanples of
two channels of a nmultichannel signal. 5 The deconposition fromthe

mul tidi nensional lifting equation described above is applied to the
transformrule which may al so be consitdered as N x N matrix. As the

i nverse, particularly for the DCT-1V, is again the DCT-1V, the result is
the foll owi ng deconposition for the concept 10 shown in Fig. 12: DCTIV O
EN O EN - BEIh¥ifgENte@®sDGHe)reqiiXdd, ENE(O0 3EN2) (NrIdGHV diheps per

per mut atioP?aﬁEfEhS mul tiplications by -1 nay be 15 extracted into

di stinct bloc rraf:ri'ces, so that the result is the followng: (DCTIV 0 ) _
(- ENO)( ENO )(EN - DCTIV)(EN O )(O EN O DCTIV 0 EN DCTIV EN O EN DCTI V

EN EN 0 20rfBuscrllie applialimitdind £ ANRLALBAD (10 bl ackseobo signals,

i.e. to two blocks of discrete val ues, may tained with pr rably
three rul t PAVAeRPHNATHLISHG Gt iP5t dps:-, ENFOr ENexamd® v/ BN LDexFingN 0 EN

) (DCTIV 0 poibl Hhgeabove seGUaldPhdsnidreRddgal dyldhdnisdtpbed 1o Kbgs 10c
30 based on ]a:m enbogl ment. The.inverse converhg #S corgesgg%gl n%leé

Ul ust r at oHOFneFFR. DETS 58 BPiBYSEHIOWPE hitheRaBphaachO PRoDPEFOF

t ransf or nsinf ekhetlignghle Nameawahe iimpllenepdedird afndi inethébbackueapér,
wherei n on - 47 _ rounding.steps.are required, i.e 2 roungding steps
per trans#%?%gls?he AIf’CTgl \]l%lsrll1 {He 1?]"ﬁ}see SRt rrlesnsf’blﬁgﬁgﬁvfaf tj%’%% g%%gs may
5 haveGnytrapbéatnt at¢nathd, e suchor aexahp?24. a afd oghepg are used in

current audio coding applications.

The overall computing complexity is egqual to 1.5 times the
computing complexity of the non-integral implementation of
15 the two DCT-IV transforms. This computing complexity is
still significantly lower than for conventional lifting-
based integral implementations which are about twice as
complex as the conventional bCT-1V, because these
implementations have to use the trivial plus/minus
20 butterflies based on the used lifting scheme to achieve
energy conservation, as described in R. Geiger, T. Sporer,
J. Koller and K. Brandenburg, ,Audioc Coding based on

Integer Transforms™ in 111th AES Convention, New York,
2001.

25
The illustrated approach will calculate at least two DCT-IV
transforms at the same time, so to sgpeak, i.e. within one
conversion. This may be achieved, for example, by
calculating the DCT-IV transform for two successive blocks
30 of the audio signal or two succesgsgive images of an image
signal. In the case of a two-channel stereo signal, this
- may also be achieved by calculating the DCT-IV of the left
and the right channel in a conversion action and/or inverse
conversion action. The first wversion introduces an
35 additional delay of one block into the system. The second
vergion is possible for stereo channels and/or, generally

speaking, for multi-channel signals.




poi nt based or a fixed point based inplenentation. It does not even have
to be invertible. It only has to be perfornmed in exactly the sane way in
the forward and in the backward process. As a result, this concept is
suitabl e for high 10 transform | engths,*&uch as 1,024, as they are used in
current audio coding applications. The overall conputing conplexity is
equal to 1.5 tinmes the conputing conplexity of the non-integra

i npl enent aklorrpktibelipe tivio IRk | ¥ptiansf eroess . ndthi desdrpdt i hgitcoipl exi ty

is still spognific I fo entional Lifting-. based integral
inplenenta??gﬁéimh?gﬁggregﬁﬁéﬁ%g?ﬁgcei%égg%oﬁ%¢eQ@agk?ﬁgﬁgoﬁ§£n?§ong%
DCT-1V, bekadscainede rhpl eREAtAVi ors habke t denseht h¥ t mayi aklgbushai nus

20 butterfliesmpased 9Arbheywdsperliit khgnsehee Le aRBi @YRGANRYEY In
conservatiop, as described in R Ceiger, T. Sporer, J. Ko?ler and K

Br andenbur §R 1S AR BHldi n§SEasdd HENDnt EgerBTr &wst of me'Lith 12IpReAES
Conventi ongibewoYakk, cr2@¥lford Theséd! ust ratmd mpproeehr kit isat cukate at

| east two -IV_tr far at sane ti 0 to speak, i.e. wthin one
conversionpg$ﬁrs1§g§ﬁgicﬁtgﬁgﬁ%d?gsér é%bnp?g%siy' &m%ﬁﬁ@uv?ﬁf?hﬁktfw-|v
t ransf or m flecotmpossbcorssive dilsanlesesl ofint heddiudian sitgnather tww DCT :

successi vegl i | In S - | stereo
si gnal , thF%gﬂggérg s%%bgﬂggﬁf% é%pgi/%hl%% §¥%ﬁg§?§%tﬁﬁﬁ¥?vggsggge? ef t
and t HeO ri GhveBRafRERtIONG Goey arssiwirestt | b Bipd? onlogaverbe. tbaver dbon

action. Theukthsl ¥pp3ien hNbieducraraAx35 additional delay of one bl ock
into the system The second version is possible for stereo channels

and/or, generally speaking, for multi-channel signals. - 48
Alternatively, if both options ar E@gg degjred, but if a normal block
processing length of N values is t% e Iémintained, the DCT-1V of the
| ength N nay al so be N/2  Tw/2

15 i.e. N/2 plus/minus butterflies, a block diagonal matrix
with N/2 Givens rotations and further some permutation
matrices. Using these additional stages of N/2 Givens
rotations, the multidimensional 1lifting approach may also
be used for the calculation of only one DCT-IV of the

20 length N. The basic structure of this algorithm is
'illustrated in Fig. i5, where, besides the actual
conversion stage, in which two DCT-IV transforms with the
length of N/2 are used, there is first a butterfly stage to
calculate the first and the second block of discrete values

25 which, however, now only have a length of N/2. There isg
further provided a rotation stage on the output side to
obtain the output wvalues vy, ., Vw1 ELfrom the block of
output wvalues of the transformed representation and the
further Dblock of output values of the transformed

30 representation, which, however, now only have N/2 values
each, wherein the former are equal to the output values of
a DCT-IV operation of Fig. 12, as becomes apparent in a
comparison of the indices on the input gide and on the
output side of Fig. 15 and Fig. 12.

35




deconposed into two DCT-1V transfornms of the length V2. In 5 this context,
see Y. Zeng, G Bi and Z. Lin, "Integer sinusoidal transfornms based on
lifting factorization”, in Proc. ICASSP'Ol May 2001, pp. 1.181 - 1.184,
where this deconp05|t|on is discussed.#¥n"addition to the two DCT
transforns of the length N2, several additional stages of 10 G vens
rotations are required. In this algorithm there is further applied a

bl ock matr ilp CE ndﬂw:theﬂaﬂﬁéb)oﬁIyidEscM%Qe@luhénhpp$ibutienfbfe3hea

bl ock dlag%ﬂaklgﬁhlbélo a& l@%%lgévggdblgt%t 1%%% f%rkggréggﬁgw1ng

permutation matrices. ing thes Ptional” ages o Vens

rot ati ons, foma . nultldlnen5|onal lifting approach may al so be used for the
cal cul ati on of only one DCT-1V of the 20 length N. The basic structure of
this algorithmis illustrated in Fig.n13 where, besides the actual

conversgon stage, in which two DCT-1V transfornms with the length of N2
are used, there is first a butterfly sa&jé to calculate the first and the
second bl ock of discrete val ues 25 whi ch, however, now only have a |l ength
of NN2. There is further provided a rotation stage on the output side to
obtain the output values yo, ..., yN.1 fromthe block of output values of

Lhe Ly anst AOURQeEEPT 8ol dt A Andokat bt LT Rlagio ol by ;}Pgﬁs of

t he transf representation val ues
each, wher BRRTERESt Grvhsy rraﬂetlechwaanﬁ@n&ﬂe buflpmgvatggs oForaeB@“mplhe,

operati®n eheFifhllAviRs HEECORBSs 2PPBHE R ”.bél useapard Sprlgppéméﬂ@ ke pgi C
on the |np%%W§|de and on the output side of Fig. 15

Up to now, FEAESE%on! § d|§%us§§&9€he behlcd%?ﬁﬁﬁkﬁzﬁqua plus/mlnus
mul ti di nenduanal-flliikli nghd othbotk dvxy | 6£sDOT-tire Hfiddatng HPr fhree

steps of the multidimensional lifting:

1 1
—= DCT,, —= DCT,

_EN‘E DCT, © A2 v a Yo

V2 - 0  DCTL, 1 -

v

- — DCT,
15 \/5 v \/5

1
E, — DCT,

N \/5 IV EN 0
E, — +2DCT, E,

(EN 0
E, — +2DCT,, EN] 0 B,
It becomes apparent from the above equation that the first
transform rule, which is used in the left-hand brackets of
the above equation, and the second transform rule, which is
20 used in the center brackets of the above equation, and the
third transform rule, which is used in the final brackets
of the above eguation, do not have to be identical.
Furthermore, it becomes apparent £rom the above equation
that not only block matrices in which only the main
25 diagonal elements are occupied may be decomposed, but that
also fully occupied matrices may be processed. Further it
is to be noted that there is no restriction that the
transform rules used 1in converting to a transformed
representation have to be identical or even have to have
30 any relation to each other, such that, for example, the

second transform rule is the backward transform rule to the



5TO0 OT-1 However, it is also possible to deconpose ot her bl ock

matrices into nmultidinensional lifting steps. For exanple, 10 the foll ow ng
deconposition may be used to inplenment %Qﬂe) conbi nation of a stage with
normal i zed plus/mnus butterflies and bl ocks of DCT-1V transforns by
three steps of the nmultidinmensional lifting: 151 1 DCTlv DCTiv 2 7=1
E. ENDCT, 0Ol CENEN)( O DCTIMJ - 1 DCT 1 DCT 2 rv 2 ro ENO EN 1 DCTiv
ENV L O {ERSE f& EN)CQOLE (BAS1cd2beT| VheNe aNght belbomeke appadent

fromthe abaveecequationy hairtdiedd r 8LankFapsf %gﬁ%‘ﬂ' &s WD LS HHed in

the left-hand brackets of the above equation, and the second transform
rul e, whi chSi §3567ud84° ACFRENEeAte£DBr 2BNEES SoFrePKESEBERELIBGuUat i on, and
the third transformrule, which is used in the final brackets of the
above uation, .do not have_to be_identical. Furthernore, it becones
appar eﬁ? fr&gmtpﬁg SBB%SXgQUgfLSEn 10faf ot LoRES BROEE*REL FPcBYRMR - whch
only the nihe 28cuvegehah elfenthes direcoescepivadussy be decempasEdrmbyt t hat
al so fully.gceupi | cgs, Jray pracessed. . Further Jjt__is to _be noted
that ther eri% %gbggg{gr&%%t’i ﬁq t ha?gﬁﬁe l%t%r arrr?la of rfL réns?duste% ilWPESH'\E/’QEti ng
to a transPB¥nedansdsrasentls i bn Fuveheombeei déie osdarsy BvRnmamvelso have

30 any rel aki ofotRe@ael ohber asHChehiat 1of0rtheexat§ﬁrln§’ d6 = 8860y e

transformrule is _the backward transformrule to - 50 first transform

rule. Bhsi CEEFTTSPhEPe R (RAPALSETh e - The means 140 may further

be formed to generally use any transform rule 3 which does
not necessarily have to be the same as the first or the
second transform rule.

15 In the inverse conversion of the transformed
representation, however, there has to be found an
adaptation to the transform rules 1 to 3 discussed in Fig.
10c, such that the first means 124 for converting does not
execute any transform rule, but the transform rule 3 that

20 was executed in block 140 of Fig. 10c¢. Correspondingly, the
means 130 1in Fig. 11 has to execute the transform rule 2
which was also executed by the block 108 in Fig. 10c.
Finally, the means 150 of Fig. 11 has to execute the
transform rule 1 which was also executed by the means 102

25 of Fig. 10c, so that a lossless inverse conversion is
obtained.

Fig. 16 shows a modification of the concept described in
Fig. 10c. In particular, the roundings in the elements 104,
30 110, 142 for the forward transform or in the elements 126,
132, 152 in the backward transform are no longer executed
sample-wise, but such that there is a spectral shaping of

the rounding error.

35 When comparing Fig. 10c¢ to Fig. 16, it is apparent that it
is preferred to substitute only block 104 by block 204a,
and to use block 204b instead of the rounding block 110.

This 1is the case because the concept is especially




three nutually different transformrules, as long as this is taken into
account in the inverse representation. 5 1In this context, Figs. 10c and 11
are referred to again. In the conversion of the discrete values to a
transformed representation, the mears 502 may be formed to inplement any
transformrule 1. Furthernore, the neans 108 may also be forned to use any
other or the sanme transformrule 10 referred to as transformrule 2. The

means 140 ﬂﬁVaﬁUé@h@ﬁs vbﬁeﬁotfmﬂetngéngﬁﬁbbﬁuéﬁﬁ aﬁangf@ﬂﬁa@wmruﬂlm?»
whi ch does % necessari | to be th @ne as the first or t second

transf or m FiFe FXPEUFRYn& RGBT o FBAERT TS el B nbguhdtng

representaernor hempveblgmHELe Whsnt nobepéotndl aghaptlapt asi parforméas.
ransform suhes. 1eh0rd discungedebioflfoy 106.08Kehnlhalnt heclLES! cEANS

124 for converting €s not execu transtormru e transform
rul e 3 % haroeondiag é%ecusedctnabl @bﬁpmg oh Plgek1082 eoridspondPngey, the

means 130 &AvEige %%é“ﬁﬁ%éhﬁ%?@Utﬁo%QﬁeEra@ﬂﬁyrﬁéukﬁe caMd cipMmaghal so
execut ed bghthe | ock 108 in Finally, the neans 150 of Fig. 11

has to exePLPEKt R4y r RRGVIIR rthere Wi CHAMES 3l %%e%‘k%%%h’eeoﬁyeifﬁéoﬂfeans
102 25 of Bi/g.tHOC cremdiitatm ain0SBlLesR | VI SeriONerendivies spbtaraed.

Fi 16 sh di fi th t

barii oul ar SEEREnHD i kG Thab ol ionte o e50 gL 123V RHF2BRE P or war o
t r ansfldr m becansehéhelrengmt sadRit; alB?an$5®rmnbyheﬂhadkmardblmamsieﬂn1are
no | onger SYGEVLE] 28AUR) EpPhEnc DUl L AUCISEDAL LACHE] 928, SPAE! hBh8haPI NO

of the roun error en conparing
apparent tHBBEPPE TrPyngipfeerad®@nt ¢ lsansiy tentealtﬁwltgh%l@ékpq‘e4bkycbl b&k, 204a,

and to useggl O@Ka204bmn55f@@kofzdm r ading Rhack HiQo Ehh:éau§ the case
because the cgnceg is especiall 51 advan&g%Fous %p%) hgre h ﬂ
subsequent PEFAAEPEANGL i SRR o nding, as illustrate the blocks

15 110 in Fig. 10c¢, instead of the spectral shaping of the

rounding error.

It depends on the individual case of application whether
there will be spectral shaping rounding or common rounding,
20 i.e. with a rounding error having a white spectral
distribution, at the end of the second transform, i.e. the

transform 108.

According to the invention, the independent rounding of a
25 certain number of, for example, k wvalues is thus replaced
by rounding with spectral shaping, which may also be

referred to as “dependent rounding”.

It becomes apparent from the above discussion with respect
30 to Fig. 16 that the spectral shaping of the rounding error
may also be used in the integer DCT required for the
IntMDCT. However, it has to be considered here, as
discussed, that the spectral shaping by error feedback is
only particularly advantageous when the values to be
35 rounded are time signals which are transferred to the
frequency domain by a further transform step. Therefore, as
illustrated with respect to the multidimensional lifting of

Fig. 16, the spectral shaping ig advantageous in the first




the frequency range where the white noise of the rounding error is

probl emati ¢ when no spectral shaping is perforned. Since there is no
frequency transformation after the 5 rounding 142, spectral shaping in

bl ock 142 woul d no | onger involve the ®=tlvantage. However, this is the case
for the block 204a, because there is again a frequency conversion by the
transformin block 108. The inventive spectral shaping in block 204b is
thus al so swbl ktag¥anbageorsnolOohgeausectheneily aganntagbbapsiaronby the
| ast blockt%49d SEbmever, as is apparent with respect to Fig. 16, the

noi se- shapea rod 8Png error already enters the output block 114, so that,
in block 204b, there could al so already be perfornmed a conmon rounding, as

st rat edeDy ol e, Dhockscdd Hhel fifd 0.4 08nol 0880 ad N, SpeCLARL
shaping of the rounding error. 1t depends on the |nd|v[§ha case o
appl i cati ofowKecRerdingete® W9 . bk0gpaccralismapiond ouhavegt bPn cofhen

roundi ng, @2@sk. €inWM thed dOMIEENT EEFAL=NVA YL @ i tE8 SPeal! akegults
dlstrlbutlggtﬁat the_end of the second transform i.e. the transform 108.
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shapi ng, tch.may,also b referred to as "dependent undi ng". 1t. becones
appar ent r@gn1%ﬂe 5§8§e 8?%0u§@98 Smﬁ?ﬁefggﬁecﬁ%e lFS&EVg. Tgtpha%h?he
spect rdl skapepgioh tife theurdingramdingdyl atlisd bg2 uses2i nTnh&ignt @ger DCT
required fehekhe ctM¥das OVBYSEIS! blasdo die_ eoashdgher: Nebanadig

s eedbac s only

di scussed, _that the spectra apli ng by error I

parti cul ar Pyoghvantsgenis A swRestvlieadt olbetBs iBuRBEHVEr €ecPAeTsi gnal s

which are byaaspensedtt Qohh@_in?r squenrsy 2dabmi poly , awhdkhhan 1t hagsf enm st ep.
Ther ef or e, Illustrated wt resgect to the nul tidirensi onal Ilf&hng of

Fig 16, 1 RETUREUEFalStaEhi KLt hs TEapPertaddolSion the fiGiorcragple.

15 particular, it is to be noted that exactly the same
spectral shaping rounding algorithm is to be used in the
decoder as in the coder.

The concept illustrated in Figs. 2b and 2c, particularly
20 for H(z) = “-17, is further also especially suitable to use
a reduction of the rounding error and particularly a
reduction of the rounding error in integer transforms. Such
a reduction of the rounding error is possible whenever two
floating point wvalues are rounded and added to the same
25  wvalue instead of different wvalues. Such an exemplary
situation is illustrated in Fig. 17. Here, there is first a
first lifting step with a sequence of down-up-down between
the lifting participants x; and Xx;. There is further a
second lifting sequence with the known sequence of down-up-
30 down, but now with the lifting participants X; and X3;. In
particular, the value x; obtained in the first lifting
operation is used to serve as addition partner in the
second lifting step, as it is apparent from Fig. 17. It is
again to be noted that, when an arrow arrives at a
35  horizontal 1ine, this represents an addition. In other
words, a value which has just been rounded is thus added to

the value corresponding to the horizontal line.




two steps, but is no |onger necessarily advantageous in the third step. It
is to be noted that Fig. 16 shows the case in a coder 5 corresponding to
Fig. 10c according to the invention. The case in the decoder correspondi ng
to Fig. 16 results directly froma conparison of Fig. 16 and Fig. 11. The
decoder directly corresponding to Fig. 16 results fromFig. 11 in that al
bl ocks operate identically, with the 10 exception of the two roundi ng

bl gcks 21-325pé53fé_|calEiyg. ikl thet d@@@n;?l\wbé]:@mﬂii@g Ptﬂg).gKLSZ Opgiatlage x;

i ndependent. roundi ng . cks e _substi tut 0N e inventiyve
decoder, BY %éasﬁd%ﬁegﬁgsﬁdi<§>305¥<“8%é3)2@ ,l%%(%b,l RTAENHE A S
structure dhdwaekni25l jr.esectodtpli gsigueal fof bXaokl 52| dsladdadd iteulzar, it
is to ben ha act he ,same tr S i r di. I ithm
is to be uggggfk t%gg¥deég%%é’as In tE%RggaegE T%gg%ﬁﬁcéggpifﬁgsgsggéd in
Figs. 2b aWgightegarthkedlar RBp6)20andr agedy =roundedi dbilgckhe?5&l soThe

especi al |'y reuhabler 10 Use-guh@IHST bR Qfs THK, r o4t NGoeRL 01288, The
particularly a_ reductjon of the Founding error in integer transforns. Such
a reduct i ofcERLENST obai AGIEEAOR 146 Qodsi BYeiRher vt adho (P1Pelat PRg) poi nt
val ues areandutdesdedd (addet L@4ah)he s dee adBiedale thrsiead o eiafiler eft

val ues. Such an,_exepplary i.tuation is illustrated in Fig., 17. Here, there
' First ar i | PLPCRy 2P wi (N ESBGRHOE 8 oW up ol Bet wedn ¢ ho
i fting paweiighpadt dyxk @dck327Thered iis frlnetrheouadesebgnd ilfcicdkng 7@equence
with the k n b OW. \M t i fti

partici pan?@wgf%%%x? %\lg%g?%?guﬁ%r ddqité%éil vé_z‘i%?u@ ;\_Lzzgmo%?%i ﬁgg icﬁftrj'tr%gltfi rst
lifting opelaei offi sxusedhedm séhpaeasigddrgadn pietdlering t(%76)secddd

lifting stepundSnigt (25783PPas eadiaf ook Gnel reddld Sor agabAkt @78€ aB@atied
that, when_ an arrow arrives _at a 35 hori zont al |ne,é%p|s represents an
e

| )
addi tion. IR e FULEEAEs Vad Uk Qe Xrhi cHeh&SSGSt Sbe &t tSo 5FRE 108 2R3%s
added 1® tike agaive wotglespdndbbgceko 282¢  hardZzottial wkigkted result is

rounded (block 284) to then add the result of the rounding
block 284 again to the now current value of x; (block 286)
to obtain a result wvalue for x;. It is apparent from Fig.
17 that first a first wvalue, i.e. the result of block 262,

20 is rounded and then added to x,. In addition, a second
value, i.e. the result of block 270, is also rounded (block
272) and then added to the value x; (adder 274). So there
igs the situation that two floating point values are rounded
one after the other and added to the same value instead of

25 different wvalues. In the example shown in Fig. 17, the
result of the third and the fourth lifting step is added to
the same value, i.e. X3, so the adding is done with the
rounding function [.]:

30 [x1-ce1] + [x2-083]

If the error of the third lifting step in rounding is fed
into the fourth lifting step, the error of the third step
may be used in this case and only one rounding error is
35 generated instead of two rounding errors. With respect to

calculation, this results from the following:

[x1-es1] + [x2-cmp; + (%1-c81 - [X1-cs:1)] =



- 53 Specifically, in the exanple shown in Fig. 17, the value xlI is first
wei ghted (bl ock 250) and then individually rounded (block 252) The out put
signal of block 252 is added to x3 (block 254) Then, the result of adding
254 is again 5 wei ghted (bl ock 256) and4gai n rounded (bl ock 258) The
result of this rounding 258 is now added to x|l (260) . The result of the
addition 260 is again weighted (bl ock 262) and rounded (bl ock 264) to be

added to the current palue,pf+ k3, -(d=3 Bl acke=26)- [Qreespondi ngly, the
value x2 is 10 weighted by a bIgpk_Z?O anp is then rounded by a bl ock 272.
The result of block 272 is added*@27%} 't ot*h&E%how current val ue of x3.
Then there is again weighting (276) and rounding (278) to add (280) the

result of k 27 i t nt I this
addi tion 2@% %5 IS é%%?n@ﬁblg %Q§1§g{%§k i%%?ﬁggﬁdtﬁ%e wel g %egéFt IS
roundecd (bRBER £284) neEtt mewradda e gtesis ttiuhs t be tbyﬁdcnge bﬂ@@klszall agai n

to the nOWtQUrd’r?nﬁd&§-l:5!8n0fofx3tﬁ@| %&&%ﬁ)anaoaobé%&@lé&éulrbuﬁahﬂg for
x3. It is agparent romFig. .17 that first a first va .e. the result

of block 268182 F I IORlP ahtL ¢FeFrbRdednt §i83. 15 AMRF¥ILRN, Fidsed8nd
val ue, ECOE:Eréspeﬁdbt f bleck1270,whEl @) saowevaded v oglo aég)araeé t hen

dded to th 7 So_t.h th t uat
?Iogting pS?H¥ Eﬁuig'gﬁg’%%ﬁﬁﬁe 720%Eda%ﬁ%'4@%&%§%§#a§%dg§§8 fhe
same VE} ue2i7Astead sofbsRS taitieetenta Vel ads. 268 fbemedauplemphemantntﬁeg. 17,
the re.su' bb 8% ”Zé‘z‘qd 1dh anf'hé?@fé?é””ﬁhle'hff%é@léé eBg 1?e$'d€\9 F%lot _Sare

val ue, e addln% IS doné roun unction 30
[ x1' csl] 36Px2an@:52]70I faxgheLarssr Qﬂd¢¢1elﬂh|¢@r¢¢¢@¢¢lg Sotap anAr50/BI ng i s

fed into thenbiedrt inl ifhidiGiteRaddle, efHOr rOind eyt 8Bi+drsigpLhiBY ue used
in this case and onIy one r ndlngperror is.35 %ﬁnerated instead of two

roundi ng eFPorRalVedh gg%p tgufput of the ock , there now
15 results only one single value which is added to X; by an

adder 269.

A combination of reduction and shaping of the rounding
error may also occur, for example when a set of Givens
20 rotations and a multidimensional 1lifting step follow each
other, as illustrated in Fig. 19. Here, by way of example
only, the last step of a down-up-down seguence for several
values is performed of wvalues x; to x4, i.e., for example,
the down step 31c of Fig. 9. Thege values are now to be
25 added to corresponding wvalues, to which also the rounded
values in Fig. 16, i.e. the values at the output of block
204a, are to be added. In this case, it is preferred to add
the unrounded values first, namely by the adders 203 shown
in Fig. 19, to then round the added values in block 204 in
30 Fig. 19 and simultaneously subject them to noise shaping
such that then only a simple rounding error is obtained and
the output wvalues after the addition by the adders 106
contain less error. The situation is Fig. 19 thus results
when Fig. 9 1s put to the left of Fig. 16, and particularly
35 when an N/2 value DCT-IV is used instead of an N wvalue DCT-
v,




calculation, this results fromthe followng: [xl'csl] + [x2-cs2 + (xl'csl
- [X1-cs1J) ] _ - 54 [xl'csl] + [x2cs2 + xlecsl] - [Xi'csl] _ [x2 «c¢s2 +
[x1 c¢sl] Wth respect to calculation, feeding the rounding error 5 into
the next rounding step is thus in this ¢ase identical to an addition of the
val ues and a subsequent rounding. This situation is illustrated in Fig.

18, wherein Fig. 18 corresponds to Fig. 17, while, however, the two
separate Aogrddngabtock&e?8hyvedtd cand itthe st whuse paedee raddeos c2661in&0 274

are substi e o] 0 nle equa n.
Ther ef or e, E#%egregéﬁietl?ho%%t %gét V\fr%q"brﬁlgqnb r%%f gﬁgﬁlz%gl arsglg%\i%gt ggdéhg
unrounded FOHRAARE t AEROTr ouhBledthen ¢aver abf e @&Ses‘fedmmnmfngt@ﬁror is

thus up thhﬁH‘iﬁ@ eflrothe seutpyll afhdie vtall%% 268, tm%r %r@%‘é’s%%dr agml t's
only one s%ré ﬁ&val ue which is added to x3 by an adder A _conbi nation

of redutti A rGstdisdt theeTotmdiRg rerrdedraipatash deeurddedr texanpl e
when a set cpk Gialers, 26hiDé At iansandc@sdUbEi &Jh@rﬁpmailfshapgn@w

onl y. the Hhgt St Bhhehp: d5HE SEqUBHES for bever aRreyar CReoRy

perforned éhdepkudenklyt oof4, edch. , ofberexampl egre t heddein =1 epeYeeadf Fig.

9. These vggg§gg@3 Fg 41 @ £28 232 %%ggg.gglgﬁrrespondlng val ues, to which
oun e

also the r s in Fig. e values at the output of block
204a, H¥e to be added. In this case, it is preferred to add the unrounded

val ues firgt, igamakyhby ther2ded@ied@BatheWe diRuEtdonldn Fad.han faYnd the
added values in block 204 in 30 Fi %as 19 and si nul .t aneously,subject themto

noi se shapPh§® SFHH HEESR heASor H3hi% 1BuRdPng e 0¥/ 3 sPEBEaP®Ed and
t he out put ueakuesicafd erptheraddi titon byn’fréeSadﬂerstab@G tont appibesscerror.

e Sllgua; CH It T A0, TERULLS oxIRD Rk Stdge PHLeLE-LECLOLE O
butterfly stage in Fig. 15, in which the input values x, to
Xns2-1 are correspondingly weighted and rounded to be then
added to the same wvalues to which the wvalues of a DCT-IV
stage are also added. It is further to be noted that the
conversion  stage in Fig. 15 is illustrated only

20 schematically. The two DCT-1IV blocks illustrated
gchematically in Fig. 15 would be substituted by the
components shown in Fig. 16 in a practical implementation,
if, in Fig. 16, =Xxys2-: 1is written instead of =xy.i, and if
there is written instead of xy,, and if =xy.1 1s written

25 instead of Xy/z2-1-

Thus Fig. 19 shows a preferred implementation particularly
for monocapplications, i.e. for the case in which an N/2
DCT-IV is to be used.
30
Depending on the circumstances, the inventive method for
processing a signal having a sequence of discrete wvalues
may be implemented in hardware or in software. The
implementation may be done on a digital storage medium,
35 particularly a floppy disk or CD with control signals that
may be read out electronically, which may cooperate with a
programmable computer system so that the method is

performed. Generally, the invention thus also consists in a



35 when an N2 value DCT-1V is used instead of an N value DCT IV. - 55
According to the invention, it is thus preferred to conbine the reduction
of the rounding error with the shaping of the rounding error. In the case
of the reduction of the rounding error2®several input values are thus
processed and 5 rounded together, wherein the rounded val ues are added to
one value, while, in the case of the spectral shaping of the rounding
error, thecvopnded pabgyesmapeodaundedthi adgpegdeaent bydef feacheoEbeniagd are
added to s ral _respectively. different other values. 10 1t is further to
be noted t RoE CRYSSERUE METIo Mg o Ry~ GrelBEctrodRRES SSTFIrtstrated
in Fig. 15whRh? thETscameutesegrogere, mradct orthe oonverseapustagefni . e
prior to bl ) : j St e g 15

Ut tertl'y Stase TRoprd. T SV eh (e i Ty asSnEREEE, kpgdtad?.
corresﬁbndWhﬁﬁyEMePﬁﬁgéamaﬁkabuﬁ@édFﬁ&ﬂ@?ﬂﬂﬂﬁ1th@déet@@dbhéﬂﬁﬁhethalues
to which thempakeespebgaaRCluhY oﬁtgggoﬁbgt@kso added. It is further to be
noted that the conversion stage in Fig. 15 is illustrated only 20
schematically. The two DCT-1V blocks illustrated schematically in Fig. 15
woul d be substituted by the conponents shown in Fig. 16 in a practi cal
inpl enmentation, if, in Fig. 16, xN2-1is witten instead of xN 1, and if
there is witten instead of xNN2, and if xN-1 is witten 25 instead of
XN/ 2- 110 Thus Fig. 19 shows a preferred inplenentation particularly for
nmonoappl i cations, i.e. for the case in which an V2 DCT-1V is to be used.
30 Depending on the circunstances, the inventive nmethod for processing a
signal having a sequence of discrete values nay be inplenented in hardware
or in software. The -




i npl enentation may be done on a digital storage nmedium 35 particularly a
floppy disk or CDwith control signals that my be read out

el ectronically, which may cooperate with a programmabl e conputer system so
that the method is performed. General |3/ the invention thus al so consists
ina- 56 conputer program product with a program code for performng the
i nventive nethod stored on a machi ne-readable carrier, when the conputer
program product runs on a conputer. lataiokder words, the invention is thus
al so a computer program5 with a program code for perform ng the nethod,
when the conmputer programruns on a conputer. 10 - 57 Cdainms | Device for
processi ngla siBauichaviony preeguente of sidirscr ebheviayues,sadiermian Ohere is

a first frequehaxséréegggnafﬂdwwi&Hewfnsit%% has g '%@n%ﬁsgégﬁggeg ow

wherein there is a secon requency range, 1n which the signa
ener gy,> conpri stABgenedds WROZh fidre n@digpallat hag thehighuear®f: dpBérete

10 val ues to obyRtRe@nsegisance; Of smaidutat ed-MaLHES, I%ngel’}ati@-t wheagt one
of the mani pul at ed valuef gs non- i nteger; and neans (20 for rounding the
sequence of nanFpl 8+8821 152Fafuésvt BREBERr nCaVBEHERAEE of rounded

mani pul at ed val ues, wherein the nmeans (204) for rounding is forned to
effect a spectral _shapi of. a generated rounding.  error so.that a

spectral ly shapgaa?%uﬁgggﬁ gFFb%ﬁ%%?%%éﬁﬁ%ﬂégk%n%?%?e?ﬁet £ P%F§F6te
frequekty rangevehaasi hot lebtadd secirmhdnaeguehcyanapgbated Deviies, obocl ai m
1, wherein the ghgpalyd s; 8,44 M8 eS'cgﬁaéheW&%ﬁbggg%ddkﬁacﬂése yal ygs-are

ti me-discrete values, and %urtﬁer conpri si ng:
integer; and

means (204) for rounding the sequence of manipulated
15 values to obtain a sequence of rounded manipulated

values, wherein the means (204) for rounding is formed

to effect a spectral shaping of a generated rounding

error so that a spectrally shaped rounding error has a

higher energy in the first frequency range than in the
20 second frequency range.

2. Device of claim 1, wherein the signal is a time
signal, wherein the discrete values are time-discrete
values, and further comprising:

25
means (208) for converting at least the sequence of
rounded manipulated values or a sequence derived from
the seguence of rounded manipulated wvalues to a
spectral representation with spectral coefficients
30 which contain more rounding error in the first
frequency range than in the second £freguency range;

and

means (208) for coding the spectral representation.
35
3. Device of claim 1 or 2, wherein the first frequency
range 1is a vrange of low frequenciesg, wherein the

second frequency range is a range of high frequencies,




means (208) for converting at | east the sequence of rounded mani pul ated
val ues or a sequence derived from the sequence of rounded mani pul at ed
values to a spectral representation with spectral coefficients 30 which
contain nore rounding error in the fiTtst® frequency range than in the
second frequency range; and nmeans (208) for coding the spectral
representation. 35 3. Device of claim1l or 2, wherein the first frequency
range i s a rangendf whewet hequeneicasms Wirei nfdheroseddngl {&equensy tange is
a range of high %%e?genqhgg, 2 58t agq mhgreLn t he neans 2304% for _rounding
is formed to ef t he Spect®al”$api ng a8 g a foWPass chBFaBPEPi stic
for filtering achadabhekietior fefnfilbesdinPeni Cedabaokdengotoedany.of the
precedi ng clai ns, wherein the nmeans (204) for rounding is formed to round
(218) a first discrete value, to determ ne (214) a rounding error

gener ated #n robfAUifg tAECHisREete 2DyvaFuehetprevafimoect220%,t he rounding
error, and to conbine (210) the evaluated rounding error with a second

di screte val ue aggacent to the first discrete value in the sequence to
obtain a conbi nB8SY& e, “hd MSRES 0 R84 ( 2157 t KEVESHEEnetS vAIQRaD BBtain a
rounded 15 versbondofi2ihe secopdtvalinerebe bDavuee aecaedep@ihe apy4pf the

precedi ng cl ai ns, wherein the neans (20 or_rounding is forned to_ 20
eval uate the roan|3%fé;n rSWETh §%%Mﬁ§ﬁ%% +%n6FFﬁﬁf%%uEQ9t5§ﬁ§F8Fe
functilh is equublue, " tid' . eGalieve cd2ad¢ordiengroondhygofertdre ,praweding
claims, 25 whepgipihhe @pey etigvalues aiey nl—seﬁaiﬁg' USSy oo Qg})‘ﬂ °g

according to any of the preceding clains, ereint means (2
rounding i s forfBECRE discgeresr afxliwupddacerriuée Hdwe nfiressdascuraey t han
t he value in the sequence to obtain a combined value, and

to round (218) the combined wvalue to obtain a rounded

15 version of the second value.
5. Device according to any of the preceding claims,
wherein the means (204) for zrounding is formed to

20 evaluate the rounding error with a rounding function
whose transfer function is equal to “-17.

6. Device according to any of the preceding claims,
25 wherein the discrete values are integer values.
7. Device according to any of the preceding claims,

wherein the means (204) for rounding is formed to
30 generate rounded values having less accuracy than the

manipulated values.

8. Device according to any of the preceding claims,
formed to perform an integer windowing or an integer

35 inverse windowing as processing,

wherein the signal includes N/2 discrete values from a
block of 2N discrete values,




mani pul at ed val ues. 8. Device according to any of the preceding clains,
formed to performan integer window ng or an integer 35 inverse w ndow ng
as processing, wherein the signal includes N12 discrete values froma

bl ock of 2N discrete values, - 59 wher&¥n the neans (202a) for

mani pulating is formed to weight each of the N2 discrete values with a
value determned by a first lifting step, 5 wherein the device further
conprises a first adder (205a) for the val ue-w se addi ng of the sequence
of rounded nanigulated KF ues to nce with further crete

val ues of the bI'8Ek=sf 5RF dP?%PgtéQQEgE °T1 52 PY F&Fﬁgalﬁlﬁgfmgéqﬁgnce of
added val ues, whelighh tedrehdevi cehbumiferdisopeisesafiurtsheritieans vall2e2b)

for nanlpulatln t.each e iLrst sequence of added
QotaMeLaR! poagheyaLie 9k ing otLh

values with a val term y a seco ting step to obtain a
further>sequence of nanipul ated val ues, mhereln t he device conprises

further means (%Hé?élﬁprthéow%gh%% tPuQQEék”d%ﬂﬁﬁfé@? gequenge gfligeeunded
20 nani pul at ed va uei wherein the device conprises a second adder (205b)
g

for val ue-wi se (48dPhg %F obl@i V2 Ss¥dne eCbf thfdetPIYRRERs ©
wherein the devireen@edphiasdpudtickld fdliey t®adSse{dORES tu@thrrm&mba{i ng
to weight each y % . of t? agcond iegﬁgn%ﬁ o&sa%d% d walues wth.a value
determined by a a FEPtPnyostiep £ AP og s Bl PN §85FEFEfer 2d&GGence
of manipul at ed tel obsainher éimstheedeence biir eldedi melludes still further
roundi ng neans (204c) to obtain a still further
wherein the device further comprises further means
(202b) for manipulating to weight each value of the
first sequence of added values with a value determined
15 by a second lifting step to obtain a further sequence

of manipulated values,

wherein the device comprises further means (204b) for
rounding to obtain a further sequence of rounded

20 manipulated values,

wherein the device comprises a second adder (205b) for

value-wise adding to obtain a second sequence of added

values,
25
wherein the device comprises still further means
(202¢c) for manipulating to weight each value of the
gsecond sequence of added values with a wvalue
determined by a third lifting step to obtain a still
30 further sequence of manipulated values,
wherein the device further includes still further
rounding means (204c) to obtain a still further
sequence of rounded manipulated values,
35

wherein the device further includes a third adder

(205¢) to obtain a third sequence of added values,




sequence of rounded mani pul ated val ues, 35 wherein the device further
includes a third adder (205c) to obtain a third sequence of added val ues,
- 60 wherein the still further sequence of mani pulated values is N2

wi ndowed or inversely w ndowed val ues; ¢&nd 5 wherein the third sequence of
added values is further N2 w ndowed or inversely w ndowed val ues. 9.
Device of claim8, 10 wherein the neans for manipulating is forned to use
the follow ng faneeesnasthei ghtiny factieher f eddend¥ 2 ofvahaas puGeked (COS
a- 1) /sin a, %g %@%reug &f S &he gpi htiqg factor for thﬁ value with
an ordinal index &, Snd Swnerei 18 ?gﬁ eSent s an A erFQOVﬁ cHArhES"
followi ng equat rod applies: 20 a = arctan[wWN 2-1-k) / W(N 2 + k)] wherein
k runs between 0 and N 2-1, and wherein w represents a wi ndow function. 25
10. Device of claim9, wherein the means for manipulating is formed to use
the fol%ow ng fHBEEFINashreitdhtichFIEamre ¢hradfedNvaluegl dGes fugtherk =
sin a wherei n Gikoi gihbewwel gkt kRgei-aetl O wiakolhe vahugsw th an ordinal

i ndex k, and wherein a represents an angle 35 to which the follow ng
equation applies: a = arctan[wWM(N 2-1-k) / W(N2 + k)] - 61 wherein k runs
bet ween 0 and Nb2viceand whetei 8,w represents a w ndow function.

10 wherein the means for manipulating is formed to use
the following factors ag weighting factors for the N/2

values:

GFr = (cos oo - 1)/sin a,
15
wherein GFy is the weighting factor for the value with
an ordinal index k, and wherein o represents an angle
to which the following equation applies:
20 : o = arctan{w{N/2-1-k) / w(N/2 + k)]

wherein k runs between 0 and N/2-1, and wherein w

represents a window function.

25 10. Device of claim 9,

wherein the means for manipulating is formed to use

the following factors as weighting factors for the N/2

values:
30
GFy = gin o
wherein GFy is the weighting factor for the value with
an ordinal index k, and wherein o represents an angle
35 to which the following equation applies:

o = arctaniw(N/2-1-k) / w{(N/2 + k)]




11. Device of any of clains 8 9 or 10, wherein the still 5 further neans
for manipulating is forned to use the follow ng factors as wei ghting
factors for the N2 values: GFk = (cos a - 1) /sin a, 10 wherein Gk is
the weighting factor for the value withlan ordinal index k, and wherein a
represents an angle to which the follow ng equation applies: 15 a =
arctan[wW(N 2-1-k) / W(N2 + k)] wherein k runs 0 and N 2-1, and wherein w

represents a wyRdesmihunet irgfs AkdideedeVd Cen@f My 10f ghai M it 14,
formed for a mﬁndomnng and further fol|owed by nmeans (206) for
converting, or TOPRBUSFLF FnUePLe"wiHBGGing and preceded by means for

i nversely converting froma spectral domain to a tine domain. 25 13.

Devi ce of ai ei.n t ans_f ihversely onvert | or .t he
means for ggnvg?%§%8$?§%|8§¥ E%Dgiﬁﬁmﬁ néaﬁ%.O%OEQH.W VT te g@%o?éﬁ%g to
any of 3he precédrhbetl aiems wher emantpelasdng (i202fofoed miuei ptdat thg is a

means (102, 1084113Qin, 50§aétQ£rsPrQ%esx§é5 UBhAg 8 %%‘%Sf?éﬂ‘e il exl9

obtain a bl ock of _transfornmed val ues, orresponding to t sequence of
non-integer di s¥R&¥8S:values. - 62 15. Device of claim 14, wherein the
means for manipulating (202) is a neans for performng a DCT-1V al gorithm
16. Device according to any of _the preceding cLz%nB, which 5 is part of a
coder for generating a coded r&pkeSentaFiGn fIbATLA Rriginal signal or part
of a Idecoder for generating a decoded representation froma coded signal.

wherein GFy 1is the weighting factor for the value with
an ordinal index k, and wherein o represents an angle

to which the following equation applies:
15 : o = arctanfw(N/2-1-k) / w(N/2 + k}]

wherein k runs 0 and N/2-1, and wherein w represents a

window function.

20 12. Device of any of c¢laims 8 to 11, formed for a
windowing and further followed by means (206) for
converting, or formed for inverse windowing and
preceded by means for inversely converting from a
spectral domain to a time domain.

25

13. Device of claim 12, wherein the means for inversely

converting or the means for converting include a DCT-
IV means.

30 14. Device according to any of the preceding claims,

wherein the means (202) for manipulating is a means
(102, 108, 130, 150) for processing using a transform
rule to obtain a block of transformed values,
35 corresponding to the sequence of non-integer discrete

values.




10 17. Device of claim 16, wherein the coder and the decoder together
represent a | ossless coding schene. 18. Method for processing a signal
havi ng a sequence of discrete values, wherein there is a first frequency
15 range, in which the signal has a Hi di¥ energy, and wherein there is a
second frequency range, in which the signal has a | ow energy, conprising:
mani pul ati ng (202) the sequence of discrete values to 20 obtain a sequence
of mani pul abed malries, oSoclhain at,| eRskeonetat tbanpafibpulmaheguvatiues is

non-integer; an undi ng_(204) -t he_sequence of i pul ated val ues to 25
obtain a sequen 20%? %%uﬁd@%aﬁ%nFﬁﬁlg?E CYartds? &E@rgyna ﬁ%rﬁgé%é (204)
for rounding is formed to effect a spectral shaping of a generated

rounding g6l 0l ps; thALcBoRRERL! 8Ll Yn haee@heogggggaiﬁgrega?ag,awhabgher
energy in the first frequency range than in th secon requency range.
19. Corputer prdgramd®th &Iprograrmedrie fdorpergonaraginghe anet Aededf

claim 18, when t+8grpEEHEANNHHNT r&h 3an COMRYLRLT 3Pignal or part of a

decoder for generating a decoded representation from a

coded signal.

10 17. Device of claim 16, wherein the coder and the decoder

together represent a lossless coding scheme.

18. Method for processing a signal having a sequence of
discrete wvalues, wherein there is a first frequency

15 range, in which the signal has a high energy, and
wherein there is a second frequency range, in which

the signal has a low energy, comprising:

manipulating (202} the sequence of discrete values to

20 obtain a segquence of manipulated values, sgo that at
least one of the manipulated wvalues is non-integer;
and

rounding (204) the segquence of manipulated values to
25 obtain a sequence of rounded manipulated values,

wherein the means (204} for rounding is formed to

effect a spectral shaping of a generated rounding

error so that a spectrally shaped rounding error has a

higher energy in the first frequency range than in the
30 second frequency range.

19. Computer program with a program code for performing
the method of claim 18, when the program runs on a
computer.
35




