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Description

[0001] The invention relates to a method and to an apparatus for generating reference phase patterns to be used for
controlling watermarking by frequency domain phase modulation of spectra of an audio signal.

Background

[0002] For real-time applications of audio watermarking in the context of home networking and for efficient implemen-
tation, e.g. in set-top boxes, low-complexity watermark embedding and/or detecting are desired, if robustness and
perceptual transparency are not sacrificed significantly.

[0003] In WO 2007/031423 A1 and in M.Arnold, P.G.Baum, W.Voessing, "A phase modulation audio watermarking
technique”, 11th Information Hiding Workshop, pages 102-116, 2009, watermark embedding occurs in the phase domain
by modifying phases of the host signal spectrum according to phase reference patterns. Specifically, the host audio
signalis splitinto blocks of length L gand each block is used for embedding a watermark symbol. The watermark message
is represented by a sequence of symbols. For embedding, each block can be further partitioned into Ngg overlapping
subblocks of Lgg samples length with an overlap length of Lgg/2. Following weighting of each subblock by a windowing
function, phases of the weighted subblock spectrum are modified according to generated reference phases and according
to results from a psycho-acoustic analysis of the host audio signal. Depending on a secret key SK (e.g. as seed of a
random generator), reference phases for each watermark message symbol are generated by the following steps:

B1) Randomly generate independently phase vectors ©; of

-1

length Lgg, which are uniformly distributed over [-n,i), where () <j< 38

B2) Generate time-domain subblocks via inverse discrete Fourier transform '(IDFT) of a normalised spectrum:

a’'~IDFT{e?}, where J =N -1 . Concatenate time-domain subblocks to get an Lg-length signal a.

B3) Divide block a into Ngg overlapped subblocks of length Lgg with an overlap length of Lgg/2, multiply each
subblock with a windowing function, and perform a DFT for weighted subblocks to get reference spectra.
B4) Extract angles of reference spectra that serve as reference angles for the data embedding.

[0004] Generating phase vectors at the beginning enables the flexibility of controlling the phase vectors in case
structured phase vectors rather than randomly generated ones will be employed for the embedding. Step B3) mimics
the windowing-overlap process thatis commonly used in the analysis stage of digital audio signal processing. Awindowing
function is selected such that an ideal reconstruction is guaranteed following ideal analysis (windowing-overlap) and
synthesis (windowing-overlap-add) processes. Finally, generated reference angles in step B4) are employed to modify
host audio spectrum phases after the host signal has undergone the windowing-overlap processing.

Invention

[0005] One possible problem of such phase generation processing is that many IDFTs/DFTs are required, which
imposes constraints on the achievable speed of hardware/software implementations, and the deployment of related
audio watermarking schemes is therefore limited for real-time applications. For example in a home network where the
AV material is sent to the customer, in a set-top box the audio content is watermarked with a label that identifies the
customer. In a general setting a copyright owner will license multiple different works to the customer. In order to avoid
the serious security drawback of using only one secret key for all AV material, different keys for individual copyrighted
works are used. Therefore efficient reference phase generation is a necessary prerequisite for deploying an audio
watermarking scheme in such application scenario.

[0006] A problem to be solved by the invention is to provide more efficient generation of the reference phase patterns.
This problem is solved by the method disclosed in claim 1. An apparatus that utilises this method is disclosed in claim 6.
[0007] The efficient generation of random reference phase patterns is carried out by approximating the inverse trans-
form of the phase reference patterns, and the corresponding forward transform and the windowing and windowing-
overlapping effects using two different short-length frequency-domain filters for even and odd blocks or subblocks.
Thereby the computational complexity for generating the reference phase pattern blocks or subblocks for frequency
domain phase modulation of the audio signal blocks or subblocks is significantly reduced, which in turn reduces the
complexity of both watermark embedder at sender side and watermark detector at receiver side.

[0008] The inventive reference phase generation fulfils critical real-time requirements and enables a wide deployment
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of corresponding audio watermarking processings. Advantageously, the flexibility of controlling the generated phases
is maintained, e.g. in case structured phases are used instead of random ones.

[0009] In principle, the inventive method is suited for generating reference phase patterns to be used for controlling
watermarking by frequency domain phase modulation of spectra of an audio signal, said method including the steps:

- based on at least one secret key, generating blocks with random or pseudo-random phases for said watermarking
for frequency domain blocks of said audio signal,

- approximating - for said blocks with random or pseudo-random phases - an inverse transform and windowing and
a corresponding transform and overlap+add by a first frequency domain filtering for even ones of said blocks and
a different second frequency domain filtering for odd ones of said blocks, thereby generating approximated versions
of said reference phase patterns for said blocks;

- using said approximated versions for said phase modulation.

[0010] In principle the inventive apparatus is suited for generating reference phase patterns to be used for controlling
watermarking by frequency domain phase modulation of spectra of an audio signal, said apparatus including:

- means being adapted for generating - based on at least one secret key - blocks with random or pseudo-random
phases for said watermarking for frequency domain blocks of said audio signal;

- means being adapted for approximating - for said blocks with random or pseudo-random phases - an inverse
transform and windowing and a corresponding transform and overlap+add by a first frequency domain filtering for
even ones of said blocks and a different second frequency domain filtering for odd ones of said blocks, thereby
generating approximated versions of said reference phase patterns for said blocks, wherein said approximated
versions are to be used for said phase modulation.

[0011] Advantageous additional embodiments of the invention are disclosed in the respective dependent claims.

Drawings

[0012] Exemplary embodiments of the invention are described with reference to the accompanying drawings, which
show in:

Fig. 1 known reference spectra generation;

Fig. 2  magnitude distribution of F[k*-K];

Fig. 3  DFT spectrum of windowing function w,[n] for Lgg = 1024;
Fig. 4  principle of inventive reference spectra generation;

Fig. 5 block diagram for the inventive watermark embedder;

Fig. 6 inventive phase generation procedure.

Exemplary embodiments

[0013] According to the invention, for the watermark embedding and for watermark detection reference spectra are
directly evaluated, which approximates above steps B2) and B3). To elaborate this, the original reference phase gen-
eration is investigated in detail. In the sequel, a subblock with an even/odd subscript is referred to as an even/odd
subblock, respectively.

[0014] Regarding above step B3), an audio signal block a is partitioned into Ngg overlapped (50% overlapping) sub-
blocks of length Lgg denoted as {a,,;, 0 <m< Ngg}. Accordingly, the even subblocks are non-overlapping and each odd
subblock can be obtained by its two adjacent even subblocks. Specifically, the (2/+1)-th (i.e. odd) subblock is constructed
from the upper half of subblock a,; and the lower half of subblock a,;,, as follows:

ars;41[n] = aypy [I’J+LSB/2] if 0 <n< LSB/2
a2i+1[1’1] = a2i+2[1’1—LSB/2] if LSB/2 <n< LSB (1)

[0015] The even subblocks are obtained according to step B2) as a,=/DF T{e®/}. Next, the even and odd subblocks
are weighted by a windowing function, denoted as {w{n], 0 <n< Lgg}, and a windowed subblock is obtained as a,, ;,[n]
= ap[nwin], 0 <n< Lgg, 0 <m< Ngg. Finally, the phases of spectra of windowed subblocks a,, ., serve as reference
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phases for the watermark embedding, followed by DFT for the weighted subblocks to get reference spectra.
[0016] This known reference spectra generation processing is depicted in Fig. 1.

Reference spectra evaluation

[0017] How to directly evaluate reference spectra, i.e. DFTs of {a,, ,, 0 <m< Ngg}? For DFT, multiplication in time-
domain corresponds to circular convolution in frequency-domain. Therefore reference spectra can be obtained via circular
convolution of the spectra for subblocks before windowing and of the spectrum of the windowing function.

[0018] {A_[K], O <k< Lgg-1} and {WMK], 0 <k< Lgg-1} shall denote DFTs for the m-th subblock a,,, and for the windowing
function, respectively. The reference spectrum for the m-th subblock is obtained by

A k==Y 4 [k W<k -k>], (2)
Lo =0
_ n
where the term '<...>’ denotes a modulo operation that is defined by <n> = n- I LSB' which maps any
SB

integer number to

the interval [0,Lgg), and where LXJ denotes the greatest integer number not larger than x.
[0019] Therefore the reference spectrum for an even subblock is

Lp=l
A= A )= Y e e k- k] 3

SB k'=0

[0020] For an odd subblock, the subblock spectrum is calculated according to Eq.(1) by

_1 k 1 Lgg—1 '
A2i+1 [k] = (—)(Ay [k]+ A2i+2 [k])+ - ZF[k'_k](_l)k (Azi [k'] - A2i+2 [k']) ’ (4)
2 LSB k'=0
o 1= (=D
where FIk'—k]= % if k'#k and F0J=0.
l—e "

[0021] Thefirsttermin Eq.(4)is the contribution from two spectral lines of the same index within two adjacent subblocks
and the second term is the contribution from other spectral lines. The reference spectrum for an odd subblock is obtained
by inserting Eq.(4) into Eq.(2). Therefore, for the evaluation of reference spectra, two frequency-domain filters {F[k]} and
{WIK]} are involved. In case they can be well-approximated by a few filter taps, an efficient evaluation of reference spectra
is feasible.

Efficient reference phase generation by filter approximation Approximation for odd subblock spectrum

[0022] The coefficient FIkK-K] in Eq.(4) has the following properties:

Flk'-k] = FI<k'-k>], |Flk'-k]| = |Flk-k']]| (5)

[0023] Foratypical subblocklength, there are only afew dominant central terms for F[k'-k] with respect to the magnitude,
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as shown in Fig. 2 for Lgg = 1024. Assuming that there are 2L, central dominant terms, i.e. for 0 <|k-k|< L, the Eq.(4)
spectrum of an odd subblock can be approximated by setting q = kK-k:

- 1 & N

A2i+1 [k]z ( 2) (Ali[k]+A2i+2 [k])+L_ ZF[Q](_I)k ! (Aoj [<kt>]-Apspp [<ktg>]) (6)
SB §=—1y

Approximation for windowing function spectrum

[0024] Typically, the spectrum of the windowing function can also be approximated by a few dominant components.
Examples of such a windowing function are:

. | mn T(2n+1)
= — = — ¢ f < Lsp,
wl[n] Sin L, wz[n] n 2L, or 0 sn< Lgg, or
w3[n]=sin rnt) forO0<n<Lgy/2 w3[n]:w3[LSB—l—n] for Lgg/2 <n< Lgp

SB

[0025] Allthree windowing functions have similar spectrum magnitudes. For example, the spectrum of w,[n] isillustrated
in Fig. 3 for Lgg = 1024, and there are only few dominant central terms.

[0026] Assuming thatthe windowing function spectrum can be well-approximated by 2L ,,+1 components, the reference
spectrum in Eq.(2) is then approximated by:

Z‘w
A, = ¥ 4 [<k+g>Prlcg>] o
LSB g=—L,,

Approximation for even subblock spectrum

[0027] For even subblocks, the reference spectra are approximated by:

LW
A, K=-1 Y Eelylc g 5] (8)
, SB g=—L,,

[0028] For odd subblocks, by taking the approximation of Eq.(6) into account, the reference spectra can be approxi-
mated by:
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L, 1)k+q

1
Aw,2i+1[k ~L_ Z T( 21[<k+q>]+A21+2[<k+q>]) [<q>]

1 ¢ < +p+
t o Y wl<q>] Y Flpl-D)"(4l<k+p+g>]- 4 ,l<k+p+g>])  (9)

SB q=—L,, p=—L

[0029] The second term in Eq.(9) can be interpreted as the spectrum difference that passes through two filters, which
can be regarded as representing in total a single filter:

b= 5 Y g T ol kg D

LSB g==L,
1
t YD lk+g>]- 4l k+g>])0l< 0 >] (10)
SB g=—L,

where Ly = L,*Ly.
[0030] This filter G[<g>] is defined for -L,<q< L; as

Gleg>]= Y FlpWlcq-p>] (11)

p=—L

Efficient reference phase generation

[0031] Advantageously, Eq.(8) and Eq.(10) provide an efficient evaluation of the reference spectra, whereby only two
frequency-domainfilters {IWM[<g>]} and { G[<g>]} with a few dominanttaps are required. The correspondingfilter coefficients
can be pre-calculated, and the approximation accuracy can be controlled by filter length parameters L, and Lg. Thatiis,
the trade-off between robustness and computational complexity can be adjusted by choosing different L, and Lgvalues.
[0032] This efficient generation of reference spectra is illustrated in Fig. 4, where WIN{...} and WOL{...} denote oper-
ations defined by Eq.(8) and Eq.(10), respectively.

[0033] |l.e, instead of using IDFTs/DFTs for evaluating the reference spectra, simple frequency-domain filtering is
employed for direct evaluation of the reference spectra, resulting in significant complexity reduction. Since reference
phase generation is an inherent step or stage to be carried out in both audio watermark embedder and detector, the
complexity of embedder/detector is also reduced correspondingly.

[0034] Forthe case where Lgg = 1024, Ngg = 31 and ws[n] are used as windowing function, experiments have shown
that L, =2 and Lg = 3 are already sufficient to get a robustness against a wide range of signal processing attacks that
is very similar to that of the original processing.

[0035] With respect to computational complexity, the original processing employing FFTs/IFFTs requires on average
62 real-value multiplications and 62 real-value additions for the evaluation of each DFT coefficient of the reference spectra.
[0036] In contrast, the inventive processing (with L, = 2 and Ly= 3) requires on average only 9 real multiplications
and 25 real additions for each DFT coefficient.

[0037] In the block diagram of the inventive watermark embedder in Fig. 5, a received audio signal AS is sampled in
an acquisition or receiving section step or stage 51, and thereafter passes through a segmentation, windowing and DFT
step or stage 52 to a phase modulation step or stage 53, in which the phases are modulated within the frequency domain
using references patterns or phases from a block 56. Following the phase modulation, a corresponding IDFT, windowing
and overlap-add step or stage 54 is passed, which outputs the watermarked audio signal WAS.

[0038] In a current block or subblock, the phase value modification can be controlled according to results from a
psycho-acoustic analysis of the audio signal AS.

[0039] A secret key SK is used to generate pseudo-random phases in a step or stage 55, which controls a reference
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pattern or phase generation step or stage 56 that operates using the above-described inventive processing. In contrast
to the prior art, stage 56 does not include IDFT, windowing, DFT and overlap+add, but instead approximates these
functions by a first frequency domain filtering by W for even subblocks and a different second frequency domain filtering
by W and G for odd subblocks, thereby generating approximated versions of reference phase patterns for the audio
signal subblocks.

[0040] The inventive phase generation processing is depicted in Fig. 6. In step 60, nSymbols, nSubBlocks and the
secret key SK are input. In step 611 running variable ’j is set '0’ and in step 612 running variable 'i’ is set '0’. A first outer
loop L1 runs from j = 0 to j = (nSymbols-1). A second inner loop L2 runs from i = 0 to 2i+2 = (nSubBlocks-1). In loop L2,
in step 62 (which is included in step/stage 55 in Fig. 5) a random phase is generated for subblocks 2i and 2i+2. In step
63 the spectra are constructed from the phases, whereby the magnitude equals ’1’. In step 64 the WOL subblock 2i+1
and the WIN subblocks 2i and 2i+2 are calculated. Steps 63 and 64 are included in step/stage 56 in Fig. 5. In step 65,
'i” is incremented by "1’. In the outer loop L2, following checking step 66, the running variable ’j is incremented by 1’ in
step 67. If '] has reached value (nSymbols-1) in step 68, nSubBlocks reference spectra for nSymbols are output in step 69.
[0041] In an alternative embodiment, the order of even and odd subblocks is exchanged.

[0042] As a further alternative embodiment, a combination of frequency-domain convolution and IDFT-windowing-
DFT can be employed for the phase generation. Specifically, for generating the reference spectra for an even subblock
Eq.(8) is used. For an odd subblock the first term of Eq.(10) is realised as a frequency-domain convolution, while the
second term is realised by IDFT-windowing-DFT. That is, a time-domain subblock corresponding to {A,[K] - A, K]} is
obtained via IDFT, and is thereafter weighted by a time-domain filter corresponding to {G[k]}. The reference spectrum
of the odd subblock is obtained by a DFT of the weighted subblock.

[0043] Such alternative processing typically has a higher computational complexity than the inventive processing
described before but a lower complexity than the processing described in the background section, because the IDFT-
windowing-DFT is applied to odd blocks only.

Claims

1. Method for generating (56; 63, 64) reference phase patterns to be used for controlling watermarking by frequency
domain phase modulation (53) of spectra of an audio signal (AS), said method including the steps:

- based on at least one secret key (SK), generating (55; 62) blocks with random or pseudo-random phases for
said watermarking for frequency domain blocks of said audio signal (AS),

characterised by:

- approximating (56; 63, 64) - for said blocks with random or pseudo-random phases - an inverse transform and
windowing and a corresponding transform and overlap+add by a first frequency domain filtering (WIN) for even
ones of said blocks and a different second frequency domain filtering (WOL) for odd ones of said blocks, thereby
generating approximated versions of said reference phase patterns for said blocks;

- using said approximated versions for said phase modulation (53).

2. Method according to claim 1, wherein said first frequency domain filtering (WIN) s

Lw .
D W

SB 9=-L
and said second frequency domain filtering (WOL) is

1 L, 1 k+q
Aultl= ¥ kvl ke D)
1
— Y )4y l<k+g>]-4,,,< k+q>])Gl g 5],
LSB g=—Lg
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wherein i is the running number of a block and k is the position within a block and Lgg is the length of said blocks,

which blocks can be subblocks of blocks,
and wherein L, defines the length 2L ,+1 of central components used from a frequency domain filter W representing

the windowing function spectrum,

n
and wherein the term ’'<...>’ denotes a modulo operation that is defined by <n> = n- \‘L—J LSB where
SB

LxJ denotes the greatest integer number not larger than x,
and wherein L, = L,+L; and L; defines the length 2L, of central components used from the function

1- (_ l)k'—k

Fli'—k]= T Zmg, ifkekand AOJ=0, 0 <k K< Lg,
l—e ™
and wherein G[< q >] = ZF[p]W[< qg—p >] .
p=1

Method according to claim 1 or 2, wherein within a current audio signal block in the frequency domain the phase of
the audio signal is modified adaptively using psycho-acoustic calculations.

Method according to claim 2 or 3, wherein in case there are 31 subblocks per audio signal block and Lgg = 1024, and

T(n+1)

) forO<n<Lg/2 w3[n]:w3[LSB—1—n] for Lgp/2 Sn<Lgp

Wy [n] =sin
SB

is used as windowing function, L, =2 and L, = 3.

Method according to claim 1, wherein the second term of said second frequency domain filtering is replaced by the
known IDFT-windowing-DFT processing.

Apparatus for generating (56; 63, 64) reference phase patterns to be used for controlling watermarking by frequency
domain phase modulation (53) of spectra of an audio signal (AS), said apparatus including:

- means (55) being adapted for generating - based on at least one secret key (SK) - blocks with random or
pseudo-random phases for said watermarking for frequency domain blocks of said audio signal (AS);

- means (56) being adapted for approximating - for said blocks with random or pseudo-random phases - an
inverse transform and windowing and a corresponding transform and overlap+add by a first frequency domain
filtering (WIN) for even ones of said blocks and a different second frequency domain filtering (WOL) for odd
ones of said blocks, thereby generating approximated versions of said reference phase patterns for said blocks,
wherein said approximated versions are to be used for said phase modulation (53).

7. Apparatus according to claim 6, wherein said first frequency domain filtering (WIN) is

LW
Aw,2i [k] ~ L Zejez-[<k+q>]W[< q >]

SB q=—L,,

and said second frequency domain filtering (WOL) is
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1 L, (_1)k+q
- T(Azi [< k+q >]+ 4, [< k+q >])W[< q >]

b Y (kg ] Aok g >DGl g ],

LSB g=-L,

wherein iis the running number of a block and k is the position within a block and Lgg is the length of said blocks,

which blocks can be subblocks of blocks,
and wherein L, defines the length 2L ,+1 of central components used from a frequency domain filter W representing

the windowing function spectrum,

and wherein the term '<...>’ denotes a modulo operation that is defined by <n>= 11— —— LSB where LxJ
SB

denotes the greatest integer number not larger than x,
and wherein L, = L,*+L;and L, defines the length 2L ; of central components used from the function

. B 1 _ (_l)k'—k
Flk—k]= T By Tk#kand FI0J=0, 0 <k k< Leg1,
l—¢ '
and wherein G[< q >] = ZF[p]W[< q—-p >] .
p=—L

Apparatus according to claim 6 or 7, wherein within a current audio signal block in the frequency domain the phase
of the audio signal is modified adaptively using psycho-acoustic calculations.

Apparatus according to claims 7 or 8, wherein in case there are 31 subblocks per audio signal block and Lgg =
w(n+1)

— for0<n<Lg/2;

1024, and W3 [n]=sin > wy[n]=ws[Lgg-1-n] for Lgg/2 <n< Lgg is used as win-

SB

dowing function, L, = 2 and Lg =3.

10. Digital audio signal that was watermarked according to the method of one of claims 1 to 5.

11. Storage medium that contains or stores, or has recorded on it, a digital audio signal according to claim 10.



EP 2 439 735 A1

| "B

< ZHIMy JHZ My

Thy

Buimopuim .
+ S S S gt M - S
uonejuswbag
e I |
e jeubis yibual * ................. ;_,4 .................
{z+grP3L4al { 1+1g23 140 {ige3 L4l
uonesausb # 5 a 5 q 5
(!0} siopenoseyd  Z+gf L+lgf lof

wopuey

10



DFT coefficients: W[k]

EP 2 439 735 A1

350 . . .

300

250

200

150

100

50

0 -30 -20 -10 0 10 20 . 30

600

500

400

300

200

100

-100

-200 H

25 -20 -15 -10 -5 0 5 10 15 20 25
coefficient index

Fig. 3

11



EP 2 439 735 A1

Random
phase vector {6,-}
generation
o0 o JOi+1 o042
WIN (/%|\WoL{e/Fie/O+ 13| [wiN {e/8i+ 1) woL{e/0i+1e/8+2}| hwiN{e /627
Aw,2i Aw,2i+1 Aw,2i+2 Aw,2i+3 Aw,2i+4
Fig. 4
Audio Signal Secret Key
lAS SK
Acquisition 51
Y v
Segmentation, 52 Generation of 55
Windowing, DFT Random Phases
‘ 53 Referenci Pattern
ion fg——— -
Ehase Modulation Generation 56
IDFT, Windowing, | 54
Overlap-Add

lWAS

Watermarked
Audio Signal

Fig. 5

12



EP 2 439 735 A1

Input nSymbols,
nSubBlocks, key 60

J;IO

1:=0

g

Random phase generation
for subblock 2i, 2i+2

v

Construction of spectra from
phases (magnitude:=1)

v

WOL subblock 2i+1
WIN subblock 2i, 2i+2

v

i:=i+1

66

2it1<=
nSubBlocks-1

j:=j+1

68
<>

611

612

62

63

64

65

67

Output nSubBlocks
Reference spectra 69
for nSymbols

Fig. 6



EP 2 439 735 A1

D)

Européisches
Patentamt
European
Patent Office

Office européen
des brevets

EUROPEAN SEARCH REPORT

Application Number

EP 10 30 6091

DOCUMENTS CONSIDERED TO BE RELEVANT
Category Citation of document with indication, where appropriate, Relevant CLASSIFICATION OF THE
of relevant passages to claim APPLICATION (IPC)
Y,D |[MICHAEL ARNOLD ET AL: "A Phase Modulation |1-11 INV.
Audio Watermarking Technique", G10L19/00
8 June 2009 (2009-06-08), INFORMATION
HIDING, SPRINGER BERLIN HEIDELBERG,
BERLIN, HEIDELBERG, PAGE(S) 102 - 116,
XP019129276,
ISBN: 978-3-642-04430-4
* section 2.1;
section 3
*
Y FERRIS T L J ET AL: "Frequency domain 1-11
method for windowing in Fourier analysis",
ELECTRONICS LETTERS,
vol. 28, no. 15, 16 July 1992 (1992-07-16)
, page 1440, XP002626131,
ISSN: 0013-5194, DOI: 10.1049/e1:19920916
* the whole document *
TECHNICAL FIELDS
SEARCHED (IPC)
GloL
1 The present search report has been drawn up for all claims
_ Place of search Date of completion of the search Examiner
§ The Hague 3 March 2011 De Meuleneire, M
% CATEGORY OF CITED DOCUMENTS T : theory or principle underlying the invention
ﬁ E : earlier patent document, but published on, or
g X : particularly relevant if taken alone after the filing date
3 Y : particularly relevant if combined with another D : document cited in the application
ha document of the same category L : document cited for other reasons
E A technological backgroUnd e ettt ettt
8 O : non-written disclosure & : member of the same patent family, corresponding
) P : intermediate document document

14




EP 2 439 735 A1
REFERENCES CITED IN THE DESCRIPTION
This list of references cited by the applicant is for the reader’s convenience only. It does not form part of the European
patent document. Even though great care has been taken in compiling the references, errors or omissions cannot be
excluded and the EPO disclaims all liability in this regard.

Patent documents cited in the description

« WO 2007031423 A1[0003]

15



	bibliography
	description
	claims
	drawings
	search report

