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ABSTRACT

In this paper, we address the issue of underdeterminedeseapa-
ration of non-stationary audio sources from a steren 2-channel)
linear instantaneous mixture. This problem is addressdudavspe-
cific coder-decoder configuration. At the coder, sourceagare

sources (but only to the watermarked mixture signals), fasse

these sources from the mixture signals. As for BSS, diffeagn

proaches exist for ISS, depending on the assumptions matteeon
source signals (mutual independence, sparsity) and on ikterre
(instantaneous, anechoic, convolutive, over/underraéteed). As

assumed to be available before the mixing is processed. &-tim @ result, the side-information embedded into the mixturel the

frequency (TF) analysis of each source enables to selecr@er

way it is used for the separation process may differ for tifiemint

two predominant sources (amoiig2) in each TF region, and a cor- configurations. In [5] [6], a single-channel instantanemsture of

responding source(s) index code is imperceptibly embeadedhe

mix signals using a watermarking technique. At the decoelezl)

where the original sources signals are unknown, the eidracf

the watermark enables to locally reduce the underdetedrnine-

figuration to an (over)determined configuration. Sourcgsals can
then be estimated using a classical (over)determinedapatech-
nique. Thereby several instruments or voice signals caeerated
from stereo mixtures, enabling separate manipulation ®fsthurce
signals during restitutiori.€. remastering).

(speech/music) source signals was processed. The embiedioied
mation consisted of TF prototypes of the sources, issued fnatri-
cial codebooks. In the present study, we focus on underdeted
source separation of stereo (2-channel) instantaneoutn@sxof
music signals. Since we aim at exploiting the spatial infation,
the side-information is here reduced to the indexes of tieeoortwo
predominant sources in each TF region, as provided by ary-anal
sis of the source signals at the coder. At the decoder, ¢ixtgaite
watermarked indexes enables to locally reduce the underdited
system to an "artificial" (over)determined one. The sepamas then

Index Terms— underdetermined source separation, watermark:

. . : . . processed by classical matrix inversion techniques.
ing, audio processing, speech processing, remastering.

This paper is organized as follows. The proposed method-is de

1. INTRODUCTION

Source separation aims at recoverihginobserved source signals

si[n],i € [1,1], from J observations of their mixtures;[n], j €
[1,J]. Theunderdetermined case, where/ < I, is a particularly
difficult configuration. It cannot be processed by Blind SeuSep-

scribed in Section 2. Results obtained for music mixturesgaren
in Section 3. Finally, some perspectives are presenteddticded.

2. THE METHOD

aration (BSS) / Independent Components Analysis (ICA) odsh Fig. 1 presents the diagram of the proposed stereo Inforroacc8

developped for (over)determined mixtures & 1) [1] [2]. How-
ever, it is of particular interest in audio processing sjricehe typ-
ical mono or stereo configuration, many instruments andegoére

Separation (Stereo-1SS) technique. Some of the functlioaks of
this diagram are identical to those described in [6] and thillsrot
be detailed. The present paper rather focuses on the nenidgeels

to be separated from only one or two channels. This wouldlenab Of source analysis and separation (blocks 4 and 11 of FitnXhis

to separately manipulate the different elements of thecasdéne,
e.g., modifying the volume, the color or the spatializatidran in-
strument, a process referred toaative listening or remastering.

study, the mixing process (block 1) is a multiplication of fhsource
vector with a time-invarian2 x I matrix.

To achieve underdetermined source separation, many nélevas 1  MpcT decomposition and molecular grouping

techniques are based on sparse time-frequency (TF) repatisas
of signals [3] [4]. In [5] [6] we introduced the concept of omfned
Source Separation (ISS), with a specific coder-decodergumation
corresponding to the distinct steps of signal productiog. (eusic
recording/mixing in studio) and signal restitution (e.gude-CD
at home). In addition to the mixture signals at the sepandtgel
(so-called here the decoder), source signals are thus edstanie
available at the mixing level (so-called here the coder)rafa-
ters are extracted from the source signals at the coder,hémex-
tra information is imperceptibly embedded into the mixtaignals
using watermarking techniques. Extracting the watermatkeade-

The source signals of interest are voice/instrument sigpkaying

a same piece of music (but recorded separately). They are non

stationary, with possibly large temporal and spectralakality, and
they generally strongly overlap in the time domain. Usingnset
frequency (TF) representation of audio signals has beewrsho
exhibit natural sparsity, i.e. much lower overlapping gfrsils in the
TF domain, thus leading to sparsity-based separation mistf&]}
[4] [6]. Asin [6], the Modified Discrete Cosine Transform (MIT)
is used as the TF decomposition, since it presents goodyeoengy
centration properties. This transformation is used in ko2, 2’

coder enables an end-user who has no direct access to tlabrig and 8 of Fig. 1 while the corresponding inverse transformBT)
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Fig. 1: Detailed structure of the proposed system for Stereo-I1SS.

is used in blocks 6 and 12 to regenerate time-domain signats f 2.2. Watermarking process

MDCT coefficients. Since the MDCT is a linear transform, the i . . .
source separation problem remains linear/instantanedheitrans- 1 he watermarking technique is the same as the one preserjigf i
formed domain. The MDCT is applied on time framesigt=204g  [6]-_It is inspired from the Quantization Index ModulatioQI(V)
samples (46.5ms for a sampling frequenfey= 44.1kHz), with a  ©f [7], with adaptation to the MDCT coefficients. Briefly sjxea,
50%-overlap between consecutive frames. This results iateonof (€ inserted message is carried by a quantization of the MDET
MDCT coefficientsM., = {X(f, )} of dimension 1024 frequency ef_fluents with a specific quantizer W_hose sub-levels_ _sm)algt_ed
bins (denoted byf) by L/1024 time bins (denoted by), whereL v_\nth watermark values. T_he _capaC|ty results_ from'Jql_nt maza-
is the overall length of the processed signalThe frame lengthV/ tion of a reference quantization step under inaudibilitpsteaint,

is chosen to follow the dynamics of audio signals while pding a ~ @1d minimisation of sub-level quantization step under soess-
frequency resolution suitable for the separation. to-noise constraint [5]_ [6]. Since we t_arget_the audlo-CBImptlo_n
for our system, the noise under consideration results flam 6-bits

As in [6], the side-information about source signals is ethbe linear quantization of the watermarked mixture samplescfol7 of
ded into the mixture signals using a watermarking technapmied  Fig. 1), and the system is tuned so that the quantizatioredffdCT
on the MDCT coefficients (see Section 2.2). Because the embedoefficients at the coder (block 5) and at the decoder (bl6gkpdo-
ding capacity of a single coefficient is too poor to embed ladl t vide the same result. This technique has been shown to jerevid
side-information, neighboring coefficients are gathergd what is  large capacity, up to about 150kb/s for music signals [6]isT&
referred to asnolecules. A moleculeM,,, is the ' x T sub-matrix  largely sufficient to embed the separation information thated in
of coefficients located at the so-callelecular frequency and time  the present study (see Sections 2.3 and 4).
bins (p, ¢) in the TF plane (see Fig. 2). In the present study, the
dimension of a molecule it x 4. The forthcoming analysis, water-
marking, and separation processes are all carried out MEN@T
molecule level. As opposed to [5] [6], where "rich" descriptors of the sousig

nals were embedded (the above-mentionned source prosdtyipe
the present method the watermark embedded into the mixIsigna
P J ‘ L ‘ contains very "primary" (but fundamental) information dretlo-
I l e o cee . cee cal composition of the mixture, as provided by the analysiges of

2.3. Analysis of source contribution: how many and which?

1 1 block 4: the number of predominant sourcis. (sources with very

. J4F : high energy compared to the other sources) and their indexrwi
T s ‘ the sources set, for each molecular bin. Moreover, baseden t

L : ‘ sparsity of audio signals, we consider only three possibtdigu-
H 1 ; > rations for each molecular bin: 0) no source is present, I) ame
; ! > q source is present, as in, e.g., [3], or 2) two sources areptess in,
Wm m e.g., [4]. Since we have a two-channel mixture, Cases 1) aade2

> 7 (over)determined configurations and can then be processédeb

W process described in Section 2.4.
Case 0 results from music signals sparsity: many of the MDCT
Fig. 22 Schematic representation of the time-frequency decompos coefficients are close to zero. There is no need to procesefiaa-
tion and molecular grouping. tion in these TF regions of poor audio relevahdgor this reason, a

1Accordingly, the embedding capacity in these TF areas isptmr to



first step of the proposed method consists in thresholdiegiilture  Finally, the source signals are reconstructed from theesponding
signals: only the molecules with a sufficient energy are ilemed  estimated source molecules by applying inverse MDCT (bliitkf
relevant for further processing, the remaining molecukiadpro-  Fig. 1).

cessed separately as residue.

To process Cases 1 and 2, the following power ratio is defined 3. EXPERIMENTS AND RESULTS
and calculated for each moleculé,; of each source;: '
3 1S:(f,t)]? Tests have been processed with 44.1kHz-sampled musidsidgkia
Ri(p,q) = (f)E{PxQ} ) tested stereo mixtures of four sources: a female singerss dpai-

> i > |S;(f,1)|? tar, a piano, and drums (one track for the overall drum se@s- 1
(f,)e{PxQ} excerpts of two pieces of music played together by all fources
(recorded separately in studio conditions) were used. Théty of
whereP x Q = [(p—1)F,pF —1] x [(¢g —1)T,qT" —1]. For  geparated sources has been assessed by informal listestagnd
each molecular bin, the two sources with the highest raag,  performance measures, as defined in [8]. Basically, theceetor
si and s, are selected. Finally, Case 2 is reduced to Case 1 i§jstortion ratio (SDR) provides an overall separation geriance
R (p, q) < eRx(p, q) with € a small scalar factor (typically 0.05). criterion, the source-to-interferences ratio (SIR) measthe level
In such case, only,. is selected. The result of this analysis is en- of interferences from the other sources in a source estjmatethe
coded into the watermark(p, q) using very few bits (compared to oy rce-to-artifacts ratio (SAR) measures the level ofauts in a
the side-information processed in [6]), typically lessrttabits for  5oyrce estimate. We also provide the input SIR so that thereifce

coding the 11 possible combinations with 4 sources (henderath  petween output SIR and input SIR measures the rejectionpoive
of approx. 40kb/s withl x 4 molecules). Note that, if the miX- e method.

ture is actually locally underdetermineice. if more than 2 sources
are actually present in a molecule, then only the two mostgetie

sources are taken into account in the separation processertain- 3.1. Measurement of source overlapping

ing sources being considered as noise. The overlapping or non-overlapping of source signals inTtRelo-
main remains a critical issue for sparsity-based sourcaratpn
2.4. Separation process techniques. In order to assess the relevance of the progegeda-

tion approach on the presently used music signals, a measote

The s_epe_lration process is C(?:\rried out on the MDCT molecules ®f source signals overlapping has been done. For each fiegue
the mix signals (block 11 of Fig. 1), after the watermd(l, ¢) has  pin, we first calculated the percentage of time frames wittynifi-
been decoded (block 10). Thex I mixing matrix A = {a;:}  cant sources; € [0, I], after a selection of the 95% most energetic
is identical for every molecule, and is assumed to be knowtheat MDCT coefficients, as in [9] A maximum of on|y 2 source Si@]a]
decoder, since it can easily be transmitted via watermgyidiven  qut of 4 was shown to compose the mixture for more than 80% of
the capacity range. the frames. Furthermore, if we look at the energy distrioutdf

For each molecule, we have the three following possible proeach source with respect to the rank of its power ratio (1bJeTa
cesses depending on ti¢p, g) code, corresponding to the three shows that 97.1% (for drums) to 99.4% (for voice) of the enarfy
cases of Section 2.3. If no source is present (Case 0), thecmlel 3 source signal corresponds to the case where this sourdthia w
is considered as residue (that can be shared between s@rs#s-  the two most energetic sources. All this justifies that attntes
ply left appart). If one source is present (Case 1), saythe stereo  spources are considered in the separation process at theutaole

mixture reduces fo level. Again, if three or four sources overlap, the third dodrth
sources can be considered as noise. If the inverse matrk)iis (
|:§((L (p, Q)} _ |:a1k:| [S4(p, )] ()  notill-dimensionned, the separation obtained by (5) ptesigood
r(P;q) azk results even in this "noisy" case.

Hence, an estimate ¢f; (p, ¢) can be easily obtained by:
Table 1. Percentage of the overall energy of a source signal as a

N 1 -~ N 1 =~ . . . .
Su(p,q) = Lxw (p,q) or 8i(p,q) = EXg/ ma) @) function of its local (molecular) energy rank in the mixture

a1k
o Rank Bass| Singer| Drums | Piano
or a combination of both. If two sources ands,,, are present (Case 1 823 95.4 785 | 94.7
2), the stereo mixture reduces to > 16.0 2.0 18.6 23
3 1.6 0.5 2.7 0.8
XL(p7 q) _ |1k Aim Sk(p7 Q) i i
{Xa(p, O = laze  azm]| |Sm(p,q) (4) 4 7.10 3.10 0.2| 0.15
and the corresponding estimate molecules are obtained by:
{Sk(}% q)} _ {am a1m}1 {):(Xv(p, q)} (5) 32 Separationresuits
Sm(p,q)] a2k azm] [ XK (p,q)

Table 2 provides average results obtained with the propstezdo-
embed any extra information [6]. ISS method, for the separation of twenty-f@uk 4 mixtures corre-

2| the following equationsX (p, ¢) denotes d x T molecule of MDCT spondlng to all the possible permutations of the (norme)izmsis
coefficients, because the configuration selection thakesirthe separation Vectors (.e. columns) of the following matriA:
is defined at the molecule level. The equations are the saree applied
separately to each MDCT coefficient of such a molecul¢ R denotes the
left/right channel.

~10.93 0.80 0.60 0.37

A= 0.37 0.60 0.80 0.93 ©)



Moreover, a comparison was made with the underdetermiriad bl
source separation process of [4] (further referred to asJBBSY.
In [4], for each TF point, two source signals (out of 4 here) esti-
mated by finding the linear combination of the two basis vectioat
provides the shortest path from the origin to the observéahdd-or
example, in Fig. 3, the mixture vectaris a linear combination of

4. CONCLUSION

The ISS method described in this paper does not belong tsictds
source separation methods. Contrary to the BSS framewoukcs
signals are available before the mix is processed, andfgpappli-
cations such as active-listening from audio-CD are tacjef&fter

sources 1 and 2. It can be noticed that such a geometricaboheth the promising preliminary results of [6] in the single-chahcase,

does not provide all the possible source combinations. ristance,

if x is a linear combination of sources 1 and 3, this method wll al
ways return the spurious couples of sources (1,2) or (28 .Water-
mark embedded in the proposed Stereo-ISS method fixes shis. is
Note that the 24 permutations éf limit some potential artefacts
due to the unfortunate case where the "impossible combimgitiof
BZ-UBSS would systematically concern the highest energycss.

Xz

(¢4

i
a, /D

X1

ok

Fig. 3: Geometrical method of thghortest path from the origin to
the data poink introduced in [4].

Table 2 shows that the Stereo-ISS method provides a vergll]

good separation of all four signals: SIR is increased f(er8.5)—

the present paper shows significant advances in the 2-chzonfeay-
uration. The simplicity of the side-information (and quiibever bi-
trate) compared to the source coding approach of [6] is cosgted
by an efficient exploitation of signals sparsity and spatidrma-
tion. The side-information (including the single-shotngenission
of the mixing matrix) allows to relax the "only one predomiha
source" assumption of [3] to 2 predominant sources, asstina¢s
those 2 predominant sources are correctly selected (whabtae
done in [4]), and enables a very simple separation procésscdm-
bination of such simple approach with the previous souraingp
approach of [6] appears as a logical future extension ofvtioisk:
such an hybrid system would be able to separate a quite laige n
ber of sources. For example, if 4 sources are locally predanti
(hence overlapping) in a mixture of, say, 8 sources, 2 of theoid
be extracted by the coding approach of [6], and the remai?ioidp-
ers could be extracted with the present method, after stitraof
the first 2 decoded sources. Also, future work will deal witbren
complex types of mixture such as binaural mixtures.
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