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Informed Source Separation
of Linear Instantaneous Under-Determined
Audio Mixtures by Source Index Embedding

Mathieu ParvaixStudent Member, IEEEBNd Laurent Girin

Abstract—In this paper, we address the issue of underdeter- attenuations) from sources to sensors are taken into at;coun
mined source separation ofl non-stationary audio sources from the mixture is callecanechoic(resp.convolutivé.

a J-channel linear instantaneous mixture ¢ < I). This problem — rpo hmper of source signals and observations also con-
is addressed with a specific coder-decoder configuration. At the

coder, source signals are assumed to be available before thedition the problem. When/ > I, the mixture is said to be
mixing is processed. A time-frequency (TF) joint analysis of each (over)determined, and the source signals can be estimgted b
source signal and mixture signal enables to select the subset ofsearching for the inverse (or pseudo-inverse) unmixingimat
sources (amongl) leading to the best separation results in each \y — ao—1 up to a scaling and permutation of the rows. Major

TF region. A corresponding source(s) index code is imperceptibly contributions to Blind Source Separation (BSS) and related
embedded into the mix signal using a watermarking technique.

At the decoder, where the original source signals are unknown, fi€ld of Independent Components Analysis (ICA) developed
the extraction of the watermark enables to invert the mixture for (over)determined mixtures can be found in [1] [2] [3].
in each TF region to recover the source signals. With such The underdeterminectaseJ < I is more delicate to solve,

informed approach, it is shown that 5 instruments and singing sjnce the mixing matrix cannot be directly inverted. Howgve
voice signals can be efficiently separated from 2-channel stereothis case is of particular interest in music processingesinc
mixtures, with a quality that significantly overcomes the quality . .
obtained by a semi-blind reference method and enables separate MOSt music mixtures are composed of more than two sources,

manipulation of the source signals during stereo music restitution While the number of observations is often limited to one

(i.e. remixing). or two (respectively for the mono and stereo configurations)
Index Terms—under-determined source separation, water- S€parating source signals from such music mixtures is armajo
marking, audio processing, remixing. challenge since it would enable to separately manipulate th
different elements of the audio scene, e.g., modifying the

I. INTRODUCTION volume, the color or the spatialization of an instrument, a

OURCE separation aims at recovering an unobserv

Eirjpcess referred to asctive listeningor remixing In the
) e
ector of I source signalss = [sy,...,s7]T, from J

sent paper, we will focus on the underdetermined source
separation (USS) of music signals from LIS stereo mixtures.

i i i _ T T
observations of their m|xturlg =[o,.., 2] ( [']. denotes_ No BSS/ICA algorithm is truly blind, in the sense that a
the transpose operator). This problem has a variety of aonfig . . . i .
inimal number of assumptions (generally involving some

rations. When both the source signals and the mixing process . .
S i -form of prior knowledge) on the sources and/or on the mixture
are unknown, it is referred to as Blind Source Separation

(BSS). If at any time index: the mixture signal can be process must be integrated in the algorithms to derive isolsit
expreésed as y 9 to the separation problem [4]In the underdetermined case,

many relevant techniques take advantage ofsi@rsenature

of audio source signals. These methods make the (realistic)
assumption that, in a given basis, source signals have a parsi
where theJ x I mixing matrix A is composed of constantmonious representation,e. most of the source coefficients
gains, the mixture inear instantaneouandstationary(LIS). are close to zero. A direct consequence of sparsity is the
This models the case where all the sources reach the sentiorgation of sources overlapping in the appropriate bagise

at the same time but potentially with different intensitifis the probability that several sources are simultaneoudiyeac
the direct-path delays (resp. multiple propagation dekyd is low. For most music signals, the time-frequency domam is

_ , _ _ natural appropriate domain for exploiting sparsity (muatren
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approving it for publication was Dr. James Johnston. overlap) [5] [6]. As a consequence, many USS techniques
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corresponding to a single source are isolated and usedtuce (linear, instantaneous, anechoic, convolutive, /oneler-
estimate the TF distribution of this source, from which sesrc determined). As a result, the side-information embeddéal in
waveforms are reconstructed. In [8], LIS stereo mixtures tiie mixture, and the way it is used for the separation process
speech and music signals are decomposed using Short-Tmmey differ for the different configurations. In [16] [17], a
Fourier Transform (STFT). The mixing matrix is estimatedingle-channeLIS mixture of (speech/music) source signals
using a clustering algorithm, then a shortest path proeedur was processed. A joint "source(s)-channel" coding approac
used to select the two predominant sources2fer2 mixture was followed: codebooks of molecular prototypes (i.e. ma-
inversion in each TF bin. An extension to the anechoic cas&es of neighboring TF coefficients) were generated and
is proposed in [9]. Stereo anechoic mixtures are also sludiesed to represent the source signals. The codes resulting
in [10] where a large number of speech signals are separaten encoding the source signals with those prototypes were
using only two observations. In each TF bin, the mixture ismbedded into the mixture signals. Hence, source separatio
here assumed to be composed of a single predominant soudiectly rested upon source encoding/decoding, and we can
The relative attenuation and delay histograms are usedréder to this method as Source-Coding ISS (SC-ISS). In [20],
determine the mixing parameters, before the source signals we first addressed the problem for underdeterminedsi¢go
estimated by TF binary masking. This approach is extendechannemixtures of music signals. The ISS system proposed
to more than 2 microphones in [11] [12]. in [20] jointly exploits the sparsity of source signals irethF
Beyond the "minimal" assumptions / prior knowledge on thdomain and the spatial information provided by the multi-
sources and mixture process exploited in usual blind (trerat channel dimension of the mixture. The watermarked side-
"semi-blind") separation methods, it can be very intergston information is here reduced to tliedexes of the locallyi.e.
exploit additional prior information that can be availailea in each TF regionpredominant sourcesas provided by an
specific target application. This provides a new perimeter fanalysis of the source signals at the coder. Hence, we il su
the concept ofnformedSource Separation (ISS) discussed iapproach Index-based ISS (I-ISS). At the decoder, exitmgcti
[4]. Music processing offers a particularly interestingrfre- the watermarked indexes enables to compute estimates of the
work for such informed approach, since separation methogisurce signals bjocal inversion of the mixing system
can exploit pitch and note onset/offset information as joed The present paper is clearly built on [20]. Its first objeetiv
by score or MIDI information [13] [14], or even by melodyis to present the I-ISS framework and method in more details.
humming [15]. Its second objective is to present a series of improvemens a
In [16] [17] we introduced an extreme configuration ofdditional material that were not considered in [20]. Fitise
ISS, in the sense that the source signals are assumed tc®e@ of the method, i.e. the source signals selection-atitex
perfectly known, but the separation does not exploit thosed estimation, is refined. In [20], a sub-optimal (a priori)
source signals directly: We proposed a system with a spec#igurce selection criterion based on source signals energy
coder-decoder configuration corresponding to the distitegis was used. It is now replaced with an optimal (a posteriori)
of signal production (e.g. music recording/mixing in stjdi criterion, which is directly inspired by the Oracle estiorat
and signal restitution (e.g. audio-CD at home). In additioeveloped in [21] [22] for the evaluation of source separati
to the mixture signals at the separation level (so-calles hdechniques. The improved I-ISS system can thus be seen as
the decoder), source signals are available at the mixingl lea source separation technique performing optimal estimatio
(so-called here the coder). Parameters are extracted frem afi source signals (under the LIS and sparse assumptions)
source signals at the coder, and are imperceptibly embeddisthg the parameters of the Oracle estimators, encoded and
into the mixture signals using a watermarking techniques THransmitted within the mixture signal. Secondly, a refined
latter exploits the defaults of the human hearing system ‘toigh-capacity” watermarking technique is used to embed th
insert a high-capacity message into TF coefficients of the n#ide-information used for source separation. It is basethen
signal. Extracting and exploiting the watermark at the deco same basic principle as in our previous works (Quantization
enables an end-user who has no direct access to the origindex Modulation of TF coefficients) but it has been improved
source signals (but only to the watermarked mixture signal#rdependently of the ISS application by using a psycho-
to separate these source signals from the mixture signads, acoustic model. This new version enables higher maximum
thus to manipulate them individually for remixing / activecapacity (up to 250kbits/s depending on the musical coptent
listening’. and automatic adjustment of this capacity to the need. The
As for BSS, different approaches exist for such "sourc#atermarking system has been presented in [23] [24], thus it
informed" 1SS, depending on the assumptions made on t#l not be presented in details in the present paper. Weerath
source signals (mutual independence, sparsity) and onithe niocus on the exploitation of the adjustable capacity intieta
with the side-information coding and the consequences of
2From some point of view, the spirit is close to the one of the IBREpatial watermarking on source separation quality. Finally, wevjgl®
Audio Coding (SAC) system [18] [19], but our goal is here tanpdetely  jn this paper extended results obtained with an extendeolf set
separate the source signals (from uncompressed mixturelsigaad not . . . . .
only to resynthesize/respatialize the audio scene (frompzessed downmix music signals and 5-source mixture configurations that were
signals) as is the case for MPEG-SAC. As a result, the natubaosmitted Not considered in [20].
side-information, the way it is transmitted, and the way it xpleited (for This paper is organized as follows. Section Il is a general
separation and not spatialization) are completely diffefesm SAC. Note . . .
that, so far, the proposed ISS methods are not robust to cosipmethey are overview of the proposed method. In Section Il a detailed
dedicated to audio-CD/wav music signals (see Section 11I-D) description of the technical implementation is given, f&iog
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on the sources selection at the coder and the separatioegsrobe described in Section 1lI-C. A time-domain synthesis by
at the decoder. The relationship between side-informatimh IMDCT s finally carried out at Blocks 14 to reconstruct the
ing, watermarking and separation performances is disdussestimated source signals from the separated TF coefficients
Separation results for music signals are given in Section IV

Finally, some perspectives are presented in Section V. I1l. DETAILED DESCRIPTION OF THEI-ISS SYSTEM
In this section, we describe in details the functional bock
Il. GENERAL OVERVIEW OF THEI-ISS SYSTEM of the proposed I-ISS system. When the role of a block is

Fig. 1 presents the diagram of the proposed stereo Ind&kTilar at the coder and at the decoder, it is only described
based Informed Source Separation (I-ISS) technique. & tiNCe for concision. The articulation between blocks hasbee
section, we first present a general overview of the entireeays 9iven in the previous section.
before presenting the functional blocks in more detailshim t

next section. A. Time-frequency decomposition using MDCT

The general principle of a coder-decoder configuration The source signals of interest are voice/instrument signal

of E|g. 1 is here a_LIS 2-chan_ne| stereo mixtur 7 non- stationary, with possibly large temporal and spectralaliki
stat|.0nary source 5|gnals., as given by (1),‘%'5 2. ity, and they generally strongly overlap in the time domain.
Since thg IHSS technique strongly.relles.on the,SparS'f)'sing a time-frequency (TF) representation of audio signals
of source signals, the overall process is carried out in the T, < een shown to exhibit natural sparsity, i.e. much lower
domain where audio sources are much sparser than in the tits%rlapping of signals in the TF domain, thus leading to
domain. Therefore the Modified Discrete Cosine TranSforgbarsity-based separation methods [7]- [17]. As in [16].[17
(MDC_T) is used at _the input of the code,r, at Blogks_ 2 fOfhe Modified Discrete Cosine Transform (MDCT) [25] is used
the m'X“%re stereo S|gnal., and at BIO_Ck,S 2’ for the |nd|y|kjuaas the TF decomposition since it presents several propertie
source signals (see.Sectlon .III-A). Within the TF domaire tr\/ery suitable for the present problem: good energy concen-
process can be carried out either for each TF bin, or at arlarg'%tion (hence emphasizing audio signals sparsity), vendg
scale_, referred to_aslolecularlevel, depending on th? rate Ofrobustness to quantization (hence robustness to quaatizat
the S|de—|n_format|on to be embgdded and the Se“'”@,ls of 08sed watermarking), orthogonality and perfect reconstmi
watermarking process (see Section Ill-E). A molecule ista Su_gproperty exploited in the selection process of SectiorB)LI-
matrix of a few neighboring TF coefficients. If the process iS +o MDCT is applied at Blocks 2, 2’ and 9 on signal time

made f"lt the_ moIeCL_JIar level, a molecular grquping Qf IVIDC]:‘Fames ofi'=2048 samples (46.5ms for a sampling frequency
coefficients is required (Blocks 3 and 3’). Since this step s _ 44.1kHz), with a 50%-overlap between consecutive
optional, Blocks 3 and 3’ are drawn with dotted lines. Th

I d . he side-inf . bed: music signals while providing a frequency resolution dilea
selected sources constitutes the side-information to o ¢, ¢ separation, in accordance with the results estalis

(Block 5) and then embedded (Blocks 6) into the mixturgy 1511 122] The time-domain signals are recovered from

signal by a quantization-based watermarking technique ( ocessed MDCT matrices at Blocks 7 and 14 by frame-wise

Section 1lI-D). The dual operation of Block 2, time-domai nverse transformation followed by overlap-add. Appratei

signal synthesis by inverse MDCT (IMPCT)' is_done at thﬁ/indowing is applied at both analysis and synthesis to ensure
output of the coder (Blocks 7) to provide the time samplqﬁe "perfect reconstruction” property [25]

of th? watermarked mix signgl (Section.III—A). The;e sgrsple Detailed description of the MDCT/IMDCT equations will
are finally gonverteq to 16-bit PCM (unn‘orm qL_’am.'Zat'om) %ot be given in the present paper, since it can be found in
Blocks 8, since audio-CD / wav format application is targetemany papers, e.g. [25], including our previous work [17] for

At the decoder, only the (watermarked) mix signal is availss ;se in |SS. Let us rather focus on the following key point o
able. MDCT decomposition and optional molecular groupINgarest: Since the MDCT is a linear transform, the LIS seurc

are processed (Blocks 9 and 10) the same way as was dongab ation problem remains LIS in the transformed domain fo
the coder. Then the watermark is extracted from watermar ch TF bin, i.e. (1) can be rewritten:

MDCT coefficients using quantization (Blocks 11) (Section

[1I-D) and then decoded (Block 12). The resulting combina-

!-D) j | ( ). The resulting com X(f,t) = A-S(f.1) @

tion of source indexes is used to locally invert the mixture

(Block 13). This is the core of the I-ISS decoder that willvhere X(f,t) = [Xi(f,t), -, Xs(f,t)]" and S(f,t) =
[S1(f,t),---,Sr(f,t)]T denote the mixture and source vectors

_ 3In this paper we focus on 2—channe_| mix_tur_e since it is of pafar i_ntere§t of MDCT coefficients located at frequency bfnand time bin

in music processing. However, the main principles of the pscemain valid . . .

for 2 < J < I, and we use the general notatioh for preserving this - Therefore, the index-based separation process can bedarri

generality when possible. out in the MDCT domain, as well as the watermarking process.



IEEE TRANSACTIONS ON AUDIO, SPEECH, AND LANGUAGE PROCESSING. 4

sl MDCT S1(f,t) H%biérci‘jlérrif @ @
\—‘ L,Q[‘?E{E‘[‘QJ sources I (f ’ t) watermark
: 0 s selection coding ||
' S1(f,t) : molecular :
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Fig. 1: Detailed structure of both coder and decoder for3:IS

gI(fv t)

§ T [n]

B. Local inversion of the mixture and sources selection The side-information that is transmitted between ISS coder

In I-ISS as in the semi-blind method of [8], the estimatioR"d decoder (in addition to the mix signal) mainly consists
of source signals is processed by a local inversion of t9é i) the coefficients of the mixing matri@, and ii) the
mixture signal. "Local" means that the process is consitlereombination of indexeZ, that characterizes the "identity" of
for each TF region, and at this level, only at mdstources are predominant sources in each local region of the TF plan. This
assumed to be relevant, i.e. of significant energy (see helofPntrasts with blind and semi-blind separation methodsrarhe

Therefore, the mixture is locally given by: those both types of information have to be estimated from the
mix signal only, generally in two steps which can both be a
X(f,t) = Az,,Sz1,,(f,t) (3) Very challenging task and source of significant errors.

whereZ;, denotes the set of;, = .J most active sources at As for the mixing matrix, the number of coefficients to be

TF bin (f,t), i.e. the set of source signals locally predominanZi?zm;téifc's 2?It|$allgwwlg tr?aevgrei%ezigéscsgz;f?;ecﬁgf'%ﬁ;ch
within the mixture.Az,, represents the/ x J mixing sub- g

matrix made with thes. columns ofA i € T If T+, denotes piece of music; ifA is made of normalized column vectors de-
the complementary sét of non-activé (or afttlleastf;t)oorlwa):ti pending on source azimuths, then we have only 5 coefficients)

sources at TF bhir(f,t), the source signals at bify,t) are Therefore,.the; transmission COS,UMS negllglple compareq to
estimated by, the transmission cost dfy,, and in the following we consider

for simplicity thatA is perfectly known at the ISS decoder.
:Szft (fit) = Aéftx(f, t) As for the source indexes, in the specific ISS framew®yk,
gf (f,t) = 0 ) is estimated using the source signals: this is done at Block 4
It of Fig. 1. The key point is here to define a criterion and the as-
where A}ft denotes the inverse oAz,,. Note that such a sociated optimization process to determine which comhinat
separation technique enables to jointly exploit Almixture of selected source signals leads to the best global estimati
channels, and to relax the restrictive assumption of a singieall source signals using (4). In [20], we considered a raw
active source at each TF bin, as made in [10] [11] [12]. a priori criterion that simply selected the (at most)most
. energetic source signals, i.e. the source signals withehigh
An example with 5 source signals may enlighten the previous n i i
tations: S(£.£) = [S1(f.£), S>(1.0). S3(f.4). Salf.0), Ss(f O I WI!DCT absolutebvalqes I(fc?r ea.chd.'(lj'F reglor;).. Trr]us fprmer
Tp = {1,3}, ie. if s and sz are the predominant sources at TF binCIterion was sub-optimal since it did not exploit the moetu
(f,t), then Az, = [A1,A3], Sz, (f,t) = [S1(f,1),S3(f,1)]", and signal and the knowledge &f. In the present work, the chosen
Sz, (S0 = [S2(f, 1), Sa(f, 1), S5 (f, )] criterion is an a posteriori criterion using the knowledge
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of the source signals, the mixture signal, and the mixtutke one that provides the lowest MSE in (%k. the best
matrix A (at the coder) to optimize the estimation of sourclcal separation results. Note that tests carried out coubes
signals (further carried out at the decoder). This problem western popular music songs provided the average following
actually similar to the determination of Oracle estimat@s distribution: I, = 2 for about 60% of all TF bins/s; > 2
introduced in [21] for the general purpose of evaluating thfer about 35%, and s, = 1 for less than 5%. However, when
performances of source separation algorithms, espediallyweighting such distribution with the source signals engigy
the case of underdetermined mixtures and sparse separasippears that the huge majority of signals energy is prodesse
techniques. Depending on the type of separation algorithwithin the 7, = 2 configuration (see Section IV-B)
appropriate Oracle estimators provide an upper bound for se

aration performances, computed by using the availableetarg: Separation process

source signals. In the TF/sparse framework, the authors o

[21] established that, since the MDCT is orthogonal, olitgjn % Fig. 1. It basically consists of applying (4) using the

the best separation results in the time domain according o - ] o
the mean squared error (MSE) criteridre. minimizing the MV[[,)CT coefficientsX " (f,t) of the transmitted mix signal
calculated at Block 9, instead of the coefficients of the

total distortiony" || §n] — s[n] ||? between the original and * o _
estimated source vectors, is equivalent in the MDCT doma@figinal mix signalX(f,):
to optimizing the combination of source signals at each TF R Poow

{ S,.(f,t) = AL X (£.1)

tI'he separation is processed at the decoder at Block 13

bin separately (according to the same MSE criterion). The - (6)
selection of the optimal source combination is thus proacksse %ft(f, t)y = 0

separately at each TF bin by finding For this, the watermark is previously extracted at Blockalid
I 5 decoded at Block 12 (see Sections IlI-D and IlI-E) to provide
ift = arg zrfnienpz <5i(f, t) — Si(f, t)) (5) the comb_inatioriZ_ft controlling the inversion/separation pro-
=t cess. While for blind and semi-blind separation, the deteami
where P represents the set of all possible combinatigps tion of the optimal combination of sources is very challewpi
and thel estimated source signals;(f,t) are provided by and may be corrupted with many errors, the knowledge of
(4). In the casel is limited to a small number of sourcesSOurce signals at the coder in the I-ISS system enables i sele
(typically about 5 for a standard western popular music yon@nd transmit the optimal combinatidfy;. The estimation of
Z;, can be found by exhaustive search, and coded with a vé&§urce signals at the decoder is thus ensured to be optimal,
limited number of bits before being embedded into the mixtugXcepted that the transmitted version of the mixture sigmal
signal (see Section I1I-E). We found out that using this new4sed as the input of the inversion. Yet, the transmitted mix
posteriori optimal criterion led to an average separatiin gf Signal has been watermarked (to embd) and its time
about 1dB w.r.t. the a priori sub-optimal criterion used ia][2 Waveform has been quantized to 16-bit PCM at Block 8. Both
This is because the most relevant sources can here be seeff@igrmarking and 16-bit PCM quantization induce a pertur-
the ones that better "explain” the mixture signal, and ifythéoation of the mixture signal MDCT coefficients, and are thus
generally correspond to the most predominant sources irsteffely to influence the separation performances (in additio
of individual energy, this is not always the case because tifethe degradation induced by the sparsity assumption, i.e.
mixing matrix coefficients weight the energy of the indivadu the fact that “residual” non-predominant, but non-nulyrses
sources in the mixture. may interfere as noise in the local inversion process). The
The above source selection and local inversion problem Ha8uence of time-domain 16-bit quantization on MDCT values
been presented fof;, = J = 2. However, in the present is assumed to be negligible, especially w.r.t. the influeoice
study, we have also considered the option to select a num watermarking, since the watermarking is itself confgur
of locally active sources either lower thar(i.e. I, = 1 for 2- 0 be robust to the 16-bit quantization (see Section Ill-Dje
channel stereo mixtures) or greater thanas a complement influence of the watermarking on the separation performance
to the casel;, = J = 2. In casel;, > .J, the inversion is di;cussed in Sect_ion [l-E and ex.perimer]tally evaluated
is made in the MSE sense, i.ATI in (4) is the Moore- Sect|qn IV-D. Wg will see that the impact is generally very
Penrose pseudo-inverse &f,, [26]. This case, which was low with appropriate settings of the whole system.
not considered in [20], can be useful when more than
sources have simultaneously significant energy. In suck, cad. Watermarking process

thels xJ pseudo_-inver_sion of the mixture can pr_ovide alower The watermarking technique used at Blocks 6 and 11 of
MSE thanJ x J inversion. In casdy, = 1, Iy, Is reduced Fig. 1 is derived from the Quantization Index Modulation
to the singleton{iy.}, Az, is equal toA; / || A, [2, (QIM) technique of [27], applied to the MDCT coefficients.
and the estimate of the source sigrfal, (f,t) is obtained A first basic watermarking scheme based on this technique
by Si,,(f.t) = AZ-Tft X(f,t)/ || A, ||3. This case can be has been used in our previous works [16] [17] [20]. A refined
of interest when the inverse mixing matrices fby, > 1

are ill-conditioned and one of the sources has high ener\%_E’Note that Vincent et a_I. reported in [21] that_OracIe Ioc_al imn_ip(inversion

. . to others. Anvhow. when different numbers QJWXhafree number of active sourcég; < I provided a maximum separation

in (_:omparlson 00 - ANY! ! - provement of about 1.5dB compared to the case wiigre= 2, and we
active sources are allowed, the selected combination igyalw confirm those results in Section IV-D3.
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and more efficient version has been recently proposed in [2BUm watermarking bit-rates of about 250kbits/s (depending
[24]. We use this last version in the present study. Theegfoon the musical content) are obtained. Such rates correspond
we focus on the points that concern the specific use of this the higher level of the masking curve allowed by the
technique in the present I-ISS framework. Concerning thAM, thus the limit of masking power can be reached. More
watermarking technique in itself, we just present in thigise "comfortable" rates can be set between 150 and 200kbits/s
the basic principles and we refer the reader to [23] [24] fdao guarantee transparent quality for the watermarked kigna
technical details. This flexibility is used in the present I-ISS system to fit
For each TF bin, a set a2” uniform quantizers is de- the watermarking capacity to the bit-rate of tie, side-
fined, which quantization levels are intertwined, and eadhformation (see Section IlI-E).
qguantizer represents /&-bit binary code. Watermarking &-

bit binary code on a given MDCT coefficient is done by T3 T
quantizing this coefficient with the corresponding quasitiz :f T
(i.e. the quantizer indexed by the code to transmit; see&ig. 1o _

At the decoder, recovering the code is done by comparing -+ 3 —_
the transmitted MDCT coefficient (potentially corrupted by -2 -
transmission noise) with th&? quantizers (which are assumed T B

to be available at both coder and decoder) and selecting the :g T 1
guantizer with the quantization level closest to the trattsich 45 £
MDCT coefficient. The complete binary message to transmit -1 -+

(here the set of codes encoding the combinati@ps for -0 -

all TF bins) is split and spread across the different MDCT T3 *‘
coefficients, so that each coefficient carries a small part of :f 1
the complete message (see Section IlI-E). The performance 1o €

of the watermarking process is determined by two related QT 0o 1772773

constraints: it must be robust to the 16-bit PCM conversiqp . .
. : . o ig. 2. Example of a set of (here 4) quantizers used for
of the mixture signal (in other words, the quantization o

the original MDCT coefficients at Block 6 of the coder IM. On the right, the individual quantizers corresponding

and the quantization of the transmitted MDCT coefficientté)u:n?i'f:rrem codes, and on the left, the resulting intentud

at Block 11 of the decoder must provide the same resul%
and it must be inaudible. The first constraint induces a lower
bound for the guantization step of the quantizers, since PCM
guantization in the time-domain leads to additive Gaussi&n Coding and allocation of the side-information
noise on MDCT coefficients. And given that lower bound, In this sub-section, we examine how the side-information
the inaudibility constraint induces an upper bound on th&, is coded/decoded (Blocks 5 and 12) and how the resulting
number of quantizers, hence a corresponding upper boundhimary stream is allocated among the different MDCT coeffi-
the individual (MDCT coefficient-wise) capaciti [23] [24]. cients in the watermarking process of Block 6. On the way,
In [16] [17] [20], R was determined empirically from lis- we propose different possible settings (with differentgiole

tening tests, with a substantial margin that clearly meaht siconsequences on the quality of the source separation). This
optimal choicé. Watermarking bit-rates of about 150kbits/datter point will be tested experimentally in Section IV-D o
(depending on the musical content) were obtained. In cshitrahe basis of the present discussion.
in [23] [24] a psycho-acoustic model (PAM) is introduced in Let us remind that in the proposed method, the watermark
the watermarking scheme. This PAM is calculated for eaehims at identifying, amond source signals, which ones are
MDCT frame to control the inaudibility of ther-bit quan- selected in each TF region to take part to the local inversion
tization, and therefore leads to an optimal choice Foffor process (see Section 11I-B and I1I-C). In the present stugy,
each frame and each frequency ilnaccording to a Signal-to- consider mixtures of = 4 or [ = 5 source signals, since it
Mask Ratio (SMR) criterion. Because the valuesibtlepend is a reasonable number of simultaneous main musical sources
on (f,t), those values must be transmitted to the decodéor coherent groups of musical sources) for many different
For this, a fixed-capacity watermarking "reservoir” is efited styles of popular music such as rock, pop, jazz, funk, metal,
in the higher frequency region of the spectrum. The PAM ®lectro, bossa, fusion, etc. For example, we can consider on
inspired from the MPEG-AAC model [28] and adapted to thsinging voice, two or three rhythmic instruments (e.g. pian
watermarking problem: the total capacity can be adjusted bgss, drums), and one soloist instrument (e.g. guitar an)hor
shifting the average level of the global masking curve. Witbr choirs, all of them possibly playing at the same time
this improved version of the watermarking technique, maxi- The number of possible combinatiofis;, cardP), depends

on I4, the number of sources considered as active in TF

8Actually, the watermarking technique was implemented in [16]] [[20]
by gathering all the watermarking quantizers into a singlengaer of “More than 5 instruments can be separated with the presernsyshile
resolutionR>. A reference quantizer of resolutidi; was defined, such that keeping/ = 5 if several instruments that do not play at the same time are
for each TF bin,R = Ry — R1, and Ry was fixed to 8 bits for all TF bins; on the same audio track, and are thus considered by the igoais a single
see [17] for details. source.
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bin (f,t). If one single source is assumed to be active, i.e. marking, in case users would like to embed additional
if Iy, = 1, cardP) = I. If two sources are assumed to informatior? for further audio applications, or in future

be active, i.e. ifl;, = J = 2, cardP) = @ If at improvements of the present separation application (see
most two sources are assumed to be active, i.dsif< 2, Section V). The difference between the "basic" and "full-
cardP) = @ And finally, if the number of active sources ~ Watermark" configurations is illustrated on Fig. 3 which
is let free, i.e.l;; < I, then car¢P) = 2. In the latter shows an example of embedding capacity per TF bin of
case, a fixed-size code @fbits can be used to encodg;. a given MDCT frame for the two configurations.

If I;; < 2, there are respectively 10 and 15 possible sourceThe characteristics of the three different settings are-sum
combinations for/ = 4 and I = 5 respectively, hence amarized in Table Il. The size of the side-informatidi;,
fixed-size 4-bit code is appropriate (although non optif@l) code is fixed. However, whatever the PAM adjustment, the
encodingZy,. Therefore, in the following we always consideravailable capacity is variable for the different MDCT coef-
4-bit codes in every setting for simplicity, except for théicients of a given frame (see Fig. 3). It is generally larger
caselsys < I with I = 5 where a 5-bit code is used (wein the low frequency region and lower at high frequency.
will see that watermarking at the corresponding bit-rates hAs a consequence, thg; codes for the whole frequency
poor influence on the separation results). Since the mixtuims are concatenated and the resulting bitstream is sliced
is stereo, half of the side-information can be embedded inti fill the non-uniform allocation of the embedding resource
each channel. Therefore, ¥, is provided for eactif, ¢) bin, As mentioned before, the bitstream is equally shared by the
the average necessary watermarking capacity for each ehariwo channels of the stereo, i.e. half of the total bitstream is
is 2 bits per MDCT coefficient (or 2.5 bits/coefficient wherallocated to one channel, and the other half is allocated to
Iy < 5). In practice, the source separation process can the other channel, in an arbitrary manner. Similarly, when th
limited to the [0 16kHz] bandwidth, because energy of audib x 2 molecular grouping is used (in the "light-watermark"
signal is generally negligible beyond 16kHz. Since the MDCgonfiguration), half of the per-channel bitstream (i.e. artgr
decomposition provides as many coefficients as time samplekthe total bitstream) is allocated to the MDCT coefficieats
the side-information bit-rate i@ x Fy x 16,000/(Fs/2) = (f,t), and the other half (or other quarter of the total bitstream)
64kbits/s/channel (or 80kbits/s/channel whén < 5; F, = is allocated to the neighboring coefficients(#t¢+1), also in
44,100kHz is the sampling frequency). This is about 1/4 of than arbitrary manner. Because of this arbitrary aspect @&-sid
maximum capacity of the watermarking process. Therefoli@formation allocation (and because it is a rather triviak)a
the PAM is automatically tuned so that only the total necsssat will not be presented in further details. Note that Block 1
(fixed) capacity is providéd at the decoder performs inverse concatenation from exttacte
In the following, the above settings are referred to asatermarks, and inverse slicing to recover g codes for
"basic" configuration. Since an important question raiged each TF bin.

Section IlI-C is the influence on separation performance of ‘ ‘ ‘

the watermarking of the side-information in the transnditte
8
6
AFtenss
2
0

mix signal, we define two additional settings for the process

« A'light-watermark" configuration, where the watermark-
ing bit-rate is intentionaly set to half of the value of the
basic case, i.e. 32kbits/s/channel, to limit the influence
of the watermarking in the separation process. This is
obtained by lowering the level of the masking curve. To
compensate for the loss of side-information rate, MDCT " P 12 16
coefficients are gathered ih x 2 molecules (optional frequency (kHz)

Block 3) and one single value df; is used for the two
consecutive bing f,t) and (f,¢ + 1) of each molecule.

Number of bits per TF bin

Fig. 3: Example of embedding capacity per TF bin for a given

In this configuration, the higher fidelity of transmitte DCT frame (up to 16kHz). Continuous line: the PAM is set

MDCT is balanced by a loss of separation resolution, and enable the maximum embedding capacity under inaudibilit

. ) ; . . constraint; dash-dotted: the PAM is adapted to the required

we will experiment in Section IV-D3, which parameter . ; o

, . . . capacity (2 bits/coefficient on the average).

is more important for preserving the separation perfor-
mances.

« An opposite "full-watermark” configuration, where the

watermarking bit-rate is intentionaly maximized (by setF. Comparison with ISS based on source coding

']Eing thhe rrtl)gsking 'Fhrer:]shold_at ';S mafirr;]grr;] Ievehl). Thehre- In this section we briefly discuss the differences between
fore t; dltf—rateh IS here signi |ca£fty 'r?, Er.t an whape | s configuration presented in this paper, and the &C-I1S
is needed for the transmission &, (which is anew (Source-Coding ISS) system of our previous work [16] [17].

provided hgre for eacl(1f, t) bin). The gim s to .test if Although both approaches are characterized by the assumpti
the separation method is robust to high-capacity water-

%In the experiments of Section IV, an extra random message (wdth
8or a little more, since in the system of [24], the capacity ifird®l within  interest in the separation process) is added to the usafetisformation
subbands, and not for each individual MDCT coefficient. to fill the watermark channel.
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of known sources before the mixture, and a coder-decoder

structure, there are many fundamental differences. Firat2- A— 095 0.82 0.71 0.57 0.31 @
dimension of the mixture signal in I-ISS, as opposed to mono 1031 057 0.71 0.82 0.95

mixture for SC-ISS, enables to estimate the source signals

by local inversion while taking advantage of the sparsitorresponding to the azimuths (in degree$) =

of MDCT decomposition. Then, the difference of separatioti8, 35,45, 55, 72}. For 4-source mixtures, the mixing
process, and thus the different nature of side-informatiofatrix A is a sub-matrix formed by the first 4 columns
directly impacts the embedding resource: the necessary éh«7), and only sources; to s4 are used. The minimum
bedding capacity is much lower in I-ISS than in Sc-Isdlifference between two azimuths of two different sources is
Indeed, in [16] [17] a high embedding capacity was expecte£t to 10 in the present experiments, so that the maximum
to accurately encode the source signals. Consequenttye la¢ondition number of the2 x 2 sub-matrices ofA remains
molecular grouping was necessary (typ|ca|¥4 mo'ecules)' limited (tO approx. 115) Therefore the impaCt of the noise
and the mixture signal was allowed to be deteriorated (toesofiu€ to the watermarking and the sparse assumption on the
extent, and under the constraint of inaudibility): TypigaB inversion process (see Section I1I-C) also remains limited
bits per MDCT coefficient were embedded (i.e. 64 bits per

molecule) for accurate source coding. However, the separatg, Source signals overlapping

process was poorly affected since the mixture signal was . . . . .
. . L The overlapping of source signals in the TF domain remains
not directly used for the source signals estimation. lstea

rototypes issued from codebooks were used. In the resen"i1 F_ritical issue for sparsity-based source separatiomigabs,
P b ' P even for informed techniques. In order to assess the redevan

ISS method, the modification of the mixture signal induced b t the sparse assumption on music sianals. a measurement of
the watermark is expected to be significantly lower, because P P 9 '

the mixture signal is used in the inversion process. Fotaiypa source signals overlapping in the TF domain has been carried

this constraint fits well with the small size of the embeddel%m’ ta_kmg Into account the energy Q|str|but|on of the sear
or this, the following energy ratio is calculated for eadh T

side-information. As seen in the previous section, thislbm%. -
. . in of each source signal:
size enables to reduce molecular grouping t02 molecules,

or even tol x 1 molecule,i.e. the whole process is carried 1S;(f, 1|2
out at a single TF bin scale. Therefore, if a trade-off has Ri(f,t) = S 1S, DF (8)
to be found in I-ISS between the size of molecules and the g7 =

deterioration of the mixture induced by the watermark (the At each TF bin, we then compute the energy distribution
bigger a molecule, the lower the deterioration of each TF bof each source with respect to the rank of its power ratio
of the mixture, but the higher the risk of source overlapping8), i.e. the percentage of energy for which a given source is
and vice-versa), fortunately, this trade-off is in line vihuch ranked first, second, third and so on. Results are presemted i
softer constraints on both the watermarking process and ffeble la for a 4-source jazz mixture, and in Table Ib for a
molecular grouping, as compared to SC-ISS. 5-source pop-rock mixture.
Those tables obviously show that considering only one
IV. EXPERIMENTS active source at each TF bin is a too coarse approximation.
In this section, we present a series of experiments that Wgleed, this would preserve about 96% of the voice energy
conducted to evaluate the performances of the proposedih both cases), or about 98% of the bass energy in the pop-
ISS system. We first present the data, then we provide soraek mixture, but it would also preserve only about 72%
measure of music signals overlapping/sparsity, and then wethe drums energy and only about 37% of the keyboards

provide the results for the source separation itself. energy in the pop-rock mixture (remind that in the source
separation process of (6), the energy of sources considered
A. Data as non-active is set to zero). Therefore, those sources may b

Tests have been processed with 44.1kHz-music signals, wstverely degraded. Even percentages within the range 85%-—
4-source and 5-source singing voice + instruments mixturéfl%, as for the bass, drums and piano for the jazz mixture,
The separation results of Section IV-D have been averagedy not be sufficient to ensure good reconstruction quality.
over five 10-seconds excerpts of different musical stylesk(ro In contrast, even for the 5-sources mixture, the assumtion
pop, funk, new-wave and jazz), representing a total amofluntanly 2 active sources can reasonably be made. Indeed, for bot
50s of music. Sources argj = guitar or piano,ss = drums examples and for all sources, most of the energy of a source
(one track for the overall drum set); = singing voice (from is located at TF bins where this source is within the two most
a male or female singer3y, = bass guitarss = horns or choirs energetic sources of the mixture (according to the rati. (8)
or keyboards. 89.1% for the keyboards to 99.7% for the bass (in the 5-source

Different LIS mixing matrices with constant power steremixture) of the overall energy of source signals is concésdra
panning® were used to create the stereo test mixtures. OimeTF regions where sources are either the most energetic or

typical example is (for 5-source mixture):
11| et us just mention that we have not observed "unreasonabtahated
10 e. each column is equal tfcos(0) sin(0)]T, with the source azimuth values for the MDCT source coefficients in our experimentseepdinvesti-
6 between 0(azimuth of the right loudspeaker) and°§@zimuth of the left gation of the effects of sub-matrix conditioning on separaperformance is
loudspeaker). out of the scope of the present study.
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the second most energetic of all the sources compounding e Separation results
rmxture. Th'§ implies that the third (and fourth and, if any, 1) Test configurationsThe different settings presented in
fifth) source is genera"y of very poor energy compared_ tp tl?ection [lI-E and summarized in Table Il have been tested
two most predomlna_nt sourcés Therefore, those remaining,, eyajuate the separation performances of the proposed I-
sources, not belonging to the two most energetic ones, system, including the evaluation of the (cross-)infgen
reasonably be considered as a noise, and, iRthe2 inverse . - resoIL'Jtion (single TF bin ot x 2 molecule) and wa-
matrix Aglt is not ill-conditioned, the separation process (

. rt . . rmarking bit-rate. In addition, the following three reface
with Iy, = 2 generally provides (very) good separation reSUIt%‘onfigurations were tested. The configuration named Qsacle

refers to the ideal configuration of the oracle estimator, as

TABLE I: Percentage or the overall energy of source signgigiroduced in [21] (see Section I1I-B): the optimal combina
depending on their rank within the mixture, for a 4-sous#z 7, is used for separation using (4) instead of (6), i.e. there
mixture and a 5-sourcpop-rockmixture (40s of signal). is no watermarking (hence no separation of the whole process

(a) Jazz between coder and decoder). As in [21], this configuration
is used as an optimal ideal reference that provides the upper
bound for the performances of the present (sparse) separati
technique. It is thus also used to measure the influence of
watermarking in the proposed I-ISS system. The Oggacle
configuration is similar to Oracte except that thel x 2
molecular grouping is activated (i.e. one single valueZpf
(b) Pop-Rock is used to separate the coefficients of two consecutive TF
bins (f,t) and (f,t + 1), as for the "light-watermarking"

Rank | piano | drums | singer | bass

1 89,1 87,3 95,8 | 84,2
2 9,2 10,0 3,6 13,9
3 15 2,2 0,5 1,8
4 0,3 04 0,1 0,1

Rank guitar drums singer bass keyboards . . . . . .
1 85.7 717 95.6 97.9 372 conf.lguratlon of I-ISS). This conﬁguranon is used to measure
2 125 224 34 18 519 the influence of molecular grouping alone on the separatlpn
3 16 49 06 0.3 104 process, and also to measure the influence of watermarking
2 02 0.0 01 5102 05 in the molecular _configu_ration. Finally, we glso implemehte
5 6102 16102 [ 2102 [ 2103 1102 the underdetermined blind source separation process of [8],

which is also based on local inversion of the mixture, to
measure the contribution of theformedaspect to the separa-
tion performances w.r.t. non-informed separation, in alaim
framework of sparse separation techniddes this reference

) L configuration, further referred to as BZ, the two relevaniree

C. Quality of mix signals signals (out of 4 or 5 here) are selected for each TF bin by

Before we provide separation results, we confirm in thﬁnding the linear combination of the_t\{vo basis vectors that
subsection that the watermarking process has no influenceR$fvides the shortest path from the origin to the observéa da
the perceived quality of the mixture signals. This was asmis X- For example, in Fig. 4, the mixture vectoris assumed to
by extensive informal listening tests, confirming the sotije & generated by sources 1 and 2. It can be noticed that such
and objective tests reported in [23] [24].In fact, for the @ geo.met_ncal meth.od does n.o.t provide all the po§5|ple sourc
test signals used in the present study, the watermarkingcf%mb'”at'ons- For instance, xf|s.actually a combination o_f
inaudible in the “full-watermarking" configuration defingd Sources 1 and 3, this method will always return the spurious
Section I1I-E, revealing the efficiency of the psycho-aciustcouples of sourcesl, 2) or (2,3). The watermark embedded
model and associated watermarking process. Therefors, iff} the proposed I-ISS method fixes this issue.
guaranteed to be "highly inaudible" for the "basic" andlitig
watermark" configurations, since in those cases the masking
curve is significantly lowered to fit the required capacityiebh
is much lower than in the "full-watermarking" configuration
(see Fig. 3).

127t first sight this may seem contradictory with the distributiof optimal
Iy, mentioned in Section IlI-B, but deeper investigation regetilat the
approximate 35% of TF bins whergr; > 2 generally contain sources of
quite poor energy, hence modestly contributing to the mixiamed to the 0&
separation process. An additional test will be presenteBeiation IV-D3 to ) o
assess the improvement in separation obtained by consideriree number Fig. 4: Geometrical method of treortest patlirom the origin
Ff ?ctive sources (i.e. up td), in compliance with the results reported inyg the data poink introduced in [8].
21].

13For example, in [24], Objective Difference Grade (ODG) ssd@9] were
calculated for a large range of embedding rates and differersical styles. 14The comparison with [8] is here made for the sources estimatiamanly,
ODG remained very close to zero (hence imperceptibility ofwlagermark) i.e. the mixing matriXA is assumed to be known at the decoder, although in [8]
for rates up to about 260kbps for musical styles such as peh, j@zz, funk, A is claimed to be accurately estimated by a clustering teclenifjberefore
etc. (and "only" up to about 175kbps for classical music). this reference technique is actually a semi-blind technigulee present study.
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TABLE II: Configuration of tested algorithms

401 4
Waterm.
Algorithm Scale It _ = { Mltree 1-iss
bitrate (kb/s) | [loracte ©
Oracley single TF bin| <2 ) | [lpasic 1-iss
x Doracle M
Oracley molecule <2 0 1 D
- - | L_Jlight wm
Bz single TF bin 2 W
basic I-1SS single TF bin| <2 64 1 H::
light-watermark |-ISS molecule <2 32 ||
full-watermark I-ISS | single TF bin| <2 250 sz
. . 64 (I = 4)
- <
free I-ISS single TF bin| <T 80 (I = 5)
20 T T T T

2) Performance measure3he quality of separated sources i
has been assessed by both informal listening tests with- higl . ] =free I"'js
quality headphones, and performance measures (log power | 1 M DZ""? el .
. . . . . = asic |-
tios), as defined in [30]. Basically, the source-to-integfeces §

. . o 10r 1 Doracle M
ratio (SIR) measures the level of interferences from themwth 5 Mot ww
sources in a source estimate, the source-to-artefacts ra I
(SAR) measures the level of artefacts in a source estima 5 ’.BZ
(i.e. the level of “self”-degradation in a given source such as

musical noise, due to the processing and not to the integerir o L L)
sources), and the source-to-distortion ratio (SDR) prewvid
an overall separation performance criterion (that gattiees (b) SDR.

influence of interfering sources and artefacts) [30]. We als

- | lfree 1-1ss

[ M .oracle ]
1 [[basic I-iss

Doraole M

1 [ Jight wm

Wi wm

1z

provide the input SIR (denoted S}R defined as the (dB) ratio
s2 s3 s4

between the power of the considered source and the power
all other sources in the mix to be separated, because all atusic
sources do not contribute with the same power in a welg
musically balanced mix (as we tried to generate). Therefore .
this input SIR must be taken into account when measurin 7
the rejection power of the method since it characterizes thé
difficulty of the task: a source with low S}Ris more difficult

to extract than a source with high SiRFor the 4-source
mixtures, the input SIRs for sources to s4, averaged over

all tested mixtures, are respectively -8.4, -7.1, -4.1,-24dB.

For the 5-source mixtures, the input SIRs for sourget s; (c) SDR-SIR,.

are respectively -9.4, -8.3, -5.3, -3.7 and -7.8dB. Fig. 5: Separation results of I-ISS for all 7 settings of Ealbl
3) Separation performancesSeparation results are pre-ayerage performances over 50 seconds of five 4-source stereo

sented in Fig. 5 for 4-source mixtures and in Fig. 6 for Sqivtyres of different music styles. Sources sl to s4 are
source mixtures. Let us first consider the results of the wasbuitar/piano drums, singing voice, bass guitar.

I-ISS configuration. A first observation is that, for both 4-
source and 5-source mixtures, high separation perfornsance

are obtained, in te_rms of competing sources rejection, g@]_ Therefore, we only provide SDR measures (in Fig. 5b
demonstrated by high output SIR values. SIRs between 3gq Fig. 6b), and it can be noted that the overall quality
and 42.5dB for 4-source mixtures (Fig. 5a), and between 2Qpsenarated source signals mostly depends on artefacts, i.e
and 34dB for 5-source mixtures (Fig. 6a), show a very gogdsical noise. SDRs ranging from 12.5dB to 18dB for 4-
rejection of the interferences for all sources. The sougesss ¢q,rce mixtures. and ranging from 10 to 13.5dB for 5-

are clearly isolated, as confirmed by listening tests (s&e o rce mixtures are obtain€dAlthough those values indicate
This comforts the validity of the assumption of 2 predominan
sources at each TF bin: since most of the energy of sourcéobviously, separation performances decrease from 4-souixtire to

Signa's is concentrated in TF bins where the source is Wiﬂﬁn;ource mixture because the presence of an additional esdnoceases

. . . the probability of source overlapping. In our experimenepasation perfor-
the two predomlnant sources, the loeak 2 inversion of the mances decrease by about 6.5dB-SIR and 3.5dB-SDR (on thagavacross

mixture enables a very good separation of all source signaifi.sources), whereas input SIRs only decrease by abouB1Phis may be

The results are also very satisfactory in terms of SDR aﬁ}galained by the fact that, for some of our mixtures, about 10%e@energy
of the fifth source signal is located in TF bins where this seuis the third

SAR. ACtua”y’ because of .high _OUtp'Jt_ SIRS* the measw%st energetic source of the mixture (see Table IIb), thusilplgssnpairing
SDRs and SARs are almost identical (pair-wise) for all sg#i the local2 x 2 mixture inversion.
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35— ; ; ; ; reveal a more balanced picture across sodfcedbviously,
‘ B _ | ratio improvements of about 20dB and above for 4-source
. Wlee -iss mixtures, and of about 17dB and above for 5-source mixture
] Ez:leljss confirm the efficiency of the separation.
g ] [oracte w Altogether, the SIR, SDR and SDFSIR, values
z | Ciigh ww demonstrate the possibility for individual manipulatiofi o
| Wl wu separated signals. This is confirmed by listening tests: as
B mentioned above each instrument is clearly isolated, and
| artefacts are quite limited. Most importantly, the quality
< 2 3 o~ the isolated source signals makes them usable to clearly
enhance or on the contrary turn down a source in the
@) SIR. mixture (by simple time-domain or MDCT-domain addition
or subtraction), possibly until complete suppressionhédigh
‘ 1 this should be confirmed by dedicated formal listening tests,
Wree -iss when remixing a given estimated source within the mix
Worece o signal, the artefacts coming from this estimated sourcédeit
. o | [basic i-iss boosted or subtracted) appear to be efficiently masked by
% Mm [ Joracle M the other sources. This clearly opens the way for genethlize
= 1 Might wm remix/karaoke "real-world" applications. Sound samples fo
W wm the different configurations of Table Il can be downloaded at
| [ http://ww. gi psa-1ab.inpg.fr/~mathieu. parvai x/
Il SS-deno. zi p. The package includes original and
s1 2 3 sa 5 watermarked mixtures, and original and separated source
signals. All signals are correctly scaled and mixing matrix
(b) SDR. values are given in an accompanying file so that the intedeste
reader can directly process its own remix using the mixture
signal and separated sources.
| Rllfree -iss Let us now consider the watermarking influence. Very inter-
- H . . i Worace o estingly, the "basic" I-ISS system exhibits performandes t
= 1Mpasic-iss ~ are almost identical to the Oragleconfiguration. Straightly
-3 [ Joracle m stated, this means that the watermarking at reasonabl&™bas
é 1 Cliight wm bit-rates (i.e. 64kbits/s/channel here) has negligibfeugmce
@ Ml Wi on the separation process. The watermarked MDCT coef-
1Mz ficients are very close to the unwatermarked coefficients,
hence (6) provides results that are almost identical to (4).

s2 s3 s4 s5 Those observations are confirmed by the similar separation
performances obtained for the Oragland "light watermark"
configurations (remind that in those cases, the2 molecular
Fig. 6: Separation results for all 7 algorithms. Average- pegrouping is activated, and a 32kbits/s/channel watermsrk i
formances over 50 seconds of five 5-source stereo mixtuegdbedded into the mixture signal for the "light" configura-
of different music styles. Sources sl to s5 are guitar/pianfon). However, when the volume of the watermark strongly
drums, singing voice, bass guitar, horns/choirs/keytmard increases, as for the "full-watermark” configuration (appro
250kbits/s/channel), the effects on the separation pegoces
are significant: an average SDR decrease of about 5dB (resp.
3dB) is evidenced for the 4-source mixture (resp. 5-source
mixture), as compared to the "basic" configuration. This is
because in time-frequency regions where the masking thresh
that the estimated source signals remain noticeably difter old is high, the modification of MDCT coefficients can be high
from the original source signals, they nonetheless confiren tenough to significantly corrupt the inversion process,caitfn
efficiency of the separation in terms of individual sourgnal remaining inaudible in the mixture signal. Therefore, ad-en
reconstruction, given the difficulty of such underdetemdin user of the proposed I-ISS system should be careful when
mixtures. As for the differences between sources, we reminding large watermarking capacity to transmit substastith
that input SIRs must be taken into account: for example, SDRisle-information, in addition to the one required for index
are higher for the bass guitas,) and lower for the drums based source separation.
(s2), but at the same time the input SIRs are also higher
for the bass than for the drums. Therefore, looking at ti}%f"‘gin 2 S'figm“y _bfltter F’e”‘f’rmances for t:‘e r‘:irSt source (@itiano).
difference bet\Neen SDR and $R|e a measure Of signal y of the Influence of source signal characteristicsseparation

) ] ) - performance is beyond the scope of this paper. It may be coesideith
enhancement from input to output) in Fig. 5¢c and Fig. 6Gattention in our future works on ISS.

(c) SDR-SIR,.
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As for the influence of the molecular grouping, it is showm [21] (for similar LIS / sparse separation configuration).
by comparing the results of the Oragleand Oraclg con- Compared to blind and semi-blind approaches also based on
figurations (i.e. without watermarking), and by comparingparsity and local mixture inversion, the informed aspdct o
the results of the basic and light configurations (i.e. witkeparation guarantees optimal combination of sourcedinga
watermarking). In both cases, a decrease of about 3dB-StRa remarkable increase of separation performances. dgtho
and less than 2dB-SDR can be observed when switching framvas not much enlighten, another advantage of the I-IS$ ove
single TF-bin processing td (x 2) molecular processing (for blind methods is the knowledge of the mixing matfixat the
both 4-source and 5-source mixtures). Therefore, comgaridecoder.
the effects of molecular grouping and watermark size clearly The simplicity of the proposed I-ISS system, including the
shows that maximizing the resolution of the processing (luse of a single MDCT transform exploited in both the separa-
working at a single TF bin level) should be preferred ttion routine and the watermarking routine, has already ledab
limiting the amount of embedded data (at least from 64kbitshe realization of a first real-time software implementataf
to 32kbits/s). Indeed, a limited watermark (here 64kbjtdfses the decoder running on PC/MAC [31]. This software is able
not impair the performances of the inversion/separation prw separate 5-source (LIS) stereo mixtures (read from audio
cess, while gathering TF bins does. The "basic" configunati€D or 16-bit PCM wav files) in real-time and it enables the
of the proposed I-ISS system eventually appears to be a veser to remix the piece of music during restitution with basi
good setting since it conjugates reasonable watermarkieg runctions such as volume and spatialization control.

(with almost no effects) and optimal separation resolytion Although it enables basic but efficient left/right spatiali
leading to separation performances almost identical to ttien of the sources, the LIS mixture is generally an over-
optimal oracle configuration. simplistic process when professional/commercial musi pr

Let us now briefly see the effect of the paramdtgron the duction is at stake. Moreover, the corresponding sparsenes
separation performances. A comparison of separationtsesililased separation process has its own limitations: for ebl@mp
between the two basic I-ISS configurations with = 2 and it cannot process two sources located at the same position,
Iy < I shows an average SDR improvement of 1.3dB fagince the corresponding submatrix is not invertible. Future
the 4-source mixture and 1.6dB for the 5-source mixturejorks will consider those limitations and deal with going
confirming the results of [21]. So the performance gain i®wards more realistic/professional mixtures, involviogn-
noticeable, and it goes together a very reasonable incrafasolutive filtering (e.g. reverberation) and "true stereolice
watermarking rate (from 64 to 80kbits/s/channel foe 5; for signals (e.g. 2-channel synthesizers). A future extensibn
1 = 4, the rate does not change because we use suboptimatlhds work will be the combination of the present 2-channel
bit codes for/, < 2). Note that it also goes with an increasesparse approach with the source coding ISS approach of [17].
of computational complexity, but this issue is out of thepEo For exemple, within a mixture of, say, 6 sources, 2 of them
of the present paper (however this issue should be consideceuld be extracted by the coding approach, and the 4 rengainin
with attention for real-time implementations if the numleér sources could be estimated by the present sparse method afte
sources increases significantly). subtraction of the first 2 decoded sources to the mixture. A

Finally, the comparison of the proposed I-ISS system witteduction of remaining artifacts is expected. The separaifo
the semi-blind method BZ, shows the tremendous gain enabfsmhvolutive and true stereo sources will be considered @ su
by theinformedseparation process, for all performance mea&xtended framework.
sures, source signals, or mixture size. The SDR gain prdvide
by the transmission of side-information is within the range REFERENCES
10-13.5dB, and accordingly, the quality of separated $sgna o ) o
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