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(57) ABSTRACT 

A source separation system is provided. The system includes 
a plurality of sources being subjected to an automatic source 
separation via a joint use of segmental information and spatial 
diversity. The system further includes a set of spectral shapes 
representing spectral diversity derived from the automatic 
source separation being automatically provided. The system 
still further includes a plurality of mixing parameters derived 
from the set of spectral shapes. Within a sampling range, a 
triplet is processed Wherein a reconstruction of a Short Term 
Fourier Transform (STFT) corresponding to a source triplet 
among the set of triplets is performed. 
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FIG. 1 (Prior Art) 
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FIG. 2 (Prior Art) 
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FIG. 3 (Prior Art) 
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FIG. 4 (Prior Art) 
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FIG. 5A 00 
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FIG. 5B 
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FIG. 6 (Prior Art) 
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FIG. 7 (Prior Art) 
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FIG. 8 (Prior Art) 
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providing a plurality of sources being subjected to 
an automatic source separation via a joint use of 

segmental information and spatial diversity F I g 9 
m I 

deriving a set of spectral shapes representing 
spectral diversity from the automatic source 
separation being automatically provided 

M 

Deriving a plurality of mixing parameters from the 
set of spectral shapes 

& 

Performing a reconstruction of a Short Term 
Fourier Transform (STFT) corresponding to a 

source triplet among a set of triplets 
w 

Deriving a temporal activation representing 
temporal diversity from the set of spectral shapes 

m 

Outputting separated sources as an output of the 
system 
Q 
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AUTOMATIC SOURCE SEPARATION VIA 
JOINT USE OF SEGMENTAL INFORMATION 

AND SPATIAL DIVERSITY 

REFERENCE TO RELATED APPLICATIONS 

[0001] This application claims an invention Which Was dis 
closed in Provisional Patent Application No. 61/302,073, 
?led Feb. 5, 2010, entitled “AUTOMATIC SOURCE SEPA 
RATION DRIVEN BY TEMPORAL DESCRIPTION AND 
SPATIAL DIVERSITY OF THE SOURCES”. The bene?t 
under 35 USC §1 19(e) of the above mentioned United States 
Provisional Applications is hereby claimed, and the afore 
mentioned application is hereby incorporated herein by ref 
erence. 

FIELD OF THE INVENTION 

[0002] This invention relates to an apparatus and methods 
for digital sound engineering, more speci?cally this invention 
relates to an apparatus and methods for Automatic Source 
Separation driven by the joint use of a temporal description of 
audio components Within a mixture and spatial diversity of 
the sources. 

BACKGROUND 

[0003] Source separation is an important research topic in a 
variety of ?elds, including speech and audio processing, radar 
processing, medical imaging and communication. It is a clas 
sical but dif?cult problem in signal processing. Generally, the 
source signals as Well as their mixing characteristics are 
unknown and attempts to solve this problem require making 
some speci?c assumptions either on the mixing system, or the 
sources; or both. 
[0004] According to the available information on the intrin 
sic structure of the mixture, several systems for source sepa 
ration are found in the prior art literature on source separation. 
Method and apparatus for blind separation of mixed and 
convolved sources are knoWn. In US. patent application Ser. 
No. 08/893,536 to H. Attias. Entitled “Method and apparatus 
for blind separation of mixed and convolved sources” (here 
inafter merely Attias II) describes such a method and appa 
ratus Which Was ?led: Jul. 11, 1997 and issued: Feb. 6, 2001. 
Attias II is hereby incorporated herein by reference. 
[0005] Nonnegative sparse representation for Wienerbased 
source separation With a single sensor is knoWn. In IEEE 
International Conference on Acoustics, Speech, and Signal 
Processing (ICASSP), 2003 to L. Benaroya, L. Mc Donagh, 
F. Bimbot, and R. Gribonval entitled “Nonnegative sparse 
representation for Wiener based source separation With a 
single sensor (hereinafter merely Benaroya)” describes such 
a separation With a single sensor. Benaroya is hereby incor 
porated herein by reference. 
[0006] Blind source separation of disjoint orthogonal mix 
ture: Demixing N sources from 2 mixtures is knoWn. In IEEE 
International Conference on Acoustics, Speech, and Signal 
Processing (ICASSP), pages 2985-88, 2000 to A. Jourjine, S. 
Rickard, and O. Yilmaz. “Blind source separation of disjoint 
orthogonal mixture: Demixing N sources from 2 mixtures” 
(hereinafter merely Jourjine) describes such a Blind source 
separation. Jourjine is hereby incorporated herein by refer 
ence. 

[0007] Multichannel nonnegative matrix factorization in 
convolutive mixtures for audio source separation is knoWn. In 
“Multichannel nonnegative matrix factorization in convolu 
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tive mixtures for audio source separation” by A. Ozerov and 
C. Févotte (hereinafter merely Ozerov I) describes such a 
multichannel nonnegative matrix factorization. See IEEE 
Transaction on Audio, Speech and Language Processing spe 
cial issue on Signal Models and Representations of Musical 
and Environmental Sounds, 2009. Ozerov I is hereby incor 
porated herein by reference. 
[0008] Algorithms for Non-negative Matrix Factorization 
are knoWn. In “Algorithms for Non-negative Matrix Factor 
ization” to D. Lee, H.-S. Seung, (hereinafter merely Lee) 
describes such an algorithm. See Advances in Neural Infor 
mation Processing Systems, 2001 . Lee is hereby incorporated 
herein by reference. 
[0009] Maximum likelihood from incomplete data via the 
EM algorithm is knoWn. In “Maximum likelihood from 
incomplete data via the EM algorithm” to A. Dempster, N. 
Laird, and D. Rubin (hereinafter merely Dempster) describes 
such an algorithm. See Journal of the Royal Statistical Soci 
ety, Series B, 39(1):1-38, 1977. Dempster is hereby incorpo 
rated herein by reference. 
[0010] One microphone singing voice separation using 
source-adapted models is knoWn. In “One microphone sing 
ing voice separation using source-adapted models” to A. 
Ozerov, P. Philippe, R. Gribonval and F. Bimbot, (hereinafter 
merely Ozerov II) describes such a model. See IEEE Work 
shop on Apps. of Signal Processing to Audio and Acoustics 
(WASPAA’05), pages 90-93, Mohonk, N.Y., Oct. Ozerov II is 
hereby incorporated herein by reference. 
[0011] Structured non-negative matrix factorization With 
sparsity patterns is knoWn. In “Structured non-negative 
matrix factorization With sparsity patterns” by Hans Laurb 
erg, Mikkel N. Schmidt, Mads G. Christensen, and Soren H. 
Jensen (hereinafter merely Laurberg) describes such a non 
negative matrix factorization. See Signals, Systems and Com 
puters, Asilomar Conference on, 2008. Laurberg is hereby 
incorporated herein by reference. 
[0012] Musical audio stream separation by non-negative 
matrix factorization is knoWn. In “Musical audio stream sepa 
ration by non-negative matrix factorization” by B. Wang and 
M. D. Plumbley (hereinafter merely Wang) describes such an 
audio stream separation. See Proceedings of the DMRN Sum 
mer Conference, GlasgoW, 23-24 Jul. 2005. Wang is hereby 
incorporated herein by reference. 
[0013] Methods and apparatus for blind separation of con 
volved and mixed sources are knoWn. For example, US. Pat. 
No. 6,185,309 to Attias hereinafter referred to merely as 
Attias I describes a method and apparatus for separating 
signals from instantaneous and convolutive mixtures of sig 
nals. In Attias I a plurality of sensors or detectors detect 
signals generated by a plurality of signal generating sources. 
The detected signals are processed in time blocks to ?nd a 
separating ?lter, Which When applied to the detected signals 
produces output signals that are estimated of separated audio 
component Within the mixture. Attias I is hereby incorporated 
herein by reference. 
[0014] A source separation method is a signal decomposi 
tion technique. It outputs a set of homogeneous components 
hidden in observed mixture(s). One such component is 
referred to as “separated source” or “separated track”, and is 
ideally equal to one of the original source signal that produced 
the recordings. More generally it is only an estimate of one of 
the source as perfect separation is usually not possible. 
[0015] Depending on the available number of observed 
signals and sources, the problem can be either over-deter 
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mined (at least as many mixtures than sources) or underde 
termined (less mixtures than sources). 
[0016] Depending on the physical mixing process that pro 
duced the observed signals, the mixture (provided it is linear) 
can be either instantaneous or convolutive. In the ?rst case 
each sample of the observed signals at a given time is simply 
a linear combination over each source of sample at the same 
time. The mixing is convolutive When each source signal is 
attenuated and delayed, in some unknown amount, during 
passage from the signal production device to the signal sensor 
device, generating a so called multi-path signal. The observed 
signal hence corresponds to the mixture of all multi-path 
signals. 
[0017] As can be seen, various source separation systems 
can be found in the literature including the above listed. They 
all rely on speci?c assumptions about the mixing system and 
the nature of the sources. In multichannel settings prior art 
methods tend to exploit spatial diversity to discriminate 
betWeen the sources, see, e. g, Jourjine. As spatial information 
is not available When only one mixture is available, prior art 
methods in this setting rely on discrimination criteria based 
source structure. In particular, diversity of the source activa 
tions in time (loosely speaking, the fact that they are likely not 
to be constantly simultaneously active) forms structural infor 
mation that can be exploited for single-channel source sepa 
ration see OZerov II, or Laurberg. 
[0018] Many source separation methods, and in particular 
the above-mentioned ones, are based on a short-time Fourier 

transform (STFT) representation of the sources, as opposed to 
Working on the time signals themselves. This is because most 
signals, and in particular audio signals, exhibit a convenient 
structure in this transformed domain. They may be consid 
ered sparse, i.e, most of the coef?cients of the representation 
have Weak relative energy, a property Which is exploited, e.g, 
by Jourjine. Furthermore, they might be considered station 
ary on short segments, typically of siZe of the time-WindoW 
used to compute the time-frequency transform. This property 
is exploited in Attias, OZerov I, OZerov II, or Laurberg. 
[0019] According to the prior art, a standard source sepa 
ration technique that alloWs the separation of an arbitrary 
number of sources from 2 (tWo) observed channels is pre 
sented in Jourjine and described in FIG. 1. The proposed 
source separation method assumes that the sources do not 
overlap in the time-frequency plane. This is likely the case for 
sparse and independent signals such as speech. The mixing 
parameters are retrieved from an estimation of the spatial 
distribution of the sources. The mixing parameters are then 
used to discriminate betWeen the sources in each time-fre 
quency cell, and thus perform separation. HoWever it is Worth 
pointing out that: 

[0020] 1. This method fails in the case of convolutive 
mixture (it only alloWs an attenuation+delay). 

[0021] 2. This method fails if sources overlap in the 
time-frequency plane, and 

[0022] 3. This method is designed for only tWo sensors. 
[0023] Providing segmental information to the algorithm 
may improve the separation results but Would not in any case 
alleviate these shortcomings. 
[0024] The method presented in Attias and described in 
FIG. 2 remedies these limitations. There, convolution is rou 
tinely approximated as linear instantaneous mixing in each 
frequency band, an assumption that holds When the length of 
the STFT WindoW is signi?cantly shorter than the length of 
the convolution. The method does not assume non-overlap of 
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the sources in the STFT plane per se. Each source STFT frame 
is modeled through a set of given pre-trained spectral shapes, 
via Gaussian Mixture Model (GMM), characterizing the 
sources to separate. The spectral shapes form a basis for 
discriminating betWeen the sources in each STFT frame. It is 
Worth pointing the folloWing limitations of this method: 

[0025] 1. It assumes that the nature of sources in the 
mixtures is knoWn, and that GMM parameters have been 
pre-trained on appropriate training data, prior to separa 
tion. In contrast, our method does not make such an 
assumption, and 

[0026] 2. The source model does not include amplitude 
parameters in each frame of the STFT, accounting for 
energy variability of the sources. 

[0027] In single-channel settings spatial diversity is not 
available. As such separation methods need to rely on other 
information to discriminate betWeen the sources. According 
to the prior art, a source separation technique that alloWs the 
separation of an arbitrary number of sources from only one 
observed signal is presented in Benaroya and described in 
FIG. 3. The proposed source separation method assumes the 
knoWledge of the number of components Within the mixture 
as Well as a model of their spectral features. The source 
separation system described in Benaroya assumes a complete 
knoWledge of the spectral shapes set possibly produced by 
each source. For each mixture time frame, the system actives 
the best matching spectral shapes from the Whole source 
spectral shape set and infers each source contribution Within 
the mixture. This method is e?icient even With sources shoW 
ing strong time-frequency overlap. HoWever it is Worth point 
ing out that performance of this method is not robust regard 
ing the de?nition of the spectral-shapes (complexity, etc.). 
The complete knoWledge of the spectral shapes set possibly 
produced by each source is a prohibitive assumption that 
often fails. 
[0028] To alleviate this strong assumption, some methods 
have considered the idea of adapting part of the spectral 
shapes to the mixture itself, given appropriate segmental 
information. E.g, OZerov II considers the problem of separat 
ing singing voice from music accompaniment in single-chan 
nel recording. The music spectral shapes are learnt from the 
mixture itself, on parts Where the voice is inactive. Then the 
voice spectral shapes are adapted to the mixture, given the 
music spectral shapes, on segments Where voice and music 
are simultaneously present. The method hence assumes that a 
segmentation of the mixture in “music only” and “voice+ 
music” parts is available. It is Worth pointing out the folloW 
ing limitations of this method: 

[0029] 1. it is designed for single-channel data, 
[0030] 2. it is designed for voice/music separation and is 

not straightforwardly extendable to separation of more 
than tWo sources, and 

[0031] 3. the adaptation of the voice spectral shapes is 
done given the music spectral shapes (i.e, sequentially), 
as opposed to a joint adaptation. This means that the 
errors made in the estimation of the music model are 
propagated to the voice model. 

[0032] Therefore, there exists a needed for an improved a 
source separation system over prior art system. 

SUMMARY OF THE INVENTION 

[0033] There is provided a source separation system or 
method in Which no prior information is required. 
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[0034] There is provided a source separation system or 
method Wherein systems or methods are able to jointly take 
into account (spatial and segmental) or (spatial, segmental 
and spectral) sources diversity to e?iciently estimate sepa 
rated sources. 

[0035] There is provided a source separation system or 
method Wherein no prior information on the spectral charac 
teristics of the sources Within the mixture is required. 
[0036] There is provided a source separation system or 
method Wherein no prior information is required besides tem 
poral description/ segmentation of the sources 
[0037] There is provided a source separation system or 
method Wherein devices therein jointly take into account 
(spatial and segmental) or (spatial, segmental and spectral) 
sources diversity to e?iciently estimate separated sources. 
[0038] A source separation system is provided. The system 
includes a plurality of sources being subjected to an auto 
matic source separation via a joint use of segmental informa 
tion and spatial diversity. The system further includes a set of 
spectral shapes representing spectral diversity derived from 
the automatic source separation being automatically pro 
vided. The system still further includes a plurality of mixing 
parameters derived from the set of spectral shapes. Within a 
sampling range, a triplet is processed Wherein a reconstruc 
tion of a Short Term Fourier Transform (STFT) correspond 
ing to a source triplet among the set of triplets is performed. 
[0039] There is provided a source separation system or 
method Wherein third party information on each source’s 
temporal activation is required. 
[0040] A method is provided that comprises: 

[0041] A module to extract the STFT vectors from an 
observed mono or stereo audio mixture. 

[0042] A module (Graphic User Interface or automatic 
system) to de?ne the number of audio components of 
interest and their respective activation time. 

[0043] A module to estimate the separated sources thanks 
to an algorithm that enable to jointly take into account spatial 
and temporal diversity of the audio component Within the 
mixture. 
[0044] Note that besides the given information of the 
source timecodes our method is fully “blind” in the sense that 
no other information is needed, in particular about the spec 
tral shapes de?ning the sources nor the mixing system param 
eters. 

[0045] The implementation of our invention relies on a 
general expectation-maximization (EM) algorithm Demp 
ster, similarto Ozerov 1. However We have produced neW (and 
faster) update rules for Wj and H], having a multiplicative 
structure, i.e., each coe?icient of the matrices is updated as its 
previous value multiplied by a positive update factor. This has 
the advantage of keeping to zero the null coef?cients in Hj. 
[0046] The automatic source separation algorithm of the 
invention is characterized by: 
[0047] It implements an original algorithm that is able to 
jointly take into account the spatial and segmental informa 
tion of the sources Within a mixture 

[0048] it implements an original algorithm that is able to 
jointly take into account the spatial, spectral and segmental 
information of the sources Within a mixture the proposed 
source separation method enables to separate N sources 
(N>l) from a monophonic recording unlocking some limita 
tions of the state of the art: 

[0049] requiring prior knoWledge about each source 
model (cf. Method related in FIG. 3) 
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[0050] requiring to manually bind elementary compo 
nents to reconstruct the sources (cf. Method related in 
FIG. 4) 

[0051] The proposed source separation method enables to 
separate N sources (N >1) from a stereo recording from 
instantaneous and convolutive mixture unlocking limitations 
of the state of the art: 

[0052] restrictive hypothesis on the mixture structure (cf. 
Method related in g for knoWledge about 

[0053] each source model (cf. Method related in FIG. 2) 

[0054] The Nonnegative Matrix Factorization imple 
mented in the proposed invention takes advantage of the 
segmental information about the sources Within the mixture 
to e?iciently initialize the iterative estimation algorithm. 

[0055] The Nonnegative Matrix Factorization imple 
mented in the proposed invention takes advantage at each step 
of the provided segmental information and estimates spatial 
information to estimate separated sources. 

[0056] Source separation consists in recovering unknoWn 
source signals given mixtures of these signals. The source 
signals are often more simply referred to as “sources” and the 
mixtures may also be referred to as “observed signals”, 
“detected signals” or “recordings”. The present invention 
brings e?iciency and robustness to automatic signal source 
separation. More particularly it provides a method and appa 
ratus for the estimation of the homogeneous components 
de?ning the sources. This invention is related to a method and 
apparatus for separating source signals from instantaneous 
and convolutive mixtures. It primarily concerns multichannel 
audio recordings (more than one detected signals) but is also 
applicable to single-channel recordings and non-audio data. 
The proposed source separation method is based on: (1) one 
or several sensors or detectors that detect one or several 

mixture signals generated by the mixture of all signals created 
by each source and (2) on a temporal characterization of the 
detected signals. The detected signals are processed in time 
blocks Which are all tagged. The tags characterize each source 
presence or absence Within a block. In the case of audio 
mixtures, the tags de?ne the orchestration of each block such 
that “this block contains guitar”, “this block contains voice 
and piano”. The tags can be obtained through an adequate 
automatic process, provided by a description ?le, or de?ned 
manually by an operator. The tagged time blocks are also 
referred to as “segmental information”. Both time blocks and 
tags alloW to ?nd a separating ?lter, Which When applied on 
the detected signals produces output signals that contain esti 
mates of the source contributions into the detected mixture 
signals. 
[0057] The novelty of the invention comes With the de?ni 
tion of an original method and apparatus Which is able to take 
into account temporal and spatial information about the 
sources Within the mixture. The term “spatial” refers to the 
fact that the sources are mixed differently in each mixture, 
stemming from the image of various sensors placed at various 
locations and recording source signals originating from vari 
ous locations. The invention is hoWever not limited to such 
settings and applies to synthetically mixed signals such as 
professionally produced musical recordings. Our method 
contrast to prior art approaches that have either considered 
spatial based separation in multichannel settings (more than 
one recording) or use of segmental information in single 
channel settings (only one recording), but not both. The 
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method and apparatus We propose jointly use time and space 
information in the separation process. 

BRIEF DESCRIPTION OF THE FIGURES 

[0058] The accompanying ?gures, Where like reference 
numerals refer to identical or functionally similar elements 
throughout the separate vieWs and Which together With the 
detailed description beloW are incorporated in and form part 
of the speci?cation, serve to further illustrate various embodi 
ments and to explain various principles and advantages all in 
accordance With the present invention. 
[0059] FIG. 1 illustrates an example of a ?rst prior art 
source separation system. 
[0060] FIG. 2 is an example of a second prior art source 
separation system. 
[0061] FIG. 3 is an example of a third prior art source 
separation system. 
[0062] FIG. 4 is an example of a fourth prior art source 
separation system. 
[0063] FIG. 5A is an example ofa source separation system 
according to the present invention. FIG. 5B is an example of 
a set of source estimation blocks in accordance With the 
present invention. 
[0064] FIG. 6 is an example of a ?fth prior art source 
separation system according to prior art described for 
instance in OZerov II. This system is limited to the separation 
of tWo sources. It requires prior segmental information on 
both sources. It estimates prior model of each source using 
segments Where there is no more than one source active. 
Spectral and segmental information are sequentially taken 
into account and the proposed system is not able to take into 
account spatial diversity. 
[0065] FIG. 7 is an example of a sixth prior art source 
separation system according to prior art described for 
instance in Laurberg. 
[0066] FIG. 8 is an example of a seventh prior art source 
separation system according to prior art described for 
instance in OZerov I. No prior information is required, the 
system is able to take advantage of sources’ spatial and spec 
tral diversities but it is limited by its inability to take advan 
tage of segmental information. This drawback is overcome by 
the neW source estimation algorithm of the proposed inven 
tion 

[0067] FIG. 9 is a ?owchart of the present invention. 
[0068] Skilled artisans Will appreciate that elements in the 
?gures are illustrated for simplicity and clarity and have not 
necessarily been draWn to scale. For example, the dimensions 
of some of the elements in the ?gures may be exaggerated 
relative to other elements to help to improve understanding of 
embodiments of the present invention. 

DETAILED DESCRIPTION 

[0069] Before describing in detail embodiments that are in 
accordance With the present invention, it should be observed 
that the embodiments reside primarily in combinations of 
method steps and apparatus components related to signal 
processing. Accordingly, the apparatus components and 
method steps have been represented Where appropriate by 
conventional symbols in the draWings, shoWing only those 
speci?c details that are pertinent to understanding the 
embodiments of the present invention so as not to obscure the 
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disclosure With details that Will be readily apparent to those of 
ordinary skill in the art having the bene?t of the description 
herein. 

[0070] In this document, relational terms such as ?rst and 
second, top and bottom, and the like may be used solely to 
distinguish one entity or action from another entity or action 
Without necessarily requiring or implying any actual such 
relationship or order betWeen such entities or actions. The 
terms “comprises,” “comprising,” or any other variation 
thereof, are intended to cover a non-exclusive inclusion, such 
that a process, method, article, or apparatus that comprises a 
list of elements does not include only those elements but may 
include other elements not expressly listed or inherent to such 
process, method, article, or apparatus. An element proceeded 
by “comprises . . . a” does not, Without more constraints, 
preclude the existence of additional identical elements in the 
process, method, article, or apparatus that comprises the ele 
ment 

[0071] The proposed invention is based on the source mod 
els proposed in Benaroya. The poWer spectrogram (i.e, the 
squared magnitude of the STFT) of each source is modeled as 
a non-subtractive linear combination of elementary spectral 
shapes, a model Which shares connection to nonnegative 
matrix factorization (N MF) Lee of the source poWer spectro 
gram. Thanks to the nonnegative constraints, NMF alloWs 
intuitive part-based decomposition of the spectrogram. If 
ISJ-I2 denotes the poWer spectrogram, of dimension F><N, of 
source j, the model reads: 

Where W]. is matrix of dimensions F><K containing the spectral 
shapes and Hj is a matrix of dimensions K><N, containing the 
activation coe?icients (thus accounting for energy variabil 
ity). Instead of pre-training source models W]. as in Benaroya, 
We propose to learn the models (spectral shapes and activa 
tion coe?icients) directly from the mixtures. To do so, We 
assume segmental information about the activation of the 
individual sources to be available in a “timecode” ?le, pro 
duced either from manual annotation or automatic segmen 
tation. The ?le solely indicates the regions Where a given 
source is active or not. In our invention this information is 
re?ected in the matrix H], by setting coef?cients correspond 
ing to inactive regions to Zero. Our algorithm keeps these 
coef?cients to Zero throughout the estimation process, and the 
estimation of the spectral shapes Wj is thus driven by the 
presence of these Zeros. In other Words, Wj is the character 
istic of source j. Note that as opposed to OZerov II, the spectral 
shapes Wl . . . W Jfor all sources are learnt jointly, as opposed 
to sequentially. The concept of using structured matrices H] 
has been employed in Laurberg for spectral shape learning. 
The setting is as in Benaroya, single channel source separa 
tion is performed given the source-speci?c dictionaries Wl . . 
. W J. HoWever Laurberg shoWs that instead of learning each 
dictionary Wj on some training set containing only one type of 
source, the dictionaries Wl . . . W Jcan be learnt together given 
a set of training signals composed of mixture of sources, 
Whose respective activations satisfy certain conditions. 
[0072] Our invention implements a multichannel version of 
the method described in the previous paragraph, so that seg 
mental information can be used jointly With spatial diversity, 
for increased performance. Our invention is suitable for both 
instantaneous and convolutive mixtures. In the latter case, the 
time-domain convolution is approximated by instantaneous 
mixing in each frequency band. 
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[0073] Given source activation time-codes, i.e., structured 
H], our invention estimates the nonZero coef?cients in the 
matrices Hl . . . H J, the source spectral shapes Wl . . . W Jand 

the convolutive mixing parameters. Time-domain estimates 
of the sources may then be reconstructed from the estimated 
parameters. Note that besides the given information of the 
source timecodes, our method is fully “blind” in the sense that 
no other information is needed, in particular about the spec 
tral shapes de?ning the sources nor the mixing system param 
eters. 

[0074] The implementation of our invention relies on a 
generaliZed expectation-maximization (EM) algorithm in 
Dempster, Which is similar to OZerov 1. However We have 
produced neW (and faster) update rules for W J and H J, having 
a multiplicative structure, i.e., each coe?icient of the matrices 
is updated as its previous value multiplied by a positive 
update factor. This has the advantage of keeping to Zero the 
null coe?icients in H J. 

[0075] Referring to FIG. 1, a ?rst prior art source separation 
system as described in Jourjine is shoWn. Note that no prior 
information is required but the system tends to make strong 
and sometimes Wrong assumptions about the mixture struc 
ture. 

[0076] Referring to FIG. 2, a second prior art source sepa 
ration system described for instance in Attias is shoWn. This 
system requires prior information about the sources Within 
the mixture. This prior information can be very di?icult to 
obtain. The system is not able to deal With energy changes 
betWeen training sources and sources observed through the 
mixture. 
[0077] Referring to FIG. 3, a third prior art source separa 
tion system as described for instance in Benaroya] is shoWn. 
This system requires prior information about the sources 
Within the mixture. This information can be very dif?cult to 
obtain. This system handles convolutive mixtures by assum 
ing linear instantaneous mixing in each frequency band. 
[0078] Referring to FIG. 4, a fourth prior art source sepa 
ration system according to prior art described for instance in 
Wang is shoWn. No prior information is required but the 
algorithm is not able to take advantage of spatial diversity and 
does not take into account segmental information, thereby 
leading to poor performance and little potential enhancement. 
Moreover separated components do not correspond to an 
audio source and a manual binding of the elementary com 
ponents is required. 
[0079] Referring to FIG. 5A, a source separation system 
100 according to the present invention is shoWn. In system 
100, no prior information on the spectral characteristics of the 
sources Within the mixture is required. This system 100 is 
able to jointly take into account spectral and segmental 
sources diversity (mono recordings), or spatial, segmental 
and spectral sources diversity (for multi channels recordings) 
to e?iciently estimate separated sources. Various sources 
such as sound sources 102 (only four shoWn) are subjected to 
an automatic source separation via a joint use of segmental 
information and spatial diversity block (104), Wherein seg 
mental information about some sources such as active sources 

is automatically provided. 
[0080] Regarding source diversity, a set of spectral shapes 
(106) representing spectral diversity is provided using infor 
mation derived from block (104). 
[0081] Regarding source spatial diversity mixing param 
eters (108) representing spatial diversity are provided using 
information derived from block (104). 
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[0082] Regarding source energy variation, a temporal acti 
vation (110) representing temporal diversity is provided 
using information derived from block (104). 
[0083] At a sampling range, ?rst a set of spectral shapes 
(106), second the output of the mixing system (108), and third 
temporal activation (110) are processed. The above three are 
de?ned as a triplet. A triplet includes spectral shapes, activa 
tion coef?cients, and mixing parameters. 
[0084] The set of spectral shapes (106), the output of the 
mixing system (108), and temporal activation (110) are input 
respectively into a block 112, Wherein a reconstruction of a 
STFT (Short Term Fourier Transform) corresponding to each 
source triplet among the set of triplets is performed. The 
sources are in turn separated 114 into their respective sources 
(only four shoWn). 
[0085] Referring to FIG. 5B, an example of a set of source 
estimation blocks in accordance With the present invention is 
shoWn. Various sources such as sound sources 102 (only four 
shoWn) are subjected to a short term Fourier Transform 412 
into the frequency domain. The transformed source informa 
tion is further subjected to a set of initialization processes. For 
spectral shapes, initialiZation 414 such as random initialiZa 
tion is used. For mixing systems, initialiZation 416 such as 
random initialization is used. For temporal component acti 
vation, initialiZation 418 such as binary temporal masking is 
used. The initialiZed components are subjected to a multi 
channel non-negative matrix factorization 420 by means of 
implementing an original algorithm based on a joint use of 
segmental and spatial diversity. This algorithm is described in 
OZerov l. 

[0086] The initialiZed information including spectral 
shapes (106), the output of the mixing system (108), and 
temporal activation (110) are formed as the result of the 
original algorithm based on a joint use of segmental and 
spatial diversity. As can be seen, the initialiZation problem is 
handled by the use of the activation information. Activation 
information informs on the presence/ absence of each source 
at each instant. 

[0087] Referring to FIG. 6, a ?fth prior art source separa 
tion system according to prior art described for instance in 
OZerov II is shoWn. This system is limited to the separation of 
tWo sources. It requires prior segmental information on both 
sources. It estimates prior model of each source using seg 
ments Where there is no more than one source active. Spectral 
and segmental information are sequentially taken into 
account and the proposed system is not able to take into 
account spatial diversity. 
[0088] Referring to FIG. 7, an example of a sixth prior art 
source separation system according to prior art described for 
instance in Laurberg is shoWn. No prior information is 
required, the system is able to take advantage of sources’ 
segmental and spectral diversities but it is limited by its 
inability to take advantage of spatial information. This draW 
back is overcome by the neW source estimation algorithm of 
the proposed invention. 
[0089] Referring to FIG. 8, an example of a seventh prior art 
source separation system according to prior art described for 
instance in OZerov l is shoWn. No prior information is 
required, the system is able to take advantage of sources’ 
spatial and spectral diversities but it is limited by its inability 
to take advantage of segmental information. This draWback is 
overcome by the neW source estimation algorithm of the 
proposed invention. 
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[0090] Referring to FIG. 9, a ?owchart 800 of the present 
invention is shown. A method for source separation is shown 
in ?owchart 800. A plurality of sources being subjected to an 
automatic source separation via a joint use of segmental infor 
mation and spatial diversity is provided (Step 802). A set of 
spectral shapes representing spectral diversity is derived from 
the automatic source separation is automatically provided 
(Step 804). A plurality of mixing parameters is derived from 
the set of spectral shapes (Step 806). Within a sampling range, 
performing a Short Term Fourier Transform (STFT) corre 
sponding to a source triplet among a set of triplets is recon 
structed (Step 808). A temporal activation representing tem 
poral diversity is derived from the set of spectral shapes (Step 
810). Separated sources as an output of the system is output 
ted (Step 812). 
[0091] The method, system and apparatus for source sepa 
ration that are described in this document can apply to any 
type of mixture, either underdetermined or (over) deter 
mined, either instantaneous or convolutive. 

[0092] Some of the embodiments are described herein as a 
method or combination of elements of a method that can be 
implemented by a processor of a computer system or by other 
means of carrying out the function of the present invention. 
Thus, a processor with the necessary instructions for carrying 
out such a method or element of a method forms a means for 

carrying out the method or element of a method associated 
with the present invention. Furthermore, an element 
described herein of an apparatus embodiment is an example 
of a means for carrying out the function performed by the 
element for the purpose of carrying out the invention. It will 
be understood that the steps of methods discussed are per 
formed in one embodiment by an appropriate processor (or 
processors) of a processing (i.e., computer) system executing 
instructions stored in a storage. The term “processor” may 
refer to any device or portion of a device that processes 
electronic data, e.g., from registers and/or memory to trans 
form that electronic data into other electronic data that, e.g., 
may be stored in registers and/ or memory. A “computer” or a 
“computing machine” or a “computing platform” may 
include one or more processors. It will also be understood that 
embodiments of the present invention are not limited to any 
particular implementation or programming technique and 
that the invention may be implemented using any appropriate 
techniques for implementing the functionality described 
herein. Furthermore, embodiments are not limited to any 
particular programming language or operating system. 
[0093] The methodologies described herein are, in one 
embodiment, performable by one or more processors that 
accept computer-readable (also called machine-readable) 
logic encoded on one or more computer-readable media con 
taining a set of instructions that when executed by one or more 
of the processors carry out at least one of the methods 
described herein. Any processor capable of executing a set of 
instructions (sequential or otherwise) that performs the func 
tions or actions to be taken are contemplated by the present 
invention. Thus, one example is a typical processing system 
that includes one or more processors. Each processor may 
include one or more of a CPU, a graphics processing unit, or 
a programmable digital signal processing (DSP) unit. The 
processing system further may include a memory subsystem 
including main RAM and/or a static RAM, and/or ROM. A 
bus subsystem may be included for communicating between 
the components. The processing system further may be a 
distributed processing system with processors coupled by a 
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network. If the processing system requires a display, such a 
display may be included, e.g., an liquid crystal display (LCD) 
or a cathode ray tube (CRT) display or any suitable display for 
a hand held device. If manual data entry is required, the 
processing system also includes an input device such as one 
or more of an alphanumeric input unit such as a keyboard, a 
pointing control device such as a mouse, stylus, and so forth. 
The term memory unit as used herein, if clear from the context 
and unless explicitly stated otherwise, also encompasses a 
storage system such as a disk drive unit. The processing 
system in some con?gurations may include a sound output 
device, and a network interface device. The memory sub 
system thus includes a computer-readable carrier medium 
that carries logic (e.g., software) including a set of instruc 
tions to cause performing, when executed by one or more 
processors, one of more of the methods described herein. The 
software may reside in the hard disk, or may also reside, 
completely or at least partially, within the RAM and/ or within 
the processor during execution thereof by the computer sys 
tem. Thus, the memory and the processor also constitute 
computer-readable carrier medium on which is encoded 
logic, e.g., in the form of instructions. 

[0094] Thus, one embodiment of each of the methods 
described herein is in the form of a computer-readable carrier 
medium carrying a set of instructions, e.g., a computer pro 
gram that are for execution on one or more processors, e. g., 

one or more processors that are part of a communication 

network. Thus, as will be appreciated by those skilled in the 
art, embodiments of the present invention may be embodied 
as a method, an apparatus such as a data processing system, or 
a computer-readable carrier medium, e.g., a computer pro 
gram product. The computer-readable carrier medium carries 
logic including a set of instructions that when executed on one 
or more processors cause the processor or processors to 

implement a method. Accordingly, the present invention may 
take the form of a method, an entirely hardware embodiment, 
an entirely software embodiment or an embodiment combin 
ing software and hardware. Furthermore, the present inven 
tion may take the form of carrier medium (e.g., a computer 
program product on a computer-readable storage medium) 
carrying computer-readable program code embodied in the 
medium. 

[0095] The software may further be transmitted or received 
over a network via a network interface device. While the 
carrier medium is shown in an example embodiment to be a 
single medium, the term “carrier medium” should be taken to 
include a single medium or multiple media (e. g., a centraliZed 
or distributed database, and/ or associated caches and servers) 
that store the one or more sets of instructions. The term 
“carrier medium” shall also be taken to include any medium 
that is capable of storing, encoding or carrying a set of instruc 
tions for execution by one or more of the processors and that 
cause the one or more processors to perform any one or more 

of the methodologies of the present invention. A carrier 
medium may take many forms, including but not limited to, 
non-volatile media, volatile media, and transmission media. 
Non-volatile media includes, for example, optical, magnetic 
disks, and magneto-optical disks. Volatile media includes 
dynamic memory, such as main memory. Transmission media 
includes coaxial cables, copper wire and ?ber optics, includ 
ing the wires that comprise a bus subsystem. Transmission 
media also may also take the form of acoustic or light waves, 
such as those generated during radio wave and infrared data 
communications. For example, the term “carrier medium” 
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shall accordingly be taken to included, but not be limited to, 
(i) in one set of embodiment, a tangible computer-readable 
medium, e.g., a solid-state memory, or a computer software 
product encoded in computer-readable optical or magnetic 
media; (ii) in a different set of embodiments, a medium bear 
ing a propagated signal detectable by at least one processor of 
one or more processors and representing a set of instructions 

that When executed implement a method; (iii) in a different set 
of embodiments, a carrier Wave bearing a propagated signal 
detectable by at least one processor of the one or more pro 
cessors and representing the set of instructions a propagated 
signal and representing the set of instructions; (iv) in a dif 
ferent set of embodiments, a transmission medium in a net 
Work bearing a propagated signal detectable by at least one 
processor of the one or more processors and representing the 
set of instructions. 
[0096] In the foregoing speci?cation, speci?c embodi 
ments of the present invention have been described. HoWever, 
one of ordinary skill in the art appreciates that various modi 
?cations and changes can be made Without departing from the 
scope of the present invention as set forth in the claims beloW. 
For example, the therapeutic light source and the massage 
component are not limited to the presently disclosed forms. 
Accordingly, the speci?cation and ?gures are to be regarded 
in an illustrative rather than a restrictive sense, and all such 
modi?cations are intended to be included Within the scope of 
present invention. The bene?ts, advantages, solutions to 
problems, and any element(s) that may cause any bene?t, 
advantage, or solution to occur or become more pronounced 
are not to be construed as a critical, required, or essential 
features or elements of any or all the claims. The invention is 
de?ned solely by the appended claims including any amend 
ments made during the pendency of this application and all 
equivalents of those claims as issued. 
What is claimed is: 
1. A source separation system, comprising: 
a plurality of sources being subjected to an automatic 

source separation via a joint use of segmental informa 
tion and spatial diversity; 

a set of spectral shapes representing spectral diversity 
derived from the automatic source separation being 
automatically provided; 

a plurality of mixing parameters derived from the set of 
spectral shapes; and 
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Within a sampling range, a triplet is processed Wherein a 
reconstruction of a Short Term Fourier Transform 
(STFT) corresponding to a source triplet among the set 
of triplets is performed. 

2. The source separation system of claim 1 further com 
prising a temporal activation representing temporal diversity 
derived from the set of spectral shapes. 

3. The source separation system of claim 1 further com 
prising separated sources as an output of the system. 

4. The source separation system of claim 1, Wherein the 
triplet comprises spectral shapes, activation coe?icients, and 
mixing parameters. 

5. The source separation system of claim 1, Wherein the 
segmental information about some sources is automatically 
provided. 

6. The source separation system, Wherein the plurality of 
sources is a plurality of sound sources. 

7. A method for source separation, comprising the steps of: 
providing a plurality of sources being subjected to an auto 

matic source separation via a joint use of segmental 
information and spatial diversity; 

deriving a set of spectral shapes representing spectral 
diversity from the automatic source separation being 
automatically provided; 

deriving a plurality of mixing parameters from the set of 
spectral shapes; and 

Within a sampling range, performing a reconstruction of a 
Short Term Fourier Transform (STFT) corresponding to 
a source triplet among a set of triplets. 

8. The method of claim 7 further comprising the step of 
deriving a temporal activation representing temporal diver 
sity from the set of spectral shapes. 

9. The method of claim 7 further comprising outputting 
separated sources as an output of the system. 

10. The method of claim 7, Wherein the source triplet 
comprises spectral shapes, activation coe?icients, and mixing 
parameters. 

11. The method of claim 7, Wherein the segmental infor 
mation about some sources is automatically provided. 

12. The method of claim 7, Wherein the plurality of sources 
is a plurality of sound sources. 

* * * * * 


