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ESTIMATION OF REVERBERANT ENERGY COMPONENT FROM
ACTIVE AUDIO SOURCE

CROSS-REFERENCE TO RELATED APPLICATIONS

[0001] This application claims priority to Chinese Patent Application No. 2015103912615,
filed July 6, 2015; US Provisional Application No. 62/197,266, filed July 27, 2015; and
European Patent Application No. 15185650.7, filed September 17, 2015, all of which are

incorporated by references in their entirety.

TECHNOLOGY
[0002] Example embodiments disclosed herein generally relate to reverberant energy
estimation, and more specifically, to a method and system for estimating reverberant energy

from an active audio source.

BACKGROUND

[0003] When sound is recorded in a room, a signal recorded by a sound capturing endpoint
or sound capturing device such as a microphone typically includes two components. One
component is normally referred to as direct energy and the other as reverberant energy.

[0004] The direct energy is transmitted to the sound capturing endpoint directly from one
or more audio sources without being bounced or reverberated by walls. The audio source
may be anything producing sound, such as a speaking person, an instrument being played by
someone, a loudspeaker controlled by a playback device and the like.

[0005] The reverberant energy is also produced by the sound source. However, this
reverberant component is captured after it has bounced off an object such as a wall at least
one time. During the travelling of sound, the amplitude of the sound is attenuated. Also after
bouncing off an object such as a wall, some frequency bands of the sound are absorbed
(partially) by the surface of the wall, changing the spectrum of the reverberated sound.
Considering that the spectrum and the arrival time of the reverberated sound at the sound
capturing endpoint may be rather different from those of the directly transmitted sound; it is
beneficial to obtain the two components for later processing, for example, for reflecting
diffusivity for the sound source.

[0006] Existing methods to estimate the reverberant energy component from the audio

source and generate spatial features for the audio source usually rely on prior knowledge or
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estimations of properties of the room such as reverberation time (RT60), which is the time
required for reflections of a direct sound to decay 60 dB, or absorption coefficients of the
walls. As a result, the existing methods are time consuming and not practical in reality since
prior knowledge about the room acoustics is normally absent.

[0007] In view of the foregoing, there is a need in the art for a solution for estimating
reverberant energy component from an active audio source for improved precision,

repeatability and speed.

SUMMARY

[0008] In order to address the foregoing and other potential problems, example
embodiments disclosed herein proposes a method and system for estimating reverberant
energy component from an active audio source. The active audio source indicates a source
producing sound.

[0009] In one aspect, example embodiments disclosed herein provide a method of
estimating a reverberant energy component from an active audio source. The method
includes determining a correspondence between the active audio source and a plurality of
sample sources, notably by comparing one or more spatial features of the active audio source
with one or more spatial features of the plurality of sample sources, wherein each of the
sample sources is associated with an adaptive filtering model, obtaining an adaptive filtering
model for the active audio source based on the determined correspondence and estimating the
reverberant energy component from the active audio source over time based on the adaptive
filtering model. In other words, a method for estimating a reverberant energy component
which makes use of a plurality of different sample sources which each exhibit one or more
spatial features is described. In other words, properties of each of the plurality of different
sample sources are described by one or more spatial features (such as position, angle,
diffusibility, spatial information, sound level, etc.). Furthermore, each of the plurality of
different sample sources is associated with a (different) adaptive filtering model which
enables the estimation of the reverberant energy of sound being emitted by the corresponding
sample source. In order to estimate the reverberant energy of sound emitted by an active
audio source, one or more spatial features for the active audio source are determined (e.g.
based on the captured sound, based on visual data and/or based on infrared data). By
comparing the one or more spatial features of the active audio source with the one or more

spatial features of the plurality of different samples sources, a corresponding sample source is
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identified and the adaptive filtering model which is associated with the corresponding sample
source is used for estimating the reverberant energy component of sound being emitted by the
active audio source. As such, the method assumes that if an active audio source has similar
one or more spatial features to one of the sample sources, then the (known) adaptive filter
model of the selected sample source is a good candidate for estimating the reverberant energy
component of the active audio source. By doing this, the reverberant energy component of
sound emitted by an active audio source may be estimated with high speed, precision and
reliability.

[0010] In another aspect, example embodiments disclosed herein provide a system for
estimating a reverberant energy component from an active audio source. The system includes
a determining unit configured to determine a correspondence between the active audio source
and a plurality of sample sources, notably by comparing one or more spatial features of the
active audio source with one or more spatial features of the plurality of sample sources, each
of the sample sources being associated with an adaptive filtering model; an adaptive filtering
model obtaining unit configured to obtain an adaptive filtering model for the active audio
source based on the determined correspondence; and a reverberant energy component
estimating unit configured to estimate the reverberant energy component from the active
audio source over time based on the adaptive filtering model. The active audio source and the
plurality of sample sources may e.g. correspond to different speakers located at different
positions with regards to an audio capturing device (e.g. with regards to an audio conference
microphone arrangement). By way of example, the active audio source may be or may
correspond to one of the plurality of sample sources.

[0011] Through the following description, it would be appreciated that the reverberant
energy estimation that is used to reflect in an auditory scene the diffusivity (and potentially
the distance) for each sound source (speaker) can be improved in accordance with example
embodiments disclosed herein. Sound sources within a room can be better modeled and
grouped. These models then provide a foundation for tracking of speakers and smart
applications such as meeting annotation and speech separation. By characterizing the
relationship between the direct energy and the reverberant energy with an adaptive filtering
model, the reverberant energy can be estimated with more accuracy. In addition, robust
adaptive filter coefficients can be used to represent the reverberation path of the source and
mapped as diffusivity. Furthermore, in order to handle multiple sources in real time, effective

and simple strategies are developed to switch between each of adaptive filtering models for
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the sample sources by using other spatial features. This would significantly increase the
robustness of the system and accelerate the adaption of the models, and thus improve the

processing speed.

DESCRIPTION OF DRAWINGS

[0012] Through the following detailed descriptions with reference to the accompanying
drawings, the above and other objectives, features and advantages of the example
embodiments disclosed herein will become more comprehensible. In the drawings, several
example embodiments disclosed herein will be illustrated in an example and in a non-limiting
manner, wherein:

[0013] Figure 1 illustrates a flowchart of a method of estimating reverberant energy
component from an active audio source in accordance with an example embodiment;

[0014] Figure 2 illustrates an example flow of determining whether the active audio
source corresponds to one of a number of sample sources in accordance with an example
embodiment;

[0015] Figure 3 illustrates an example of an auditory scene with multiple sources at
different locations and an audio capturing endpoint with three microphones in accordance
with an example embodiment;

[0016] Figure 4 illustrates a cardioid directionality of an example cardioid microphone
used in the audio capturing endpoint of Figure 3;

[0017] Figure 5 illustrates an adaptive filtering model in accordance with an example
embodiment;

[0018] Figure 6 illustrates an example block diagram for adaptive filtering model updating
in accordance with an example embodiment;

[0019] Figure 7 illustrates an adaptive filtering model in accordance with another example
embodiment;

[0020] Figure 8 illustrates a system for estimating reverberant energy component from an
active audio source in accordance with an example embodiment; and

[0021] Figure 9 illustrates a block diagram of an example computer system suitable for the
implementing example embodiments disclosed herein.

[0022] Throughout the drawings, the same or corresponding reference symbols refer to the

same or corresponding parts.
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DESCRIPTION OF EXAMPLE EMBODIMENTS

[0023] Principles of the example embodiments disclosed herein will now be described
with reference to various example embodiments illustrated in the drawings. It should be
appreciated that the depiction of these embodiments is only to enable those skilled in the art
to better understand and further implement the example embodiments disclosed herein, not
intended for limiting the scope in any manner.

[0024] The example embodiments disclosed herein utilize at least one audio capturing
endpoint such as microphone in order to obtain the direct energy component as well as the
reverberant energy component. By modelling the reverberant energy component as the
output of a linear filter and the direct energy component as filter input, a proper adaptive
filtering model is used to approximate the corresponding filter coefficient, which is then used
as an indicator of how reverberant the source is and can be further mapped to a diffusivity
measure. In real applications, multiple sources are usually involved. Therefore, in order to
be able to track multiple sources at different locations in an auditory scene in real time, each
source is assigned with an adaptive filtering model for speeding up the estimating processes.
Additionally, a mechanism is developed to quickly switch between sources by using other
spatial features (for example, angle, sound level, etc.), such that once a source is active, its
corresponding adaptive filtering model can be adapted in a short time.

[0025] In order to be able to track multiple sources, each source has its own adaptive
model that is adapted whenever the source is active. Keeping track of the adaptive model for
each source helps accelerate the reverberant energy estimation and also provides more
robustness and stability.

[0026] Figure 1 illustrates a flowchart of a method 100 of estimating a reverberant energy
component from an active audio source in accordance with an embodiment. At S101,
whether the active audio source corresponds to one of a number of sample sources is
determined. The active audio source may be, for example a source producing sound in a
room. Each of the sample sources is associated with an adaptive filtering model. However,
in a case that no sample source has been provided at the very beginning, it should be
determined that the active audio source corresponds to no sample source.

[0027] The determining step S101 may be achieved in different ways. For example, some
of spatial features may be extracted from the active audio source captured by the audio
capturing endpoint. The spatial features may include angle information which indicates the

orientation of the active audio source in relation to the audio capturing endpoint, as well as
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amplitude information which indicates the loudness or sound level of the active audios
source. Alternatively, the step S101 may also be achieved by a visual capturing endpoint
such as a camera, which may obtain spatial information of a particular source by analyzing
the captured image. Other means such as infrared detection may also be utilized so as to
obtain the spatial features of the active audio source. Consequently, the spatial features of the
active audio source may be compared with those of sample sources in order to determine
whether there is a sample source used for representing the active audio source. As indicated
above, the spatial features (denoted as ¥ herein) may include information regarding the
position of the active audio source (such as angle information and/or distance information).
As such, a spatial feature of an audio source may describe a property of the audio source in
relation to an audio capturing device (e.g. a microphone) which is adapted to capture sound
from the audio source. In particular, a spatial feature of an audio source may be indicative of
or may correspond to at least one of: a position of the audio source relative to the audio
capturing device, spatial information regarding the audio source relative to the audio
capturing device, a distance of the audio source from the audio capturing device, an angle
indicating an orientation of the audio source relative to the audio capturing device, a sound
level at which sound coming from the audio source is captured at the audio capturing device
and/or a diffusivity of sound being emitted by the audio source. A spatial feature of the active
audio source may be determined based on data of the active audio source captured by one or
more sensors, such as an audio capturing device, a visual capturing device and/or an infrared
detection device.

[0028] At step S102, an adaptive filtering model is obtained for the active audio source
based on the determined correspondence. For example, the adaptive filtering model may be
obtained in two ways. The first way may rely on the determining step at the step S101: if the
active audio source corresponds to none of the sample sources, which also includes the
situation where no sample source is provided, a sample source corresponding to the active
audio source is created. The created sample source is assigned with the spatial features of the
captured active audio source, and will be later assigned with an adaptive filtering model.
[0029] Then, the adaptive filtering model associated with the created sample source may is
estimated. This process may be carried out in different ways and will be explained in detail
later in the descriptions.

[0030] On the other hand, the second way may also rely on the determining step S101: if

the active audio source corresponds to one of the sample sources, the active filtering model
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associated with the corresponded sample source may be assigned to the active audio source.
[0031] At step S103, a reverberant energy component is estimated from the active audio
source over time based on the obtained adaptive filtering model at the step S102. The
estimation of the reverberant energy component over time is useful in updating the adaptive
filtering model. As a result, diffusivity may be obtained from the adaptive filtering model by
a predetermined mapping for example.

[0032] Figure 2 illustrates an example flow 200 of determining whether the active audio
source corresponds to one of a number of sample sources in accordance with an embodiment.
In order to quickly select an adaptive filtering model for the active audio source (by finding a
proper sample source) and continue to adapt its adaptive filtering model for estimating the
reverberant energy component, the instantaneous spatial features are extracted and used to
select a corresponding sample source model from a model group. This selection process may
be online-based. The spatial features may for example include at least one of angle, sound
level and diffusivity. Angle indicates the orientation of a particular audio source in relation to
the audio capturing endpoint, sound level indicates the loudness of the audio source, and
diffusivity indicates how reverberant the audio source is. Each sample source model may be
online-built with its own mean spatial features.

[0033] Atstep S201, the instantaneous spatial features may be obtained either by the audio
capturing endpoint (angle, sound level) directly or as a ratio of the largest eigenvalue to the

second largest eigenvalue (diffusivity), which are computed using the covariance matrix of

the input signal. As indicated in Figure 2, the instantaneous spatial feature ¥ = [9 p L] can
be extracted, where 6, p and L denote the angle, diffusivity and sound level of the active
audio source. It should be noted that the spatial feature ¥ may include other and/or additional
spatial features such as the distance of the active audio source from the capturing endpoint
and/or the position of the active audio source relative to the capturing endpoint. This
information may be determined e.g. based on data captured by a camera and/or based on
captured sound from the active audio source. In order to determine which model the active
source belongs to or corresponds to, a distance d; between W and those of the i-th models

(W;) is computed in step S202 as:
di=|Y—-%| fori=12..N €8]

where N represents the total number of sample source models.
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[0034] At step S203, the sample source model & whose spatial features are closest to ¥ is
then picked up. To make the selection more robust, at step S204, the minimum distance dj
shown in Figure 2 is compared with a predefined threshold Dy. If the minimum distance is
smaller than the predefined threshold, it is determined that the active audio source
corresponds to the sample source &, and thus the model for the sample source k is copied to
the adaptive filtering model at step S205. Otherwise, no model will be selected. As such, the
step S101 of determining a correspondence between the active audio source and a plurality of
sample sources may include determining, for each of the plurality of sample sources, a
distance d; between the one or more spatial features W of the active audio source and the one
or more spatial features W; of a sample source. The corresponding sample source may be
determined based on the plurality of distances d;. In particular, the sample source having the
lowest distance d; (and the corresponding filtering model) may be selected. In other words,
the step S101 of determining a correspondence between the active audio source and a
plurality of sample sources may include determining the sample source from the plurality of
samples sources whose one or more spatial features W; are closest to the one or more spatial
features W of the active audio source. By way of example, the one or more spatial features of
an audio source may include spatial information regarding the audio source. In such a case,
determining the correspondence between the active audio source and the plurality of sample
sources may include: selecting one of the plurality of sample sources spatially closest to the
active audio source, and determining that the active audio source corresponds to the selected
sample source, notably in response to a distance between the selected sample source and the
active audio source being within a predefined threshold.

[0035] The adaptive filtering estimation at the step S103 will be discussed in the
following. The sound is captured from the active audio source by at least one audio capturing
device. In one embodiment, there may be provided with three cardioid microphones arranged
in equilateral triangle topology. In another embodiment, there may be provided with three
omnidirectional microphones arranged in equilateral triangle topology. It should be noted
that there can be provided with less microphones such as two microphones or more
microphones such as at least four or more microphones arranged in any suitable form once
the spatial features can be obtained from such an arrangement. Alternatively, in another
embodiment, there can be provided with only one microphone in order to capture a sound
signal without spatial feature. In general, the adaptive filtering model estimation processes

for multiple microphones and for single microphone are different and will be discussed
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separately in the following.

Extraction process for multiple microphones

[0036] In one embodiment, as described above, the audio capturing endpoint may include
three cardioid microphones arranged in equilateral triangle topology. As shown in Figure 3,
the angle difference between each microphone pair may be 120°. In other words, the angle
differences between microphones 311, 312, between microphones 312, 313, between
microphones 313, 311, of the audio capturing endpoint 310 are all 120°. In such an
arrangement, the microphones 311, 312, 313 are separated physically from each other with a
distance. A smaller distance is advantageous because the capturing of the sound by the three
microphones is affected by the distance in terms of accuracy.

[0037] The cardioid directional microphone has directional amplitude response as shown
in Figure 4. A typical cardioid microphone receives the sound without attenuation at 0° (e.g.,
the forward direction), while the microphone receives the sound attenuated as the angle
varies. The cardioid microphone receives the sound with smallest sound level at an angle
opposite to 0° (i.e., 180°).

[0038] The sound captured from each of the three microphones is represented as L, R and
S, respectively in accordance with their orientations. The three cardioid microphones are
assumed to be identical except for their orientations.

[0039] Time domain version of the L, R and S signals can be denoted as L(n), R(n)and
S(n), respectively. Therefore, their corresponding frequency domain counterparts can be
transformed as L(w, k), R(w, k) and S(w, k), respectively, where w represents a normalized
angular frequency in radius and k represents the frame index. A frame length £ is chosen as
the one that corresponds to 20ms, depending on the sampling rate. In one embodiment, £ is
chosen as 960 as for a sampling rate of 48 kHz, meaning that the 20ms is sampled 960 times
with an interval of 1/48000 second. In the following discussion, the frame index k is omitted
in most cases for expository convenience.

[0040] The microphone array includes three cardioid microphones and has its amplitude
response H(9) as:

H;(8) 0.5 + 0.5cos(8 — /3)
H(8) = |Hr(8)| =|0.5 4+ 0.5cos(6 + /3) 2)
Hq(8) 0.5 + 0.5cos(8 — 1)

where 0 represents the angle of the active source relative to the audio capturing endpoint
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which has a predefined forward direction as 0°. H; (@) represents the amplitude response for
the channel L of the cardioid microphone array, Hy (8) represents the amplitude response for
the channel R of the cardioid microphone array, and Hg(8) represents the amplitude response
for the channel S of the cardioid microphone array.
[0041] It may be assumed that the microphones are spaced with a small enough distance
so that the phase difference in each microphone signal is negligible. Therefore, according to
Equation (2), the input signal for a single source staying at angle 0 can be described as:

L(w)

X(w) = |[R(w)| = D(w)H(B) + r(w) (3)

S(w)
where X(w) represents the input signal in a frequency domain, and D(w) represents the
direct signal of the audio source in the frequency domain. r(w) = [r,(w) rx(w) rg(w)]7 is
the term standing for reverberation.
[0042] In one embodiment, it may be assumed that the reverberant components in

different microphones are uncorrelated and of zero mean, for example:

of, (w) 0 0
Elr(w)rf(w)]=| O o, (w) 0 |=E[C. ()] (4)
0 0 JTZS (w)

where C,. represents the covariance reverberation matrix of the signal energy and E represents
its expectation. UrZL (w), UrZR (w) and JTZS (w) represent the reverberant energy in each
microphone.

[0043] In order to extract the direct and reverberant energy, the covariance matrix of the

input signal may be first computed as:
Clw, k) = aClw, k— 1) + (1 — a)X(w, K)XH (w, k) 5)

where C(w, k) represents the covariance matrix for frequency w and frame index k. «
represents a smoothing factor.

[0044] In one embodiment, &« may be set to a value ranged from 0.9 to 0.95, for example,
0.9. Because the audio signal includes both the direct energy component and the reverberant

energy component, and thus the expectation of the signal energy may be expressed as:
E[C(w)] = E[Ca(w)] + E[C,(w)] = 0 (w)H(O)H" () + E[C,(w)] (©6)

where g2 (w) represents the expected power of direct source energy, and C4(w) represents

the covariance of the direct source energy.
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[0045] Based on Equation (6), it can be shown that the sum A(w) of the diagonal entries

of C(w) can be expressed as:

A(w) = E[Cy;(@)] + E[C22(w)] + E[C33(w)] ,
= o2 (w) [{0.5 + 0.5 cos (9 - g)}

+ {0.5 +0.5cos (9 + %)}2 +{0.5 + 0.5 cos(8 — n)}z] -

+ 0 (w) + of, () + of (w)
=G, (O‘é (w)) + JTZL (w) + O'TZR (w) + JTZS (w)
= G(03(@)) +307()

where G, represents a constant, and ¢ (w) represents the average reverberant energy in each
microphone. E[C;,(w)] represents the expected covariance for the first column (channel L)
and the first row (channel L) of the expected covariance matrix presented in Equation (4).
Similarly, E[C,,(w)] represents the expected covariance for the second column (channel R)
and the second row (channel R) of the expected covariance matrix, and E[C35(w)] represents
the expected covariance for the third column (channel S) and the third row (channel S) of the
expected covariance matrix.

[0046] In the particular arrangement of the cardioid microphones shown in Figure 3 which
directly results in Equation (2), the constant G, is calculated to be equal to 1.125. Similarly,
it can also be shown that the sum B(w) of the upper off-diagonal entries of C(w) can be

expressed as:

B(w) = E[Cy2(w)] + E[C13(w)] + E[Cp3(w)]
= 02(w) [(0.5;— 0.5 cos (9 — g)) (0.5
+ 0.5 cos (9 + g)) i "
+ (0.5 + 0.5 cos (9 — g)) (0.5 + 0.5 cos(6 — m))

+ (0.5 + 0.5 cos (9 + %)) (0.5 4+ 0.5 cos(8 — n))]
=G, Ua% (w)

where G, represents a constant (e.g., 0.625). E[C;,(w)] represents the expected covariance
for the first column (channel L) and the second row (channel R) of the expected covariance
matrix presented in Equation (4). Similarly, E[C,3(w)] represents the expected covariance
for the first column (channel L) and the third row (channel S) of the expected covariance

matrix, and E[C,;(w)] represents the expected covariance for the second column (channel R)
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and the third row (channel S) of the expected covariance matrix. The calculation of G, and
G, will be explained later in the descriptions.
[0047] Because it is assumed that the microphones are uncorrelated with off-diagonal
entries of C,.(w) being equal to 0, in this case, B(w) does not include reverberation entries
like A(w) does. In the particular arrangement of the cardioid microphones shown in Figure 3
which directly results in Equation (2), the constant G, is calculated to be equal to 0.625. By
combining Equations (7) and (8), the direct energy component g2 (w) and the reverberant
energy component o2 (w) can be expressed as:

G, 31 | o2 (w) A(w)

[Gz O] ' [ag (w)] - [B(w) )
[0048] It can be seen from Equation (9) that the direct energy component o2(w) and the
reverberant energy component g (w) can be written as:

2 (w) G, 317 [A(w)

[ az(w)] B [Gz O] ' [B(w) (10)

[0049]  As derived from Equations (2) to (10), the direct energy component g2 (w) and the
reverberant energy component o2(w) can be extracted based on the arrangement of the
microphones (which determines the values of G; and G») and a linear relation of the audio
signal between one (C;;, Cy; and Cs3) or two (Cyp, Cy3 and Cy3) of the microphones. In this
embodiment, the linear relation may be reflected by the covariance matrix of the audio signal
which may be calculated by Equation (6).
[0050] In the embodiment described above, it is assumed that the reverberant components
in different microphones are uncorrelated and of zeros mean. However, the coherence of
reverberant sound field may be frequency dependent and non-zero in most cases. Based on

the coherence of different sound fields, the complex sound field coherence may be generated

as below:
) =7 C(sz)(w C)zz(w) an
s =3 C(Caf)(w 6)33«») 12
Ly () = 22 )

VG2 () - Ca3(w)

[0051] where I',(w) represents the sound field coherence for the channels L and R,
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I3 (w) represents the sound field coherence for the channels L and S, and I',;(w) represents
the sound field coherence for the channels R and S.
[0052]  As for the same sound field, T, (w) = I;3(w) = I,3(w), and thus they are denoted

as I'(w) in the following. Based on Equation (6), the covariance matrix can be expressed as

below:

E[C11(w)] = Pgq(w)HL(OH,"(0) + @, (w) (14)
E[C22 ()] = Pyq(w)H(O)HR" () + @y () (15)
E[C33(w)] = @ga(@)Hs(8)Hs™(6) + ®rirs () (16)

E[C12(@)] = ®4q(0)H,(O)HR™(0) + 1 (w)
= O gq(W)HL(O)HR" () + (@) P, () a7

E[C13(w)] = @gq(w)HL(O)H" (6) + @y s (w0)
= @44 (0)HL(O)Hs" (6) + T(0) Dy () 49
E[C23(w)] = ®4q(0)HR (O)Hs" () + P (@) 19)

= @44 (w)Hz(O)Hs" (8) + T ()P, (w)

where @ ;,(w) represents the direct energy component, and @, (®), Prprp (@), Pr oo (W),

?, (), & r(w) and @, (w) each represent a covariance matrix entry for the

TRTS
reverberant energy component. @...(w) represents the average reverberant energy
component in each of the microphones. Equations (14) to (16) describe the calculation of an
auto power spectral density for the diagonal entries of the reverberation matrix, while
Equations (17) to (19) describe the calculation of a cross power spectral density for the non-
diagonal entries of the reverberation matrix.

[0053] The simplified results of Equations (17), (18) and (19) are derived based on
Equations (11), (12) and (13) respectively. Based on Equations (14) through (19), the sum
A(w) of the diagonal entries of C(w) and the sum B(w) of the upper off-diagonal entries of
C(w) can be expressed as:

A@) = E[Cyy(@ )] + E[Cpo (@ )] + E[Cas( )]

= qu)dd((‘)) + 30, (w) (20)
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B(@) = E[Cro(@ )] + E[Cys(@ )] + E[Cos( )]

= G, ® 1y(©) + 3Py () @b

[0054] Similar to Equations (7) and (8), G; and G, represent two constants, given that the
microphone array is fixed during the audio capturing process, which can be determined by

the following equations:

G, = H (9)H,"(8) + Hr(O)H;" (8) + Hs(0)H" (9) (22)

G, = H (O)H,"(0) + H (O)H" (6) + HR(0)H" (9) (23)

[0055] Therefore, based on Equation (2), G, and G, can be calculated for the example
microphone arrangement as 1.125 and 0.625, respectively. By combining Equations (20) and
(21), the direct energy component ®;,;(w) and the reverberant energy component ®,..(w)

can be expressed as:
[Gl 3 ] ) [q)dd(m)] _ [A((U)
G, 3] o, (w)]~ Bw) 24)
[0056] It can be seen from Equation (24) that the direct energy component ® ;;(w) and

the reverberant energy component @...(w) can be written as:

P 4q() Gy 3 1 A(w)

[oren] =16, arl [3co 25
[0057] In this embodiment, the value of I'(w) is ranged from O to 1. The value of 0 may
stand for a non-coherent sound field, in other words, a heavily reverberated room. When
I'(w) is equal to 0, the estimation of the reverberant energy component can correspond to the
calculation based on Equations (2) through (10).
[0058] The value of 1 may stand for a coherent sound field, in other words, a space where
the reverberation characteristics do not change with respect to the frequencies. The coherent
sound field may be the ideal sound field which can only be available in anechoic chamber. In
reality, when the reverberation time of the room is very low or the distance between the
source and the microphone is small (e.g. close-talking scenario). In such a case, the direct
sound can be dominant.
[0059] In one embodiment, I'(w) = sinc(2nfidmic/c) , with the value of T'(w)
determined by the sinc function for the situations between O and 1, where f, represents the

frequency, ¢ represents the speed of sound, and d,,;. represents the distance between the two

adjacent microphones.
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[0060] In one example embodiment disclosed herein, the audio capturing endpoint may
include three omnidirectional microphones instead of three cardioid microphones. The
arrangement of the three omnidirectional microphones can be identical with that of the three
cardioid microphones as described previously, as illustrated by Figure 3.
[0061] Different from Equation (2), The microphone array including three omnidirectional
microphones has its amplitude response H(8) as:

H. () 1

H(0) = |HR(0)| = H (26)

Hq(6) 1
[0062] From the above equation, the values of G; and G, are both 3.
[0063] Figure 5 illustrates an adaptive filtering model in accordance with an example
embodiment. The reverberation model may use an FIR filter 501 denoted as h(w) =
[hg hy ... h,_4]", where £ represents the filter length as described previously. For example,
the filter length may be set as 25 for a 500ms reverberation process, with each of the frame
length equal to 20ms. The reverberation process longer than 500ms is normally preferred
because a longer reverberation will be identified by different models more easily. By using a
conventional normalized least mean squares (NLMS) algorithm as below, the adaptive

filtering model may be derived.

62(w) =h"(w, k — 1)Y(w, k) 27
e(w) = of(w) — 6} (w) (28)
e(w)Y(w, k)

h(w, k) = h(w, k— 1) + MW (29)

where u represents the adaption stepsize set to 0.1. Typically, the value of u may range from
0.05 to 0.2. Y represents the filter input taps, ie., Y(w,k)=[02(w k) o2(w,k —
1) .. 02(w,k — €+ 1)]". 6%(w) represents the estimated reverberant energy component by
the filter 501, and e(w) represents an error between ¢ (w) and 62 (w).

[0064] By taking reference back to Figure 1, at the step S102, if the active audio source
corresponds to none of the existing sample sources, the adaptive filter 501 may be set to a
predefined value or a value for the previous time frame for initiating the approximation of the
adaptive filtering model. The expected reverberant energy component 672 (w) generated by
the adaptive filter 501 is compared with the reverberant energy component o2 (w) calculated

by Equation (10). By minimizing the error over time, the adaptive filter 501 can be
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optimized for the particular active audio source, which corresponds to the step S103 of Figure
1.

[0065] On the other hand, if there exists one sample source corresponded to the active
audio source, the adaptive filtering model associated with the corresponded sample source
can be assigned for obtaining the initial filter 501. As a result, the assigned adaptive filter
will rapidly finish the adaption process or omit the adaption process, and the reverberant
energy component can be rapidly estimated over time compared with the scenario through the
steps S102 and S103.

[0066] It should be noted that the direct and reverberant energy components and their
corresponding models may be performed for all frequencies bin independently in parallel.

The overall reverberation model can be denoted as:

Rinodel(®) = [h(wy) ... h(wy)] (30)

where w; and wy represent the lower and upper bound frequency of interest. In one
embodiment, for speech sources, the bounds may be limited to 200Hz and 8kHz, respectively
in order to save computing resources. In another embodiment, for instrument sources, the
bounds may be set to 20Hz and 20kHz in order to convey music data without compromising
on details.

[0067] An overall flow of the example embodiments above can be seen in Figure 6. At
601, sound from the active audio source is captured by the microphone array and transformed
into a frequency domain at 602. At 606, some of the spatial features may be extracted to
examine whether the active audio source corresponds to an existing sample source in a
library. If yes, one of the sample sources can be assigned to the active audio source at 607
which is then used for speeding up the reverberation extracting process. On the other hand, at
603, the direct and reverberant energy components can be extracted, for example by
Equations (10) and (25) described above. At 604, a proper adaptive filtering model is
obtained either from 607 or from 603, and the reverberation estimation is carried out with the
obtained adaptive filtering model. The adaptive filtering model can be updated over time at
605 in response to any spatial change of the active audio source, which is then saved in the
library by updating one of the existing sample sources.

[0068] With the reverberation estimation processes described above, a library including a
number of sample sources is used to save the corresponding adaptive filtering model either

predefined for all the audio sources in a room, or learned by the algorithms (Equations (10)
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and (25), for example) and framework (Figure 5) described above on the fly. As aresult, in a
teleconference for example, when attenders are discussing, the method disclosed herein is
able to rapidly assign an adaptive filtering model associated with one of the sample sources to
the speaking attender and its reverberant energy component is easily estimated. This
estimation is rapid, precise and robust, making the obtained reverberant energy component as
well as the direct energy component credible for later processing such as diffusivity

estimation, which is otherwise hard to realize.

Extraction process for a single microphone

[0069] The previous embodiments make use of multiple microphones, for example two or
more microphones of any geometry, with the assumption that the reverberant energy is more
diffuse or higher in dimensionality than the direct energy. Additionally, the reverberant
energy is greater than the general diffuse noise (acoustic or electrical noise) at the signal
inputs for some period of time after the onset of energy.

[0070] In another example embodiment disclosed herein, only one microphone such as an
omnidirectional microphone is used to capture sound. The adaptive filtering model is
different from the one illustrated by Figure 5. This approach is well suited to estimating the
reverberation response in a given range. More specifically, the reverberation is preferred to
be significant compared with the natural decay or auto-correlation of the temporal power
spectrum variation of the audio source.

[0071] In this embodiment, it is preferred that the energy signal being estimated is strictly
positive, and the direct and reverberant signals are uncorrelated. Furthermore, it may be
assumed that the clean voice power spectrum is largely impulsive, with rapid onset and a
decay rate much greater than that for the reverberation. For example, natural voice
characteristics are decaying at least 20 or 30dB within 100ms, being around half of the
normal syllable duration. This would correspond to a room with the reverberation time being
less than 200ms. In that sense, it may be assumed that the impulse response and
reverberation characteristics represent a strictly positive filter that represents a spread or
slower decay of the signal energy than the underlying excitation (voice). Otherwise, the
reverberation would be of low significance to any perception or signal processing.

[0072] However, it is noted that in this case, the error signal e; is not zero mean Gaussian,
rather it is the impulsive signal shown in Figure 7 for a clean audio signal. In one

embodiment, the assumption of e, being zero mean (and ideally Gaussian) is required in
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order to prevent bias in the identified FIR.

[0073] As seen in Figure 7, the adaptive filtering model is estimated by feeding an energy
of the captured sound of a previous time frame X;_, into a predefined adaptive filter 701 and
lowering a difference between an output of the adaptive filter 701 and an energy of the
captured sound of a current time frame X;. The energy of the captured sound of a current

time frame X, can be calculated by:
N
Xe = Z hiXe i +e; 31
i=1

where h; represents the filter coefficient for the i-th frame.
[0074] The estimation of the reverberant energy component for the previous time frame
can be obtained by Equation (32) and error between the current time frame (the active audio

source stops making sound) and the estimation can be obtained by Equation (33) as below:

N

X = Z hiXe (32)
i=1

er = X¢ — Xt (33)

[0075]  The filter coefficient can then be calculated by:
hi =h; + Be Xy, if Xe < aXiy (34)

where a and f are two constants defined in the following.

[0076] « may be set such that a maximum reverberation time constant is allowed to be
estimated effectively, and the impact of the clean audio energy is reduced from biasing the
adaption. An example value is to set a for a maximum reverberation time of around 1 second,
in which case for a 20ms update rate, it can be seen that the value would represent a decay in
each frame of at least 1.2 dB, or in the power domain a scalar value of 0.75. A range of
values for ¢ at 20ms would be from around 0.25 (200ms) to 0.9 (3000ms). For different
block sizes, the value of a can be calculated appropriately. It should be noted that using a
smaller value for o decreases the bias on the identified filter coefficients for smaller
reverberation times.

[0077] f may be set by using normal considerations for adaptive filters. Whilst a
normalized LMS approach could be considered, it is noted that generally a better estimation
of the reverberation decay filter will be obtained when the larger error values e; dominate the

adaption, which occurs with less normalization. Approaches of managing the normalization

-18 -



WO 2017/007848 PCT/US2016/041187

and transition from normalized to direct LMS are already known and thus the descriptions
thereof are omitted.

[0078] The ability to estimate the reverberant energy, according to the embodiments
disclosed herein, may be achieved without a requirement of specific stage of the separation of
an audio signal into components representing the reverberation and direct source. For
example, no explicit source separation, beam-forming or deconvolutive processing is required
as much as those of the existing approaches.

[0079] Figure 8 illustrates a system 800 for estimating a reverberant energy component
from an active audio source in accordance with an example embodiment described herein.
As shown, the system 800 includes a determining unit 801 configured to determine a
correspondence between the active audio source and a plurality of sample sources, each of
the sample sources being associated with an adaptive filtering model, an adaptive filtering
mode] obtaining unit 802 configured to obtain an adaptive filtering model for the active audio
source based on the determined correspondence, and a reverberant energy component
estimating unit 803 configured to estimate the reverberant energy component from the active
audio source over time based on the adaptive filtering model .

[0080] In an example embodiment, the adaptive filtering model obtaining unit 802 may
comprise a sample source creating unit and an adaptive filtering model estimating unit. In
response to determining that the active audio source corresponds to none of the sample
sources, the sample source creating unit may be configured to create a sample source
corresponding to the active audio source; and the adaptive filtering model estimating unit
may be configured to estimate the adaptive filtering model associated with the created sample
source. The system also includes an adaptive filtering model assigning unit. In response to
determining that the active audio source corresponds to one of the sample sources, the
adaptive filtering model assigning unit is configured to assign the adaptive filtering model
associated with the corresponding sample source to the active audio source.

[0081] In some example embodiments, the system 800 may include a sound capturing unit
configured to capture sound from the active audio source by using at least one microphone;
and a spatial feature extracting unit configured to extract a spatial feature from the captured
sound, wherein the determining unit is configured to determine the correspondence between
the active audio source and the plurality of sample sources is based on the extracted spatial

feature.
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[0082] In another example embodiment, the adaptive filtering model estimating unit 803
may include a sound transforming unit configured to transform the captured sound into an
audio signal in a frequency domain; and an energy component extracting unit configured to
extract a direct energy component and the reverberant energy component, wherein the
adaptive filtering model estimating unit is configured to estimate the adaptive filtering model
by feeding the direct energy component and the reverberant energy component into a
predefined adaptive filter and lowering a difference between an output of the adaptive filter
and the reverberant energy component. In a further example embodiment, the energy
component extracting unit may be configured to extract the direct energy component and the
reverberant energy component based on an arrangement of the microphone and a linear
relation of the audio signal between one or two of the microphones. In yet another example
embodiment, the at least one microphone comprises three microphones, and the arrangement
of the microphone comprises three directional cardioid microphones or three omnidirectional
microphones in equilateral triangle topology.

[0083] In some other example embodiments, the adaptive filtering model estimating unit
803 may be configured to estimate the adaptive filtering model by feeding an energy of the
captured sound of a previous time frame into a predefined adaptive filter and lowering a
difference between an output of the adaptive filter and an energy of the captured sound of a
current time frame. In another example embodiment, the at least one microphone comprises
one omnidirectional microphone for capturing sound from the active audio source.

[0084] In yet another example embodiment, the determining unit 801 may include a
selecting unit configured to select one of the sample sources spatially closest to the active
audio source, wherein the determining unit is configured to determine that the active audio
source corresponds to the selected sample source in response to a distance between the
selected sample source and the active audio source being within a predefined threshold.
[0085] In some other example embodiments, the spatial feature comprises at least one of
angle, diffusivity or sound level.

[0086] For the sake of clarity, some optional components of the system 800 are not shown
in Figure 8. However, it should be appreciated that the features as described above with
reference to Figures 1-7 are all applicable to the system 800. Moreover, the components of
the system 800 may be a hardware module or a software unit module. For example, in some
embodiments, the system 800 may be implemented partially or completely with software

and/or firmware, for example, implemented as a computer program product embodied in a
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computer readable medium. Alternatively or additionally, the system 800 may be
implemented partially or completely based on hardware, for example, as an integrated circuit
(IC), an application-specific integrated circuit (ASIC), a system on chip (SOC), a field
programmable gate array (FPGA), and so forth. The scope of the present invention is not
limited in this regard.

[0087] Figure 9 shows a block diagram of an example computer system 900 suitable for
implementing example embodiments disclosed herein. As shown, the computer system 900
comprises a central processing unit (CPU) 901 which is capable of performing various
processes in accordance with a program stored in a read only memory (ROM) 902 or a
program loaded from a storage section 908 to a random access memory (RAM) 903. In the
RAM 903, data required when the CPU 901 performs the various processes or the like is also
stored as required. The CPU 901, the ROM 902 and the RAM 903 are connected to one
another via a bus 904. An input/output (I/O) interface 905 is also connected to the bus 904.
[0088] The following components are connected to the I/O interface 905: an input section
906 including a keyboard, a mouse, or the like; an output section 907 including a display,
such as a cathode ray tube (CRT), a liquid crystal display (LCD), or the like, and a speaker or
the like; the storage section 908 including a hard disk or the like; and a communication
section 909 including a network interface card such as a LAN card, a modem, or the like.
The communication section 909 performs a communication process via the network such as
the internet. A drive 910 is also connected to the 1/0 interface 905 as required. A removable
medium 911, such as a magnetic disk, an optical disk, a magneto-optical disk, a
semiconductor memory, or the like, is mounted on the drive 910 as required, so that a
computer program read therefrom is installed into the storage section 908 as required.

[0089]  Specifically, in accordance with the example embodiments disclosed herein, the
processes described above with reference to Figures 1-7 may be implemented as computer
software programs. For example, example embodiments disclosed herein comprise a
computer program product including a computer program tangibly embodied on a machine
readable medium, the computer program including program code for performing methods
100. In such embodiments, the computer program may be downloaded and mounted from the
network via the communication section 909, and/or installed from the removable medium
911.

[0090] Generally speaking, various example embodiments disclosed herein may be

implemented in hardware or special purpose circuits, software, logic or any combination
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thereof. Some aspects may be implemented in hardware, while other aspects may be
implemented in firmware or software which may be executed by a controller, microprocessor
or other computing device. While various aspects of the example embodiments disclosed
herein are illustrated and described as block diagrams, flowcharts, or using some other
pictorial representation, it will be appreciated that the blocks, apparatus, systems, techniques
or methods described herein may be implemented in, as non-limiting examples, hardware,
software, firmware, special purpose circuits or logic, general purpose hardware or controller
or other computing devices, or some combination thereof.

[0091] Additionally, various blocks shown in the flowcharts may be viewed as method
steps, and/or as operations that result from operation of computer program code, and/or as a
plurality of coupled logic circuit elements constructed to carry out the associated function(s).
For example, example embodiments disclosed herein include a computer program product
comprising a computer program tangibly embodied on a machine readable medium, the
computer program containing program codes configured to carry out the methods as
described above.

[0092] In the context of the disclosure, a machine readable medium may be any tangible
medium that can contain, or store a program for use by or in connection with an instruction
execution system, apparatus, or device. The machine readable medium may be a machine
readable signal medium or a machine readable storage medium. A machine readable medium
may include, but not limited to, an electronic, magnetic, optical, electromagnetic, infrared, or
semiconductor system, apparatus, or device, or any suitable combination of the foregoing.
More specific examples of the machine readable storage medium would include an electrical
connection having one or more wires, a portable computer diskette, a hard disk, a random
access memory (RAM), a read-only memory (ROM), an erasable programmable read-only
memory (EPROM or Flash memory), an optical fiber, a portable compact disc read-only
memory (CD-ROM), an optical storage device, a magnetic storage device, or any suitable
combination of the foregoing.

[0093] Computer program code for carrying out methods of the present invention may be
written in any combination of one or more programming languages. 'These computer
program codes may be provided to a processor of a general purpose computer, special
purpose computer, or other programmable data processing apparatus, such that the program
codes, when executed by the processor of the computer or other programmable data

processing apparatus, cause the functions/operations specified in the flowcharts and/or block
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diagrams to be implemented. The program code may execute entirely on a computer, partly
on the computer, as a stand-alone software package, partly on the computer and partly on a
remote computer or entirely on the remote computer or server or distributed among one or
more remote computers or servers.
[0094] Further, while operations are depicted in a particular order, this should not be
understood as requiring that such operations be performed in the particular order shown or in
a sequential order, or that all illustrated operations be performed, to achieve desirable results.
In certain circumstances, multitasking and parallel processing may be advantageous.
Likewise, while several specific implementation details are contained in the above
discussions, these should not be construed as limitations on the scope of any invention or of
what may be claimed, but rather as descriptions of features that may be specific to particular
embodiments of particular inventions. Certain features that are described in this specification
in the context of separate embodiments can also be implemented in combination in a single
embodiment. Conversely, various features that are described in the context of a single
embodiment can also be implemented in multiple embodiments separately or in any suitable
sub-combination.
[0095] Various modifications, adaptations to the foregoing example embodiments of this
invention may become apparent to those skilled in the relevant arts in view of the foregoing
description, when read in conjunction with the accompanying drawings. Any and all
modifications will still fall within the scope of the non-limiting and example embodiments of
this invention. Furthermore, other example embodiments set forth herein will come to mind
of one skilled in the art to which these embodiments pertain to having the benefit of the
teachings presented in the foregoing descriptions and the drawings.
[0096] Various aspects of the present invention may be appreciated from the following
enumerated example embodiments (EEEs).
EEE 1. A method of estimating a reverberant energy component from an active audio source,
comprising:

determining a correspondence between the active audio source and a plurality of
sample sources, each of the sample sources being associated with an adaptive filtering model;

obtaining an adaptive filtering model for the active audio source based on the
determined correspondence; and

estimating the reverberant energy component from the active audio source over

time based on the adaptive filtering model.
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EEE 2. The method according to EEE 1, wherein obtaining an adaptive filtering model for
the active audio source comprises:

in response to determining that the active audio source corresponds to none of the
sample sources:

creating a sample source corresponding to the active audio source; and

estimating the adaptive filtering model associated with the created sample source;

in response to determining that the active audio source corresponds to one of the
sample sources:

assigning the adaptive filtering model associated with the corresponding sample
source to the active audio source.
EEE 3. The method according to EEE 2, further comprising:

capturing sound from the active audio source by using at least one microphone; and

extracting a spatial feature from the captured sound,

wherein determining the correspondence between the active audio source and the
plurality of sample sources comprises determining the correspondence based on the extracted
spatial feature.
EEE 4. The method according to EEE 3, wherein estimating the adaptive filtering model
comprises:

transforming the captured sound into an audio signal in a frequency domain;

extracting a direct energy component and the reverberant energy component; and

estimating the adaptive filtering model by:

feeding the direct energy component and the reverberant energy component
into a predefined adaptive filter, and
lowering a difference between an output of the adaptive filter and the

reverberant energy component.
EEE 5. The method according to EEE 4, wherein the extracting comprises:

extracting the direct energy component and the reverberant energy component
based on an arrangement of the microphone and a linear relation of the audio signal between
one or two of the microphones.
EEE 6. The method according to EEE 5, wherein the at least one microphone comprises one
of the following:

three microphones arranged in directional cardioid topology, or

three omnidirectional microphones arranged in equilateral triangle topology.
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EEE 7. The method according to EEE 2, wherein estimating the adaptive filtering model
comprises:

estimating the adaptive filtering model by feeding an energy of the captured sound of
a previous time frame into a predefined adaptive filter; and

lowering a difference between an output of the adaptive filter and an energy of the
captured sound of a current time frame.

EEE 8. The method according to EEE 7, wherein the at least one microphone comprises an
omnidirectional microphone for capturing sound from the active audio source.

EEE 9. The method according to any of EEEs 1 to 8, wherein determining the
correspondence between the active audio source and the plurality of sample sources
comprises:

selecting one of the sample sources spatially closest to the active audio source; and

determining that the active audio source corresponds to the selected sample source in
response to a distance between the selected sample source and the active audio source being
within a predefined threshold.

EEE 10. The method according to any of EEEs 3 to 8, wherein the spatial feature comprises
at least one of angle, diffusivity or sound level.

EEE 11. A system for estimating a reverberant energy component from an active audio
source, comprising:

a determining unit configured to determine a correspondence between the active audio
source and a plurality of sample sources, each of the sample sources being associated with an
adaptive filtering model;

an adaptive filtering model obtaining unit configured to obtain an adaptive filtering
model for the active audio source based on the determined correspondence; and

a reverberant energy component estimating unit configured to estimate the reverberant
energy component from the active audio source over time based on the adaptive filtering
model.

EEE 12. The system according to EEE 11, wherein the adaptive filtering model obtaining
unit comprises:

a sample source creating unit and an adaptive filtering model estimating unit, wherein
in response to determining that the active audio source corresponds to none of the sample
sources:

the sample source creating unit is configured to create a sample source corresponding
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to the active audio source; and

the adaptive filtering model estimating unit is configured to estimate the adaptive
filtering model associated with the created sample source; and

an adaptive filtering model assigning unit, wherein in response to determining that the
active audio source corresponds to one of the sample sources:

the adaptive filtering model assigning unit is configured to assign the adaptive
filtering model associated with the corresponding sample source to the active audio source.
EEE 13. The system according to EEE 12, further comprising:

a sound capturing unit configured to capture sound from the active audio source by
using at least one microphone; and
a spatial feature extracting unit configured to extract a spatial feature from the captured sound,

wherein the determining unit is configured to determine the correspondence between
the active audio source and the plurality of sample sources based on the extracted spatial
feature.
EEE 14. The system according to EEE 13, wherein the adaptive filtering model estimating
unit comprises:

a sound transforming unit configured to transform the captured sound into an audio
signal in a frequency domain; and

an energy component extracting unit configured to extract a direct energy component
and the reverberant energy component,

wherein the adaptive filtering model estimating unit is configured to estimate the
adaptive filtering model by feeding the direct energy component and the reverberant energy
component into a predefined adaptive filter and lowering a difference between an output of
the adaptive filter and the reverberant energy component.
EEE 15. The system according to EEE 14, wherein the energy component extracting unit is
configured to extract the direct energy component and the reverberant energy component
based on an arrangement of the microphone and a linear relation of the audio signal between
one or two of the microphones.
EEE 16. The system according to EEE 15, wherein the at least one microphone comprises
one of the following:

three microphones arranged in directional cardioid topology, or

three omnidirectional microphones arranged in equilateral triangle topology.

EEE 17. The system according to EEE 12, wherein the adaptive filtering model estimating
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unit is configured to estimate the adaptive filtering model by feeding an energy of the
captured sound of a previous time frame into a predefined adaptive filter and lowering a
difference between an output of the adaptive filter and an energy of the captured sound of a
current time frame.
EEE 18. The system according to EEE 17, wherein the at least one microphone comprises an
omnidirectional microphone for capturing sound from the active audio source.
EEE 19. The system according to any of EEEs 11 to 18, wherein the determining unit
comprises:

a selecting unit configured to select one of the sample sources spatially closest to the
active audio source,

wherein the determining unit is configured to determine that the active audio source
corresponds to the selected sample source in response to a distance between the selected
sample source and the active audio source being within a predefined threshold.
EEE 20. The system according to any of EEEs 13 to 18, wherein the spatial feature
comprises at least one of angle, diffusivity or sound level.
EEE 21. A computer program product for estimating a reverberant energy component from
an active audio source, the computer program product being tangibly stored on a non-
transient computer-readable medium and comprising machine executable instructions which,
when executed, cause the machine to perform steps of the method according to any of EEEs

1 to 10.
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CLAIMS

1. A method of estimating a reverberant energy component from an active audio
source, comprising:

determining one or more spatial features of the active audio source based on

captured sound from the active audio source;

determining a correspondence between the active audio source and a plurality of
sample sources by comparing the one or more spatial features of the active audio source with
one or more spatial features of the plurality of sample sources, each of the sample sources
being associated with an adaptive filtering model;

obtaining an adaptive filtering model for the active audio source based on the
determined correspondence; and

estimating the reverberant energy component from the active audio source over time

based on the adaptive filtering model.

2. The method according to Claim 1, wherein obtaining an adaptive filtering model
for the active audio source comprises:
in response to determining that the active audio source corresponds to none of the
sample sources:
creating a sample source corresponding to the active audio source; and
estimating the adaptive filtering model associated with the created sample
source;
in response to determining that the active audio source corresponds to one of the
sample sources:
assigning the adaptive filtering model associated with the corresponding

sample source to the active audio source.

3. The method according to Claim 1 or Claim 2, wherein the active audio source
and the plurality of sample sources comprise speakers of an audio conference located at

different positions with regards to at least one audio capturing device.

4. The method according to any of the previous claims, wherein estimating the

adaptive filtering model comprises:
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transforming the captured sound into an audio signal in a frequency domain;
extracting a direct energy component and the reverberant energy component; and
estimating the adaptive filtering model by:
feeding the direct energy component and the reverberant energy component
into a predefined adaptive filter, and
lowering a difference between an output of the adaptive filter and the

reverberant energy component.

5. The method according to Claim 4, wherein the sound from the active audio
source is captured by at least one audio capturing device and wherein the extracting
comprises:

extracting the direct energy component and the reverberant energy component based
on an arrangement of the at least one audio capturing device and a linear relation of the audio

signal between one or two of the audio capturing devices.

6. The method according to any previous claim, wherein the sound from the active
audio source is captured by at least one audio capturing device and wherein the at least one
audio capturing devices comprises one of the following:

three microphones arranged in directional cardioid topology, or

three omnidirectional microphones arranged in equilateral triangle topology.

7. The method according to Claim 2, wherein estimating the adaptive filtering
model comprises:

estimating the adaptive filtering model by feeding an energy of the captured sound
of a previous time frame into a predefined adaptive filter; and

lowering a difference between an output of the adaptive filter and an energy of the

captured sound of a current time frame.

8. The method according to Claim 7, wherein the at least one audio capturing device

comprises an omnidirectional microphone for capturing sound from the active audio source.

9. The method according to any of Claims 1 to 8, wherein the one or more spatial

features of an audio source comprises spatial information regarding the audio source, and
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wherein determining the correspondence between the active audio source and the plurality of
sample sources comprises:

selecting one of the plurality of sample sources spatially closest to the active audio
source; and

determining that the active audio source corresponds to the selected sample source in
response to a distance between the selected sample source and the active audio source being

within a predefined threshold.

10. The method according to any of Claims 3 to 8, wherein the one or more spatial

features comprise at least one of angle, diffusivity, distance, position or sound level.

11. The method according to any previous claim, wherein

a spatial feature of an audio source describes a property of the audio source in
relation to an audio capturing device which is configured to capture sound from the audio
source; and/or

a spatial feature of an audio source is indicative of at least one of: a position of the
audio source relative to the audio capturing device, spatial information regarding the audio
source relative to the audio capturing device, a distance of the audio source from the audio
capturing device, an angle indicating an orientation of the audio source relative to the audio
capturing device, a sound level at which sound coming from the audio source is captured at
the audio capturing device and/or a diffusivity of sound being emitted by the audio source;
and/or

a spatial feature of the active audio source is determined based on data of the active
audio source captured by one or more sensors, such as an audio capturing device, a visual

capturing device and/or an infrared detection device.

12. The method according to any previous claim, wherein determining a
correspondence between the active audio source and a plurality of sample sources comprises
determining, for each of the plurality of sample sources, a distance between the one or more
spatial features of the active audio source and the one or more spatial features of a sample

source.
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13. The method according to any previous claim, wherein determining a
correspondence between the active audio source and a plurality of sample sources comprises
determining the sample source from the plurality of samples sources whose one or more

spatial features are closest to the one or more spatial features of the active audio source.

14. A system for estimating a reverberant energy component from an active audio
source, comprising:

a determining unit configured to determine one or more spatial features of the active
audio source based on captured sound from the active audio source, and determine a
correspondence between the active audio source and a plurality of sample sources by
comparing the one or more spatial features of the active audio source with one or more spatial
features of the plurality of sample sources, each of the sample sources being associated with
an adaptive filtering model;

an adaptive filtering model obtaining unit configured to obtain an adaptive filtering
model for the active audio source based on the determined correspondence; and

a reverberant energy component estimating unit configured to estimate the
reverberant energy component from the active audio source over time based on the adaptive

filtering model.

15. A computer program product for estimating a reverberant energy component
from an active audio source, the computer program product being tangibly stored on a non-
transient computer-readable medium and comprising machine executable instructions which,
when executed, cause the machine to perform steps of the method according to any of Claims

1to 13.

231 -



WO 2017/007848 PCT/US2016/041187

1/4

Determine whether an active

audio source corresponds to " S101
one of sample sources
100
@’
2

Obtain an adaptive filtering

i i -~ 8102
model for the active audio source
y
Estimate a reverberant energy
component from the active  §- 5103

audio source

Figure 1

200
e

Spatial
Foaturas
P {9 p Ll

AR AR AR

S203

Find the min onea

{ Copy Madelk |
Lt the adaptive L~ S205
filver ‘

Figure 2



WO 2017/007848 PCT/US2016/041187

312

O 303

Figure 3

Figure 4

501

0"3 (w) R Adaptive 6"1% (a)\)\\ e(w)

\\\\\\\\\\\\\\\

F{lter \k\
\ ot (@)}

Figure 5



WO 2017/007848 PCT/US2016/041187

3/4

601 602 603 604 605
e ‘\ o 1\‘74; 1\‘77; K\;iv;
\ \\ N N N
\\\\\\ i}:{n ey A
Mic. §\ & Freq. Extract N Adaptive . Source
“““ “\Q\\ & 3 : N ) .
Array : ; Transform . Direct / N Filtering Model
\\\\\ \i\\}\v\ {1 Reverb Update

\\\ Spatial % Model
........ >
1 Feature Switching |
=1 Extract
6 O 6 607
Figure 6

A7 ST

Figure 7



WO 2017/007848 PCT/US2016/041187

4/4
Captured active audio sources
L -~ 800
{
&
801 .~ Determining unit
¥

Adaptive filtering model

802 .. . .
obtaining unit
¥
803 Reverberant energy component
estimating unit
Obtained reverberant energy
component
Figure 8
900
\.«-ﬂg&
CPU o0l E ROM  §~902 RAM  §m903
. : i
¥ kil k3
< Do
¥
1/0 interface 905
£ A A E
h ¥ 4 ¥
lnp.ut OutPut Storjage Commur.ncatlon Drive L7910
section section section section
=S = % % ¥
906 907 908 909
Removable
. 011
medium

Figure 9



INTERNATIONAL SEARCH REPORT

International application No

PCT/US2016/041187

A. CLASSIFICATION OF SUBJECT MATTER

INV. GO1H7/00
ADD.

According to International Patent Classification (IPC) or to both national classification and IPC

B. FIELDS SEARCHED

GO1H GIOL HO4R HO4M GI1OK HO3H

Minimum documentation searched (classification system followed by classification symbols)

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched

EPO-Internal, WPI Data

Electronic data base consulted during the international search (name of data base and, where practicable, search terms used)

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category™

Citation of document, with indication, where appropriate, of the relevant passages

Relevant to claim No.

figures 3,5,7,8

paragraphs [0039], [0152]

27 November 2008 (2008-11-27)
Y figures 1,3-5
paragraphs [0051] - [0053]

figures 8,9
claim 21

X US 2011/002473 Al (NAKATANI TOMOHIRO [JP]
ET AL) 6 January 2011 (2011-01-06)

X US 2008/292108 Al (BUCK MARKUS [DE] ET AL)

A US 2003/206640 Al (MALVAR HENRIQUE S [US]
ET AL) 6 November 2003 (2003-11-06)

1,14,15

1,3,9-15
6,8

1-12

Further documents are listed in the continuation of Box C.

See patent family annex.

* Special categories of cited documents :

"A" document defining the general state of the art which is not considered
to be of particular relevance

"E" earlier application or patent but published on or after the international
filing date

"L" document which may throw doubts on priority claim(s) or which is
cited to establish the publication date of another citation or other
special reason (as specified)

"O" document referring to an oral disclosure, use, exhibition or other
means

"P" document published prior to the international filing date but later than
the priority date claimed

"T" later document published after the international filing date or priority
date and not in conflict with the application but cited to understand
the principle or theory underlying the invention

"X" document of particular relevance; the claimed invention cannot be
considered novel or cannot be considered to involve an inventive
step when the document is taken alone

"Y" document of particular relevance; the claimed invention cannot be
considered to involve an inventive step when the document is
combined with one or more other such documents, such combination
being obvious to a person skilled in the art

"&" document member of the same patent family

Date of the actual completion of the international search

26 September 2016

Date of mailing of the international search report

10/10/2016

Name and mailing address of the ISA/

European Patent Office, P.B. 5818 Patentlaan 2
NL - 2280 HV Rijswijk

Tel. (+31-70) 340-2040,

Fax: (+31-70) 340-3016

Authorized officer

Meyer, Matthias

Form PCT/ISA/210 (second sheet) (April 2005)

page 1 of 2




INTERNATIONAL SEARCH REPORT

International application No

PCT/US2016/041187
C(Continuation). DOCUMENTS CONSIDERED TO BE RELEVANT
Category™ | Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.
Y US 20147241528 Al (GUNAWAN DAVID [AU] ET 6,8
AL) 28 August 2014 (2014-08-28)
abstract
figures 1-6

paragraphs [0029], [0033] - [0039]

Form PCT/ISA/210 (continuation of second sheet) (April 2005)

page 2 of 2



INTERNATIONAL SEARCH REPORT

Information on patent family members

International application No

PCT/US2016/041187
Patent document Publication Patent family Publication
cited in search report date member(s) date

US 2011002473 Al 06-01-2011 CN 102084667 A 01-06-2011
JP 5227393 B2 03-07-2013
US 2011002473 Al 06-01-2011
WO 2009110578 Al 11-09-2009
US 2008292108 Al 27-11-2008  EP 1885154 Al 06-02-2008
US 2008292108 Al 27-11-2008
US 2003206640 Al 06-11-2003 US 2003206640 Al 06-11-2003
US 2006104455 Al 18-05-2006
US 2006198538 Al 07-09-2006
US 2014241528 Al 28-08-2014 (N 104019885 A 03-09-2014
EP 2800402 Al 05-11-2014
US 2014241528 Al 28-08-2014

Form PCT/ISA/210 (patent family annex) (April 2005)




	Page 1 - front-page
	Page 2 - front-page
	Page 3 - description
	Page 4 - description
	Page 5 - description
	Page 6 - description
	Page 7 - description
	Page 8 - description
	Page 9 - description
	Page 10 - description
	Page 11 - description
	Page 12 - description
	Page 13 - description
	Page 14 - description
	Page 15 - description
	Page 16 - description
	Page 17 - description
	Page 18 - description
	Page 19 - description
	Page 20 - description
	Page 21 - description
	Page 22 - description
	Page 23 - description
	Page 24 - description
	Page 25 - description
	Page 26 - description
	Page 27 - description
	Page 28 - description
	Page 29 - description
	Page 30 - claims
	Page 31 - claims
	Page 32 - claims
	Page 33 - claims
	Page 34 - drawings
	Page 35 - drawings
	Page 36 - drawings
	Page 37 - drawings
	Page 38 - wo-search-report
	Page 39 - wo-search-report
	Page 40 - wo-search-report

