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(57) Abstract: A system and associated method for estimating one or more reverberation parameters includes an adaptive, paramet -
ric, linear prediction filter having one or more power spectral density (PSD) estimates of signals of one or more channels as inputs.
The prediction filter estimates at least one parameter related to reverberation time, such as Teo, and can further estimate an additional
parameter, such as Direct-to-Reverberant Ratio (DRR). The prediction filter may be adapted during a period of reverberation by
minimizing a cost function. Adaptation can include using a gradient descent approach, which can operate according to a step size
provided by an adaptation controller configured to determine the period of reverberation. One or more microphones can provide the
signals. The reverberation parameters estimated can be applied to a reverberation suppressor, with an estimator that does not require
a training phase and without relying on assumptions of the user's position relative to the microphones.
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SPECTRAL ESTIMATION OF ROOM ACOUSTIC PARAMETERS

BACKGROUND

[0001] Reverberation occurs when a sound source, such as a person speaking or a
loudspeaker, emits an acoustic signal that propagates through a room. Sound reaches a
microphone in a direct path and, with some delay, further sound from the reflections of sound
off boundaries, such as walls, also reaches the microphone. Reverberation alters the
characteristics of the acoustic signal. This can be problematic for speech recognition

applications.

SUMMARY OF THE INVENTION

[0002] An embodiment of a method of estimating one or more reverberation parameters
includes applying an adaptive, parametric, linear prediction filter configured to receive one or
more power spectral density (PSD) estimates of signals of one or more channels as inputs.
The prediction filter estimates at least one reverberation parameter related to reverberation
time. Further, the prediction filter may be adapted during a period of reverberation by
minimizing a cost function.

[0003] The method can include adapting the prediction filter using a gradient descent
approach. The gradient descent approach can operate according to a step size, which can be
provided by an adaptation controller,

[0004] The method can further include determining the period of reverberation by
detecting that only reverberation is present in the signals. For example, the period of
reverberation can be determined by estimating a direct-to-reverberant ratio. Estimating the
direct-to-reverberant ratio can provide spectral information of the presence of direct sound
components over reverberant sound components. The direct and reverberant sound
components can be described by spectral coherence functions, which may be computed for at
least two of the signals. The coherent parts of the coherence functions can be indicative of
direct sound components. The diffuse parts of the coherence functions can be indicative of

the reverberant sound components.
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[0005] Determining the period of reverberation can include using decay detection. Ina
particular example, using decay detection includes detecting decaying signal components by
comparing two smoothed power spectral density (PSD) estimates. A first of the two
smoothed PSD estimates can correspond to a current frame and a second of the two smoothed
PSD estimates can be delayed by a selected number of frames relative to the current frame.
[0006] The prediction filter can be implemented, for example, as an infinite impulse
response (IIR) filter or as a finite impulse response (FIR) filter. In the case of an IIR filter,
the method of estimating the one or more reverberation parameters can further include
computing a gradient of the cost function according to'a recursive prediction etror principle.
[0007] The prediction filter can further estimate a reverberation parameter related to the
rétio of power of direct sound and power of reverberation.

[0008] The cost function can be at least one of a cost function that is independent of
power of the signals and a logarithmic cost function.

[0009] The method can further include applying the at least one reverberation parameter
estimated to a reverberation suppressor.

[0010] An embodiment of a system for estimating one or more reverberation parameters
includes an adaptive, parametric, linear prediction filter having one or more power spectral
density (PSD) estimates of signals of one or more channels as inputs. The prediction filter is
configured to estimate at least one reverberation parameter related to reverberation time.
Further, the prediction filter may be adapted during a period of reverberation by minimizing a
cost function.

[0011] The system can include an adaptation controller configured to determine the
period of reverberation. The prediction filter can be adapted using a gradient descent
approach, the gradient descent approach operating according to a step size provided by the
adaptation controller,

[0012] The system can include one or more microphones to provide the signals. The
microphones can be arranged in an array.

[0013] The system can further include a reverberation suppressor configured to suppress
reverberation in at least one of the signals based on the at least one reverberation parameter.
[0014] In an embodiment, a system for estimating one or more reverberation parameters
includes an adaptive, parametric, multichannel, linear prediction filter having power spectral

density (PSD) estimates of signals of multiple channels as inputs. The prediction filter is
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configured to estimate at least one reverberation parameter related to reverberation time. The
prediction filter may be adapted during a period of reverberation by minimizing a cost
function that is independent of power of the signals.

[0015] Embodiments of the present invention have several advantages. Although multi-
microphone methods, such as beamforming and spatial post-filtering, exist, those methods
rely on assumptions including that the position of the user relative to the microphone array is
known. Embodiments of present invention can be used to implement a reverberation
suppressor that does not rely on such assumptions.

[0016] A prior method to estimate the late reverberation power spectral density (PSD)
assumes the reverberation time Tg to be known and adaptively adjusts the reverberation PSD
estimate, where Ty is defined as the time until reverberation sounds decay to a power level of
about 60 dB below the initial sound. The latter is done in a broadband manner, i.¢.,
computing an estimate averaged over a range of frequencies. Further, the Direct-to-
Reverberant Ratio (DRR) cannot be retrieved from this method. Knowledge of the Tgo and
the DRR is not only useful for removing reverberation effects from speech, but also for
providing information about the acoustic environment. For example, such information can be
used to estimate, based on the estimated acoustic parameters, the distance between the person
speaking and a device receiving the speech input. The information can also be useful to the
ASR engine itself (e.g., for model switching).

[0017] Advantageously, embodiments described herein provide spectral estimates for the
reverberation parameters Tgoand DRR. Both parameters are estimated in a spectral manner,
which results in more accurate estimation of the reverberation PSD.

[0018] There appears to be no spectral Tgg estimator described in the present literature on
‘reverberation time estimation. Known methods estimate the frequency averaged Tgo. The
reverberation time, however, is known to be frequency dependent due to greater sound
absorption of typical materials towards higher frequencies., For the same reason, the DRR
can be considered to depend on frequency. Spectral estimation improves the accuracy of the
estimate of the late reverberation PSD and thereby the performance of the reverberation
suppressot.

[0019] Moreover, some Tgo estimators described in the literature require a training phase.

The estimator described herein does not.
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[0020] In U.S. Patent Appl. Publication US 2008/0292108 by Buck et al., entitled
“Dereverberation System for Use in a Signal Processing Apparatus,” it is suggested to
estimate the reverberation time Tgo from the impulse response estimated by the Acoustic
Echo Cancellation (AEC) filter. Estimation of the reverberation scaling (called “A” in US
2008/0292108) is explicitly excluded from the method described in US 2008/0292108. This,
however, is part of the method described in US Patent No. 8,160,262 to Buck et al., entitled
“Method for Dereverberation of an Acoustic Signal.” Both methods rely on estimating the
Teop from the AEC,

[0021] Advantageously, a dereverberation filter based on embodiments of the current
invention does not need an AEC, as embodiments can estimate both of the room acoustic
parameters, Tgg and DRR, simply based on the observed signal. This is of practical
importance because obtaining the Tgo parameter from the AEC works as long as the AEC
filter is long enough to capture the decay period, so that T¢ can be estimated. However, in
practice, one wants to keep the AEC filter as short as possible to keep the CPU consumption
low. A signal-based parameter estimation method, such as estimation method provided
herein, overcomes these shortcomings. Therefore, embodiments of the current invention
provide a part that is missing from the method described in US 8,160,262 and that can
enhance that method to work in cases that would otherwise be not be practicable.

[0022] Embodiments of the invention offer-benefits to commercial applications of speech
processing, for example, by increasing ASR robustness in reverberant environments, such as
in living rooms or office spaces. Especially in the smart-home environment (or Internet-of-
things (IoT) related projects), speech enhancement techniques that impose spatial constraints
often cannot be used. Therefore, a reverberation suppressor without spatial selectivity (and
that does not require multiple microphones) is of high interest.

[0023] Experimental data shows that speech signal enhancement accuracy can suffer
more the higher Tg is, and this effect can almost be compensated for completely given an
accurate estimate of the reverberation PSD. The latter estimation problem can be addressed
by embodiments of the present invention. Furthermore, reverberation suppression can also be
used in a distant-talk, hands-free scenario (e.g., SKYPE® calls on TV's or mobile devices) to

improve speech quality.
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BRIEF DESCRIPTION OF THE DRAWINGS

[0024] The foregoing will be apparent from the following more particular description of
example embodiments of the invention, as illustrated in the accompanying drawings in which
like reference characters refer to the same parts throughout the different views. The drawings
are not necessarily to scale, emphasis instead being placed upon illustratihg embodiments of
the present invention.

[0025] FIG. 1 is a schematic diagram of a room illustrating reverberation of acoustic
signal components.

[0026] FIG. 2 is a schematic diagram of an example system for processing signals from
one.or more microphones, the system including an estimator for reverberation parameters and
a reverberation suppressor.

[0027] FIG. 3 is a schematic diagram illustrating an example system for estimating one or
more reverberation parameters by performing multichannel linear prediction of Power
Spectral Densities (PSDs).

[0028] FIG. 4 is a schematic diagram further illustrating multichannel linear prediction of
Power Spectral Densities (PSDs). -

[0029] FIG. 5 illustrates an example first order parametric IIR prediction filter that can be
used in embodiments of the present invention. -

[0030] FIG. 6 illustrates an example parametric FIR prediction filter for length L = 4,
which can be used in embodiments of the present invention.

[0031] FIGs. 7A and 7B each illustrate example FIR predictions of a PSD at a current
point (frame) in time based on past values. ‘

[0032] FIG. 8 is a flow chart illustrating an example process for estimating one or more

reverberation parameters.

DETAILED DESCRIPTION OF THE INVENTION

[0033] A description of example embodiments of the invention follows.

1. Introduction

[0034] Room reverberation can severely degrade the performance of automatic speech
recognition (ASR). Speech enhancement methods for suppression of late reverberation can
therefore increase ASR robustness. Reverberation suppression methods typically rely on

estimates of the parameters describing room acoustics. Common parameters are the



WO 2017/160294 PCT/US2016/022857

-6 -

reverberation time Tgg (also referred to herein as RT60) and the power ratio of the direct
sound (dry) and the reverberation, referred to as Direct-to-Reverberant Ratio (DRR).
Described herein are new estimation methods and systems for both Tgo and DRR. The
methods and systems are useful for implementing a reverberation suppressor to improve ASR
robustness in reverberant environments.

[0035] The reverberation time Tgo may correspond to the time that is needed for the
reverberation to decay by about 60 dB. The DRR is a measure of the level of direct sound to
late sound (“How loud is reverberation part relative to non-reverberation part.””) In general,
reverberation parameters, such as reverberation time Tgp and DRR, depend on room geometry
and reflectivity of surfaces in the room. An estimate of Tgp, DRR or both of a particular room
is useful to gauge the quality and the intelligibility of speech observed in that room.

[0036] FIG. 1 illustrates an example environment in which embodiments of the present
inventions can be deployed. FIG. 1 shows the generation of reverberation components of
acoustic signals originating from two sources (e.g., speaking persons) 104 and 114 inside a
room 100. The room 100 can be an office, a living room or a vehicle cabin. The acoustic
signals are detected by a microphone 108, which may be a set of microphones, such as a
microphone array. In the example illustrated, an array of M microphones is provided in a
device 112 that is configured to estimate reverberation parameters. The acoustic signal of
speaking person 104 has a direct path 106 sound component and reverberation components
108 and 110 that originate from sound reflected at a boundary 102 of the room. Similarly,
acoustic signal of speaking person 114 has a direct path 116 sound component and
reverberation components 118 and 120 that originate from sound reflected at boundary 102 of
the room 100. The reflections at the room boundaries, such as walls or other room elements,
produce signal components that result in a reverberation speech.

[0037] As shown in FIG. 1, speaker 104 is located closer to the microphone(s) 108 than
speaker 114. Reverberation can alter the characteristics of a speech signal, which can be
challenging for signal processing applications, such as source localization, speech
recognition, and speaker verification. The detrimental effects of reverberation may be
magnified as the distance between the speaker and the microphone(s) is increased. In the
example shown, the distant speaker 114 may emanate signals that are more affected by
reverberation than signals emanating from speaker 104 located closer to the microphone(s).

Further, embodiments of the invention may be used to identify the location and/or distance of



WO 2017/160294 PCT/US2016/022857

-7-

a speaker relative to the one or more microphones 108. As shown, the microphone(s) of
device 112 pick up the direct sound 106, 116 as well as the reflected sound 108, 110, 118,
and 120. The device can process the detected signals to estimate one or more reverberation
parameters associated with the room. The device 112 can be a telephony device or a
consumer device, such as a voice-controlled television set or an internet-connected digital
assistant,

[0038] FIG. 2 is a schematic diagram of an example system 200 for processing signals
from one or more microphones including an estimator of reverberation parameters and a
reverberation suppressor. The system 200 may, for example, be implemented in whole or in
part in the device 112 of FIG, 1.

[0039] In FIG. 2, one or more microphones 202 provide M acoustic signals 204. An
estimator 206 estimates at least one reverberation parameter 207 from the signals 204. The
parameter(s) estimated are presented to a reverberation suppressor 208. The reverberation
suppressor 208 also receives M acoustic signals from the microphones, as indicated at 212.
The received signals 212 are processed using the reverberation parameter(s) 207, to suppress
reverberation components of the signals. The processed signals 210 are output and can, for
example, be used by another system, such as an automatic speech recognizer or the like.
[0040] A method of estimating estimation parameters is provided. The method is based
on a statistical model for the impulse response of the acoustic channel between a user’s
mouth and a microphone (Generalized Polack’s Model). Based on this, the late reverberation
PSD is estimated based on the (observable) reverberant PSD of the microphone signal and
depends on DRR and RT60 - in each frequency. An equation for estimation the later
reverberation PSD in this way has been described by Habets [1]. Here, it is used for a
different purpose, namely to obtain parameters to estimate room reverberation parameters.
The estimation process includes a first-order recursive filter and is, therefore, highly efficient.
[0041] In order to obtain accurate estimates, the filter’s parameters can be adjusted. In an
embodiment of the present invention, this is done directly by minimizing the Mean-Squared
Logarithmic Error using a gradient descent procedure for adaptive recursive filters. In order
to adjust the filter only with respect to late reverberation, updates are constrained to decay-
only periods, which are detected in a time-frequency selective manner at first. The update
method is thereby protected from false adaptations due to the presence of the early speech

components.
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[0042] Thus, a feature of the described method is to use the model as proposed by Habets
[1] to adaptively minimize the Mean-Squared-Logarithmic-Error between the estimated and
the observed reverberant PSD during decay-only periods,

[0043] Adaptation of a recursive filter can be accomplished using the so called
"Recursive Prediction Error" method described by Shynk [2]. Alternatively, a so-called
"Pseudo Linear Regression" method together with a direct-form 2 implementation of the filter
may be used. Other methods may be used, provided they can update the parameters durihg
decay-only periods. . V

[0044] The methods described herein result in update rulés for the RT60 parameter that
are independent of the DRR. Therefore, the RT60 can be found independently. The RT60
estimate can then be provided to the corresponding DRR estimator, which at the same time
can generate the final spectrally optimized late reverberant PSD estimate. This can then be
used in a reverberation suppressor.

[0045] The described methods apply to a single microphone channel and can be extended
to the case of a microphone array (providing multiple channels) to improve the estimation
accuracy. A microphone array typically includes multiple microphones that are in close
proximity. Such an arrangement provides for signals that are different yet similar enough so
as not to result in large deviations in the respective PSDs. Microphone arrays allow for
sampling acoustic signals using the same clock. Typically, beamforming is employed with
microphone arrays to improve signal quality.

[0046] - The estimation approach described here is based on the realization that power
spectral density (PSD) of the late reverberation can be predicted based on a parametric
estimator, A gradient descent adaptation during reverberation-only passages is performed to
find the optimal parameters. It was found to be useful to minimize the Mean-Squared
Logarithmic Error (MSLE). FIG. 3 depicts an example of the basic arrangement.

[0047] FIG. 3 illustrates an example system 300 for estimating one or more reverberation
parameters. The system 300 includes several modules, such as signal processing modules
306, prediction filter 308 and adaptation controller 316. One or more microphones 302, for
example a microphone array, provide signals 304, which are processed by the system 300.
The microphones 302 can be part of the system 300 or may be external. For each signal 304,

a power spectral density (PSD) 307 is estimated at estimation module 306. In one example,



WO 2017/160294 PCT/US2016/022857

-9.-

PSD is estimated over a range of 0-8kHz, for signals sampled at 16kHz. Each PSD estimated
can be computed for a frame. A typical frame can be 10 milliseconds in duration.

[0048] System 300 includes an adaptive, parametric, linear prediction filter 308 that has
one or more PSD estimates 307 of signals 304 of one or more channels as inputs. In the
example shown in FIG. 3, a multi-channel prediction filter 308 is shown, but a single-channel
configuration can also be used. The prediction filter 308 estimates at least one parameter
related to reverberation time and can further estimate an additional parameter related to the
ratio of power of direct sound and power of reverberation. These estimated parameters can
be translated into reverberation time Tgp and Direct-to-Reverberant Ratio (DRR). The
prediction filter is being adapted (314) during a period of reverberation by minimizing a cost
function 310. The cost function is minimized on the basis of PSD estimates 309, obtained
with the prediction filter 308, and PSD estimate 319, obtained directly from a reference
microphone 320. Preferably, the cost function is independent of power of the signals. More
preferably, the cost function is logarithmic, as further described below.

[0049] As illustrated in FIG. 3, the adaptation controller 316 receives as inputs 312 the M
signals from the microphones 302. The adaptation controller is configured to determine the
period of reverberation from the inputs 312 and to provide a control output 318, including a
step size parameter [, A step size of u=0 indicates no reverberation, which causes the filter
not to be updated. Adaptation of the prediction filter 308 includes using a gradient descent
approach, as further described below, which can operate according to the step size p provided
by the adaptation control module 316. Adaptation control serves to exclude from adaptation
periods of no reverberation and to focus on periods of reverberation only. The adaptation
control is common to the estimation of parameters to obtain RT60 and DRR estimates.

2. Linear Prediction of Power Spectral Densities

[0050] FIG. 4 shows details of the prediction structure. In general, multiple microphones
302 can be used, whereas the single microphone case is also covered. Typically, one of the
microphones 302 is configured as a reference microphone 320. At first, the PSD for each of
the M microphone signals 304 is estimated (306), which can, for instance, be done using
recursive smoothing of the magnitude squares of the complex valued spectra. These PSD
estimates 307 are the input to the parameter estimation process 308 (FIG. 3). The adaptation

control 316 (FIG. 3) determines those time-frequency points that are considered to be
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reverberation. The gradient descent is carried out only for those instances that are determined
by the adaptation control to be periods of reverberation.

[0051] As illustrated in FIG. 4, the current PSD estimates 307 are delayed (422), e.g., by
a delay D, resulting in delayed PSD estimates 423. In one example, the delay is 4 frames
(e.g., 40 milliseconds). The delayed (past) PSD estimates 423 are filtered (prediction filter
424)‘, such that the filter output 309 matches the current PSD estimate 319 for reference
microphone 320 during reverb only passages. The filter parameters are updated (314) based
on mean squared log error minimization, as further described below. Thus, the input PSDs
are delayed to predict the current PSD. In the implementation illustrated in FIG. 4, the delay
operator 422 is different from the prediction operator 424.

[0052] Two basic choices for the filter design are considered. The first one is a 2-
Dimensional IR filter according to the late reverberant PSD estimator proposed by Habets in
[1]. The second one is a parametric FIR filter with only one parameter (decay). Finding the
parameters of an IIR filter generally raises the problem of infinitely long gradients (due to the
filter being recursive). This problem is addressed here by employing the recursive prediction
error (RPE) principle described by Shynk [2]. In the case of the FIR predictor, this problem
does not exist. |

[0053] The choice pérameter to estimate can determine the choice of filter design. For
example, the particular FIR filter desqribed herein estimates Tgo but not DRR. However, the
FIR filter converges faster than the IIR filter, With regards to DRR, the IIR filter only needs
to store one PSD value. An FIR filter, if implemented to allow for DRR estimation, would
need more storage.

[0054] All quantities used in the following depend on the time- or frame-index 4.
Furthermore, all quantities generally also depend on the frequency but the frequency index is
omitted for ease of notation. Note that all methods described here could also be applied to
broadband powers. In the broadband case, one considers the entire power of the speech
signal. Typically, broadband is considered 0-8kHz for speech signals. Within the 0-8kHz
range, the room spectral parameters (e.g., acoustic parameters) are expected to vary with
frequence. A frequency dependent implementation would give access to the frequency
dependency of the estimated parameters, which may or may not be desired depending on the

application. It is understood that a frequency selective implementation is also possible,
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where averaging of the spectral parameters is carried out to obtain estimates for the
broadband parameters.
3. Habets’ LRSV-Estimator as prediction filter

m N
[0055] The PSD O3 (]") of the reverberant component in the m-th microphone in frame

k can be estimated based on a generalization of the room impulse response (RIR) model
described by Polack [3]. In Polack’s model, the RIR is described as an exponentially
decaying noise process and is hence dependent on the decay pai‘ameter G. The generalization
of this RIR model, termed Late Reverberant Spectral Variance (LRSV) Estimator, was
proposed by Habets in [1] and considers the fact that the reverberation can have lower power
envelope as compared to the early reflections. Physically this may be the case if the speaker
is close to the microphone and/or the room is large. Therefore, another parameter « is
introduced in the model.

[0056] Parameter G relates to reverberation time RT60 and « relates to DRR. RT60 and
DDR can be derived from G and x.

[0057] The generalized model allows for deriving an optimal estimate for the late

reverberation PSD P7+(*) based on the delayed reverberant input PSD q)g;‘(k B D). Itis
useful here to note that the reverberant microphone PSD can be used to estimate the PSD of
the reverb because the reverberant PSD is observable and the PSD estimation can be viewed

as a prediction. This predictor is graphically shown in Figure 5 and reads as follows:

O (k) = s(k) - GPR) - O (k — DY+ {1 = w(k)} - G(k) - D" (k—1) | (1)

[0058] In embodiments of the present invention, this equation is used as a predictor and
the estimated PSDs are compared to the PSD of the reference microphone to generate the log

crror:

Eo (k) = In Tk — In & (k). (2)

[0059] with the cost function given as the magnitude square:

2

Tu(k) = E (k) = {hw};ﬁ‘f(/;:) — <i>:f;;(A:)} . (3)

[0060] The cost function to be minimized is the mean of the squared errors across M

microphones (Mean-Squared-Log-Error ):
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A 1 M

(h) MZ T (h MZ{IWD“'(L -111<I>’”(/\)} . (4)

m==1 m=1
3.1 Partial derivative with respect to (w.r.t.) the decay parameter
[0061] It can be shown that the partial derivative of J (k) w.r.t. the logarithm of the
parameter G (k) reads:

A

1, 7(/ ‘) “’“(/)
_— = En (k) ———. :
d InG(/ M Z " (k) (

Tt
R

m=1

(k) = L)
YT 8 InGiRy

[0062] For derivation details, please see Appendix. The quantity !
denotes the partial derivative of the estimated reverberant PSD for the m-th microphone in the
k-th frame w.r.t. the logarithm of the decay parameter in the £-th frame, and is computed as:

J

~ME) = —— {\/\ GP(ky o7 (k=D —w(W)} - Gk - D™ (h— 1
) = g i GO B = D)+ (L= () G- Bk~ 1))
‘(D P 14 - 1 T 2 v (G)
=D (k) GY(k) - QU (k= D)+ {1 — r(k)} - G(k)- PN (k—1) '
a9k —1)
1—s(l)} Gk) ———t
Tl =} G 5
& (k- 1) :
[0063]  The part @ Mk} igunknown, which is why the recursive prediction error
(RPE) principle [2] is employed. In the RPE principle, it is assumed that
2 ‘i‘yrf?(_’\"'l) — r“'m(k . l)
ooy T which makes Equation 6 a recursive estimate for the derivative.
A k) = D - s(k) - GO - B (e — DY + {1 — re(k)} - G’( Y Bk~ 1) -

F{L— ik} Glh) 4™ (k= 1).

[0064] In contrast to Equation 6, this recursive form can be evaluated and, therefore, the

gradient for the recursive filter can be compute. For M microphones we have:

M M M

> A"k =D nilk) - GPU) Y@ (k= D)+ {1 =Rk} Glh) - Dk —1)

m=1 m=1 m=1 Q
M ((\)

L= w(k)} - GlR) -y (k= 1),

m=1

8 J(k)
[0065]  This result is inserted into Equation 5 to obtain the partial derivative @ InGtk),



WO 2017/160294 PCT/US2016/022857

-13 -

3.2 Partial derivative w.r.t. the scaling parameter

[0066] The partial derivative of J(k) w.r.t. x(k) is computed as:

9 J(k) 2 w?/) (
NI 9
() hl /\ \ 1\[ '”ZI E’” (I)HI (, ) ( )
() = g (k)

[0067 with — 0 lw(k) computed using the same RPE principle as for the decay
p g

parameter G (see above):

d ;
)”’ R —_-—— l.r \’ * ']) . m ¥ ) - \.‘ )’ M (7' "’ * I',“. /\‘ - l
() = Gy LS GPO B D)+ {1 ()} G- B 1)
(10)
(k) - GPUY (k= DY — re(ke) - G(k) - DMk — 1)
+{l—nr(k)} Gk)-a"(k—1).
[0068] The sum across M microphones is given as:
M ‘ M M X
S0k = k) - GO D@ = D) = (k) GR) - Y Dk~ 1)
m=1 m=1 m=1 q
) M (ll)
H{L—n()} - Gy > 0" (k= 1),
‘m==1
[0069] and plugged into Equation 9.
3.3 Gradient and its Efficient Implementation
[0070] The updated parameters can now be computed as:
. oy k)9 T(k)
Gk +1) =G k) - R RTRE) "
e 1) gy LK) T (k) )
r(k+1) = lnrlkh) SRR
[0071] or alternatively as:
/ (l) 8 J()
Gk 1 =G(L) - ( 2 'E ln((l))
(k+1) =G(k) - (13)

( k) 8 Jk) )
T2 w(k)

r(k+ 1) =nrk)-c
[0072] and can be approximated for small values of the step size p(k) using Taylor’s

("= JravVawe !
series ' L+aVa<l) g
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ph) N 7 (k)
Gh+D =G |1+ N B, (k) '
(k+1) (&) <1+M 21 U@m( )
n= (14)
2

/I / M yn( )
li(/ﬁ + l) = /‘.(/‘:) ' (l Z E'" (I)m( ))

m=1

[0073] The last step makes the parameter estimation computationally feasible as the

exponential term is no longer required. The step size p(k) is the result of the adaptation

control unit 316 shown in FIG. 3. o

4. Parametric FIR-Filter as Prediction Filter

[0074] As mentioned in Section 2 above, a second option for generating a prediction is a

parametric FIR filter. In particular, an L-tap filter whose coefficients are dependent on the

decay parameter is considered. A graphical representation of a suitable parametric FIR filter

is shown in FIG. 6.

[0075] Each microphone PSD is filtered using an L-tap FIR filter to generate an estimate

for the (L — »)-th tap-input, where # € [0, L — 2]:

S pk = 1) B Bl Gy .
Z/ 1 frn (ke = 1)

[0076] Here, un(k) is the output of the adaptation control unit and goes to 0 if @7 (k) is

oy (k=) =

detected as not being part of a decay. The log error when pfedicting the (L — #)-th tap-input

of the reference microphone is then given as:

pref( — . L (b= 1) - D0 (b —1 Gk
B — 0 202y [ Ziar ) ALY
(I)HI(/ ——'/) Z[ 1 /1,,,( /)

(16)
[0077] The cost functions corresponding to the error in Equation 16 is given as
Jnn(k) =E2,,,,,(k), with the cost function to be minimized computed as a weighted average of

Jun(k) across M microphones and L tap-indices to give the Mean-Squared-Log-Error:

M L— M L-—
_ > ( u,,(l/) oy () ol o
Th) = == s ” = ZZ“’“' 7+ By (), (17)
Zm::l =0 (U"'(I7) m=1 n=0
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. M
[0078] Whele ' Z'”‘l n= 0 w m (U ) is the normalization term. The weights
wy, (1) serve the purpose of determining which prediction errors E,,, are relevant for the
computation of the cost function Jand are given as:

) 0, it Ok —n) =0 (18)
’”"Hl ’ = &
/ fn (ke —1)),  else.

[0079] Using these weights enables one to dynamically change the FIR filter length in the
range L € [2, L] based on the duration of the decays observed in the microphone signals.
Also, it makes the decay parameter estimation robust to outliers in the decaying parts of the
microphone spectrum.

[0080] FIGs. 7A-7B illustrate this principle. Note thatin the case of L=2and M=1 a
very simple prediction (across one frame) is obtained.

[0081] FIG. 7A illustrates prediction of PSD at a current time frame ko based on past PSD
estimates. The prediction window is a result of the adaptation control. Certain frames
correspond to decaying parts of the PSD values, which are used for predictions. Here, a
prediction window is depicted that requires storing of 4 previous PSD values to predict the
PSD value at the current time frame. This is illustrated by the black arrows in FIG. 7A. The
predicted value at the current time frame ky is derived from the values at ko-1, ko-2, ko-3 and
ko-4. Dashed, dotted and solid line arrows illustrate the use of past values of PSDs to derive
values at ko-1, ko-2, ko-3. These values are computed to improve the robustness of the
prediction filter.

[0082] In FIG. 7B, the adaptation control determined that the frame k = ko+1 includes a
non-decaying PSD value. Thus, the value is not used for adaptation of the prediction filter.
[0083] In the Appendix, it is shown in detail how the gradient for J(%) is derived. Asa

result, we obtain:

() ] /\ —2 i [Zz 0 » l/ / ) Zl I(+1 /[HI(/ - 1) . ().I,iflr(/if —_ /) ’ Gl”n(/\")
O Gy~ W ) B Z, Tk — 1) - (e — 1) - G (k)

m=} =l

(19)
[0084] The updated decay parameter can now be computed using a global step size u(k)
as:

p(k) 0Tk
2 d G (k) ‘

Gk +1)=IGk) - (20)



WO 2017/160294 PCT/US2016/022857

-16 -

[0085] Here, the same Taylor-series expansion as above can be applied to achieve an

efficient update:

ey e (4RO T(R) ‘
Gk + 1) = G(k) <l 5 lnG’(/;)) (21)

[0086] In the special case of L =2 and M = 1, the update rule reduces to:

UL Y — LY N ‘I)‘,,.,.(/\') o
Gk 4+ 1) = G(k) {1 + (k) - I <<I>_,7_,.(/\' —). G’(/f))} . .(22)

S. Adaptation Control
[0087] The adaptation of the prediction filters should only be carried out when it has been

detected that only reverberation is present in the signals (see also FIGs. 7A-7B). Otherwise,
the early reverberation or direct sound components act as noise to the adaptation. The
adaptation control can at least be based on two principles.

[0088] The first adaptation principle is the use of a Direct-to-Reverberant-Ratio
estimator, for ekample the one proposed by Thiergart in [4]. This provides frame based
spectral information about the presence of direct sound compénents over diffuse sound
components. These are described by means of their coherence functions (the direct parts
being coherent, while the late parts are modeled as diffuse). This metric can be used to stop
the adaptation whenever early parts are present and the adaptation can be executed whenever
there is diffuse sound energy greater than the background noise (that should be the late
reverb). This control principle relies on at least two microphones (multi-microphone
technique) because the coherence functions are required.

[0089] The second adaptation principle that can be used here is decay detection.
Decaying signal components can be detected per sub-band by comparing two heavily
smoothed PSD estimates. The first one would be delayed by D frames and the second one
corresponds to the current frame. Whenever the delayed version is greater than the non-
delayed version, a decay is present in the signal. Refined versions of this simple mechanism
can be created as well.

[0090] The multi-channel and the single channel decay detectors can, of course, also be
combined to create the final adaptation control in the multi-channel case.

6. Features and Example Implementation

[0091] The following are advantageous features of embodiments of the described

invention;
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» Using a parametric (multichannel) prediction principle to predict the Late
Reverberation PSD.

* Minimizing the Mean-Squared Log-Error to find the predictor parameters.

+ Using an [IR-Predictor according to the LRSV Estimate proposed by Habets.

* Using the RPE principle to compute the gradient of the IIR-Predictor.

* Using a parametric FIR-Predictor to estimate the decay parameter which can be
translated to an estimate of the reverberation time Tég.

« When using the FIR-predictor, dynamically change the length of the filter in the
range L €2, Lyax] taps based on the duration of the decay observed in the microphone
signals.

» Making the decay parameter G estimation robust to outliers in the decaying parts of
the microphone spectrum,

[0092] FIG. 8 is a flow chart 800 illustrating an example process and system for
estimating one or more reverberation parameters. At 802, one or more acoustic signals are
provided, for example, by an array of microphones. At 804, the power spectral density (PSD)
is estimated for each signal. At 806, an adaptive, parametric prediction filter is applied. The
prediction filter may be configured for single-channel or multi-channel processing of the

- PSDs of the acoustic signals. At 808, the prediction filter estimates one or more
reverberation parameters, including, for example, any of the reverberation parameters
described herein. At 810, the prediction filter is adapted during a period of reverberation by
minimizing a cost function, as described above. Preferably, the cost function is logarithmic.
A gradient descent approach (816) can be used to minimize the cost function, as described
above. The period(s) of reverberation can be determined (814), for example, by an
adaptation controller that processes the acoustic signals provided at 802. At 812, the one or
more reverberation parameters estimated are provided as an output.

[0093] A system in accordance with embodiments the invention has been described
which estimates one or more reverberation parameters. Components of such a system, for
example, a linear prediction filter, an adaptation controller and other systems discussed herein
may, for example, be a portion of program code, operating on a computer processor.

[0094] Portions of the above-described embodiments of the present invention can be
implemented using one or more computer systems, for example, to permit estimating at least

one reverberation parameter related to reverberation time. For example, the embodiments
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may be implemented using hardware, software or a combination thereof. When implemented
in software, the software code can be stored on any form of non-transient computer-readable
medium and loaded and executed on any suitable processor or collection of processors,
whether provided in a single computer or distributed among multiple computers.

[0095] Further, it should be appreciated that a computer may be embodied in any of a
number of forms, such as a rack-mounted computer, desktop computer, laptop computer, or
tablet computer. Additionally, a computer may be embedded in a device not generally
regarded as a computer but with suitable processing capabilities, including a Personal Digital
Assistant (PDA), a smart phone or any other suitable portable or fixed electronic device.
[0096] Also, a computer may have one or more input and output devices. These devices
can be used, among other things, to present a user interface. Examples of output devices that
can be used to provide a user interface include printers or display screens for visual
presentation of output and speakers or other sound generating devices for audible
presentation of output. Examples of input devices that can be used for a user interface
include keyboards, and pointing devices, such as mice, touch pads, and digitizing tablets. As
another example, a computer may receive input information through speech recognition or in
other audible format.

[0097] Such computers may be interconnected by one or more networks in any suitable
form, including as a local area network or a wide area network, such as an enterprise network
or the Internet. Such networks may be based on any suitable technology and may operate
according to any suitable protocol and may include wireless networks, wired networks or
fiber optic networks.

[0098] Also, the various methods or processes outlined herein may be coded as software
that is executable on one or more processors that employ any one of a variety of operating
systems or platforms. Additionally, such software may be written using any of a number of
suitable programming languages and/or programming or scripting tools, and also may be
compiled as executable machine language code or intermediate code that is executed on a
framework or virtual machine.

[0099] In this respect, at least a portion of the invention may be embodied as a computer
readable medium (or multiple computer readable media) (e.g., a computer memory, one or
more floppy discs, compact discs, optical discs, magnetic tapes, flash memories, circuit

configurations in Field Programmable Gate Arrays or other semiconductor devices, or other
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tangible computer storage medium) encoded with one or more programs that, when executed
on one or more computers or other processors, perform methods that implement the various
embodiments of the invention discussed above. The computer readable medium or media can
be transpoﬁable, such that the program or programs stored thereon can be loaded onto one or
more different computers or other processors to implement various aspects of the present
invention as discussed above.

[00100]  In this respect, it should be appreciated that one implementation of the above-
described embodiments comprises at least one computer-readable medium encoded with a
computer program (e.g., a plurality of instructions), which, when executed on a processor,
performs some or all of the above-described functions of these embodiments. As used herein,
the term “computer-readable medium” encompasses only a non-transient computer-readable
medium that can be considered to be a machine or a manufacture (i.e., article of
manufacture). A computer-readable medium may be, for example, a tangible medium on
which computer-readable information may be encoded or stored, a storage medium on which
computer-readable information may be encoded or stored, and/or a non-transitory medium on
which computer-readable information may be encoded or stored. Other non-exhaustive
examples of computer-readable media include a computer memory (e.g., a ROM, RAM, flash
memory, or other type of computer memory), magnetic disc or tape, optical disc, and/or other
types of computer-readable media that can be considered to be a machine or a manufacture.
[00101] The terms “program” or “software” are used herein in a generic sense to refer to
any type of computer code or set of computer-executable instructions that can be employed to
program a computer or other processor to implement various aspects of the present invention
as discussed above. Additionally, it should be appreciated that according to one aspect of this
embodiment, one or more computer programs that when executed perform methods of the
present invention need not reside on a single computer or processor, but may be distributed in
a modular fashion amongst a number of different computers or processors to implement
various aspects of the present invention.

[00102] Computer-executable instructions may be in many forms, such as program
modules, executed by one or more computers or other devices. Generally, program modules
include routines, programs, objects; components, data structures, etc. that perform particular
tasks or implement particular abstract data types. Typically, the functionality of the program

modules may be combined or distributed as desired in various embodiments.
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7. Appendix
7.1 Derivation of the IIR Gradient
[00103] The partial derivative of J(k) w.r.t. the logarithm of the parameter G(k) can be

computed as:

3 ; M
a J(k) ] 1
d lnG(k) 9 InGk) (1\[ Z ’”(/‘))

=1

M
1 A T /.
A[ Z J nG(k) In G(A

(') E“I
A[ Z 0 luG( 1l

2 0 Bulk) ‘
§ : 23
=577 2 Bnll "0 nGk) (23)

m=1
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2 d Indm(k)
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37 2 Balk) I Gk

m=1
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2 1 J O (k)
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m=1
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A
(t) '](/") 2 ,),Ill(/‘;
TSI R E,,, kY=

DGy M 2 Fulk) b (;
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7.2 Derivation of the FIR Gradient
[00104] The partial derivative of J,,,(k) w.r.t. the logarithm of the parameter G(k) is

computed as:

a ]nn)(/) o J E;-jll)(/i:)
O Gk 0 G (k)

A Eppy(k)

" 924
0 lnG(k) (24)

=2. Euu/(/") :
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The gradient for J(k) can be computed using the results from Equations 17 and 25
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[00111] While this invention has been particularly shown and described with references to
example embodiments thereof, it will be understood by those skilled in the art that various
changes in form and details may be made therein without departing from the scope of the
invention encompassed by the appended claims. It should also be appreciated that the
various technical features of the embodiments that have been described may be combined in

various ways to produce numerous additional embodiments.
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CLAIMS
What is claimed is:
1. A method of estimating one or more reverberation parameters, the method

comprising:

applying an adaptive, parametric, linear prediction filter configured to receive
one or more power spectral density (PSD) estimates of signals of one or more
channels as inputs, the prediction filter estimating at least one reverberation parameter
related to reverberation time, the prediction filter being adapted during a period of

reverberation by minimizing a cost function.

2. The method of claim 1, further comprising adapting the prediction filter using a

gradient descent approach.

3. The method of claim 2, wherein the gradient descent approach operates according to a

step size, the step size being provided by an adaptation controller.

4, The method of any one of claims 1 to 3, further comprising determining the period of

reverberation by detecting that only reverberation is present in the signals.

5. The method of claim 4, wherein the period of reverberation is determined by

estimating a direct-to-reverberant ratio.

6. The method of claim 5, wherein estimating the direct-to-reverberant ratio provides
spectral information of the presence of direct sound components over reverberant

sound components.

7. The method of claim 6, wherein the direct and reverberant sound components are
described by spectral coherence functions computed for at least two of the signals, the
coherent parts of the coherence functions being indicative of direct sound
components, the diffuse parts of the coherence functions being indicative of the

reverberant sound components.

8. The method of claim 4, wherein determining the period of reverberation includes

using decay detection.
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10.

11.

12.

13.

14,

15.

16.

17.
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The method of claim 8, wherein using decay detection includes detecting decaying
signal components by comparing two smoothed PSD estimates, a first of the two
smoothed PSD estimates corresponding to a current frame and a second of the two
smoothed PSD estimates being delayed by a selected number of frames relative to the

current frame.

The method of any one of claims 1 to 9, wherein the prediction filter is implemented

as an infinite impulse response (IIR) filter.

The method of claim 10, further including computing a gradient of the cost function

according to a recursive prediction error principle,

The method of any one of claims 1 to 9, wherein the prediction filter is implemented

as a finite impulse response (FIR) filter.

The method of any of the preceding claims, wherein the prediction filter further
estimates a reverberation parameter related to the ratio of power of direct sound and

power of reverberation.

The method of any of the preceding claims, wherein the cost function is at least one of
a cost function that is independent of power of the signals and a logarithmic cost

function.

The method of any of the preceding claims, further comprising applying the at least

one reverberation parameter estimated to a reverberation suppressor.

A system for estimating one or more reverberation parameters, the system
comprising:

an adaptive, parametric, linear prediction filter having one or more power
spectral density (PSD) estimates of signals of one or more channels as inputs, the
prediction filter configured to estimate at least one reverberation parameter related to
reverberation time, the prediction filter being adapted during a period of reverberation

by minimizing a cost function.

The system of claim 16, further comprising an adaptation controller configured to

determine the period of reverberation.
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18.

19.

20.

-25-

The system of claim 17, wherein the prediction filter is adapted using a gradient
descent approach, the gradient descent approach operating according to a step size

provided by the adaptation controller,

The system of any of claims 16 to 18, further comprising an array of microphones to

provide the signals.

The system of any of claims 16 to 19, further comprising a reverberation suppressor
configured to suppress reverberation in at least one of the signals based on the at least

one reverberation parameter.
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