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FIGURE 2

& (57) Abstract: An embodiment of an apparatus (200) for computing filter coefficients for an adaptive filter (210) for filtering a

=

microphone signal so as to suppress an echo due to a loudspeaker signal includes extraction means (250) for extracting a stationary
component signal or a non-stationary component signal from the loudspeaker signal or from a signal derived from the loudspeaker
signal, and computing means (270) for computing the filter coefficients for the adaptive filter (210) on the basis of the extracted
stationary component signal or the extracted non-stationary component signal.
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Apparatus and method for computing filter coefficients for

echo suppression

Description

Embodiments of the present invention relate to apparatus
and methods for computing filter coefficients for an
adaptive filter for filtering a microphone signal so as to
suppress an echo due to a loudspeaker signal, as may be
employed, for example, within the context of conference
systems. Examples of conference systems include telephone
conference systems, video conference systems or other bi-

directional conference systems.

Background

Acoustic echoes arise whenever tones, sounds and noises
from a loudspeaker are picked up by a microphone located in
the same room or in the same acoustic environment. In
telecommunication systems, this acoustic feedback signal is
transmitted back to the far-end subscriber , who notices a
delayed version of their own speech. In this context, echo
signals represent a very distracting disturbance and may
even inhibit interactive full-duplex communication.
Additionally, acoustic echoes may result in howling effects
and other instabilities of the acoustic feedback loop.

WO 2006/111370 Al relates to a method and an apparatus for
removing an echo in a multichannel audio signal. Acoustic
echo control and noise suppression are an important part of
any hands-free telecommunication system such as telephone,
audio or video conference systems. The method, described in
the document, of processing multichannel audio loudspeaker
signals and at least one microphone signal in this context
includes the steps of transforming the input microphone
signal to input microphone short-time spectra, computing a
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combined loudspeaker signal short-time spectrum from the
loudspeaker signals, computing a combined microphone signal
short~time spectrum from .the input microphone signal,
estimating a magnitude spectrum or a power spectrum of the
echo in the combined microphone signal short-time spectrum,
computing a gain filter for magnitude modification of the
input microphone short-time spectrum, applying the gain
filter to at least one input microphone spectrum, and
converting the filtered input microphone spectrum to the
time domain.

Echo suppression and echo cancellation systems as are
employed today and may also be referred to as echo removal
systems in summary, frequently have the problem that they
do not cope with different sound, tone and noise components
in an optimum manner despite the use of adaptive filters.
If one component 1is predominant as compared to another, a
non-optimum suppression of the echo of the 1loudspeaker
signal may occur in the microphone signal of such a
communication system, for example. On the other hand, in
the case of a deviating composition of the components of
the different "sources, tonal artifacts may arise due to the
utilization of an echo suppression or echo cancellation
system, which tonal artifacts are also perceived as

extremely annoying.

Starting from this prior art, the object of the present
invention is therefore to improve a sound quality of an

echo suppression system or echo cancellation system.

This object is achieved by an apparatus as claimed in claim
1, a method as claimed in claim 23, or a program as claimed

in claim 24.
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Summary

One embodiment of an apparatus for computing filter
coefficients for an adaptive filter for filtering a
microphone signal so as to suppress an echo due to a
loudspeaker signal, comprises extraction means for
extracting a stationary component signal or a non-
stationary component signal from the loudspeaker signal or
from a signal derived from the loudspeaker signal. It
further comprises computing means for compﬁting the filter
coefficients of the adaptive filter on the basis of the
extracted stationary component signal or the extracted non-

stationary component signal.

One embodiment of a method of computing filter coefficients
for an adaptive filter for filtering a microphone signal so
as to suppress an echo due to a loudspeaker signal in this
context comprises extracting a stationary component signal
or a non-stationary component signal from the loudspeaker
signal or from a signal derived from the 1loudspeaker
signal, and computing the filter coefficients of the
adaptive filter on the basis of the extracted stationary
component signal or the extracted non-stationary component

signal.

Embodiments of the present invention are based on the
finding that improvement of the audio quality may be
achieved in that the statistic properties of the
loudspeaker signal or of a signal derived from the
loudspeaker signal may be improved, within the context of
computing the filter coefficients for adaptive filtering
for suppressing an echo in the microphone signal, in that
the loudspeaker signal is analyzed for its statistic
properties. To this end, the loudspeaker signal or a signal
derived from the loudspeaker signal 1is analyzed - 1in
accordance with embodiments of the present invention - for
a stationary component and/or a non-stationary component in

that one or more corresponding component signals are
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extracted from the respective loudspeaker signal or from
the signal derived therefrom. Computation of the filter
coefficients of the adaptive filter is then performed on
the basis of the extracted stationary component signal or

the extracted non-stationary component signal.

A stationary component of a signal, i.e., for example, of
the loudspeaker signal or of a signal derived from the
loudspeaker signal, may represent, for example, in a
frequency-related domain, an energy-related value which
varies only little over time, or may form a corresponding
stationary component. A stationary compénent of such a
signal thus maybe determined, for example, in a frequency-
related domain in that an energy-related value is
determined for a bandpass signal of the respective signal,
and in that averaging over the progress in time 1is
performed. Averaging may | Dbe conducted as floating
averaging, possibly while wusing diffefent computation
specifications. Such a computation may be conducted, for
example, in a recursive manner while exploiting an IIR-
filter-type structure (IIR = infinite impulse response).
Similarly, corresponding averaging may also be conducted
using an FIR-filter-type structure (FIR = finite impulse

response) .

Accordingly, a non-stationary component of the loudspeaker
signal or of the signal derived may be determined on the
basis of a corresponding bandpass signal of the respective
signal. For example, in embodiments of the present
invention, the associated non-stationary component signal
may be determined, for example, on the Dbasis of the
stationary component signal and a gain filter. In
embodiments, the gain filter may further depend on at least
one control parameter, which in embodiments of the present
invention is determined, for example, on the basis of a
coherence function which takes into account the loudspeaker
signal and the microphone signal, or signals derived
therefrom.
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In embodiments of the present invention, first filter
coefficients may be computed on the basis of the stationary
component signal, and second filter coefficients may be
computed on the basis of the non-stationary component
signal, on the basis of which the filter coefficients for
the adaptive filter are eventually determined. This may
take place, for example, such that the filter coefficients
of the adaptive filter correspond to a series connection of
a first filter, which 1is based on the first filter
coefficients, and a second filter, which is based on the
second filter coefficients. In embodiments of the present
invention it 1is also possible to determine the filter
coefficients either on the Dbasis of first filter
coefficients or on the basis of the second filter

coefficients.

Further embodiments will be described, in the further
course of the present description, with regard to their
structures and modes of operation. Depending on the
specific embodiment, the stationary component signals and
the non-stationary component signals may be signals
estimated from the respective signals. Likewise, an
apparatus in accordance with an embodiment of the present
invention may further comprise suppression filtering means
configured to filter the microphone signal on the basis of
the filter céefficients.

Brief description of the figures

Embodiments of the present invention will be explained
below in more detail with reference to the accompanying
drawings. Embodiments of the present ‘invention may
therefore be better understood with regard to the following
drawings:
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shows a general setup of an acoustic echo removal
problem;

shows a block diagram of an apparatus for
computing filter coefficients in accordance with

an embodiment of the present invention;

to 3c show block diagrams of different extraction
means 1in accordance with embodiments of the

present invention;

and 4b show block diagrams of an optional echo
estimation filter in accordance with embodiments

of the present invention;

to 5e show block diagrams of computing means in
accordance with wvarious embodiments of the

present invention;

shows a block diagram of a further embodiment in

accordance with the present invention;

shows a block diagram of a further embodiment of
the present invention in the form of an apparatus

for computing filter coefficients;

to 8c illustrate a separation of a stationary
component and a non-stationary component of a

loudspeaker signal;

shows an echo suppression filter for the non-

stationary component at a frequency of 1 kHz;

shows an associated echo suppression filter for a
stationary component of the signal;

to 10c illustrate the relation between the

strength of a stationary component and a non-
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stationary component and a prediction gain along

with a voice activity of a loudspeaker channel;

Fig. 11 shows a block diagram of a further embodiment of

the present invention;

Fig. 12 shows a block diagram of a further embodiment of

the present invention;

Fig. 13 shows a block diagram of an embodiment of the
present invention for a multichannel

implementation;

Fig. 14 shows an illustration of a grouping of a uniform
short-time Fourier transformation spectrum into
groups so as to mimic the non-uniform frequency

resolution of the human auditory system;

Fig. 15a shows Hann interpolation filters used for

smoothing the gain filter over the frequency:; and

Fig. 15b shows the course of the gain filter coefficients

along with an interpolated curve of same.

Detailed description of the embodiments

Before describing, with reference to Figs. 2 to 15, various
embodiments of the present invention which enable acoustic
echo suppression while using a separation of stationary and
non-stationary signal components, a general setup of an
acoustic echo removal problem will initially be illustrated

with reference to Fig. 1.

Acoustic echoes arise whenever sounds, tones and noises of
a loudspeaker are picked up by a microphone located in the
same room or in the same acoustic environment. In

telecommunication systems, these acoustic feedback signals
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are transmitted back to the far-end subscriber, who notices
a delayed version of their own speech. In this context,
echo signals may represent a very distracting disturbance
and may even inhibit interactive full-duplex communication.
Additionally, acoustic echoes may result in howling effects
and other instabilities of the acoustic feedback loop. In a
full-duplex-suitable hands-free telecommunication system,
echo control is therefore required for suppressing the
coupling between the loudspeaker and the microphone. Fig. 1

illustrates the acoustic echo problem.

Fig. 1 thus shows a loudspeaker 100, which may be provided,
along with a microphone 110, in an acoustic environment
120, which may be a room, for example. Similarly, the
acoustic environment 120 may also be the interior of a

vehicle.

In this context, a loudspeaker signal 130, which in Fig. 1
is also referred to as x[n] with an integer time index n,
is made available to the loudspeaker 100. The microphone
110 picks up the noises, sounds and tones stemming from the
acoustic environment 120, and generates a microphone signal
140, which is also referred to as y([(n] in Fig. 1. Both the
loudspeaker signal 130 and microphone signal 140 are
provided as input signals to an echo removal process unit
150, which provides, at an output, an echo-suppressed
signal 160 of the microphone signal 140, which is also

referred to as e[n] in Fig. 1.

Fig. 1 thus basically illustrates the acoustic echo problem
as may arise in bi-directional communication systems. The
signal of the far end of the telecommunication system which
is output by the loudspeaker reaches the microphone on a
direct path 170 and via reflected paths 180-1, 180-2, which
are also referred to as indirect paths. For this reason,
the microphone 110 does not only pick up the voice at the
local, near end, but also registers the echo which is then
fed back to the user at the far end.
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In other words, the loudspeaker signal x[n] is fed back
into the microphone signal y[n]. An echo removal process,
performed in the echo removal process unit 150, ideally
removes this echo while it allows the voice of the local,

near end of the telecommunication system to pass through.

A conventional method of coping with this echo is to place
an acoustic echo canceller (AEC) in parallel with the
propagation path of the echo signal, as is described in
Reference [1]. In such an acoustic echo canceller, a
digital replica of the echo signal is estimated and is
subsequently subtracted from the measured or observed
microphone signal. Standard approaches for cancelling
acoustic echoes rely on the assumption that the echo path
can be modeled by a linear FIR filter (FIR = finite impulse
response}), and implement acoustic echo cancellers
accordingly, as is also described in Reference [1l]. Since
the echo path 1is typically unknown and, moreover, may
change during the operation time, the linear filter of such
an acoustic echo canceller is typically realized
adaptively. To be able to model typical echo paths, use 1is
made of FIR filters of lengths of typically some hundreds

of milliseconds - in relation to the respective sampling
rate - which also implies a high level of computational
complexity.

In practice, ‘the achievable echo attenuations for these
conventional approaches are frequently not sufficient for
various reasons. The various reasons include, for example,
long reverberation times (echo tail effect), which result
in undermodeling of the echo path, nonlinear echo
components caused, e.g., by vibration effects or the
nonlinear behavior of particularly low-cost audio hardware,
and convergence problems in case of a high temporal rate of
change with regard to the echo paths, as is described in
Reference [2]. Therefore, acoustic echo <cancellers are

combined with nonlinear post-processors to remove residual
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echoes and echo components which the echo canceller could
not eliminate, as is described in Reference [3]. Commonly,
the suppression of residual echoes 1is performed in a
frequency-selective way, as 1is described in Reference [4].
Indeed, virtually all acoustic echo cancellers use such
post-processors because they fail too often to sufficiently
reduce the echo such that it becomes inaudible.

Recently, a number of acoustic echo suppressors for the
subband domain have been proposed in References [5, 6]
which bear similarities to the above-mentioned nonlinear
post-processors, but have no need for an acoustic echo
canceller and for estimating the echo path impulse
response. These systems are claimed to be of low
computational complexity and to be robust while achieving a
high degree of duplexity.

The echoes suppressor scheme proposed in Reference [6]
applies a short-time Fourier transform (STFT) to compute
spectra of the loudspeaker and microphone signals. A delay
value d between the short-time transformed ones of the two
signals is applied to the corresponding loudspeaker signal,
said delay value being chosen such that most of the effect

of the echo path impulse response is taken into account.

Then a real-valued echo estimation filter, which mimics the

effect of the initial echo path, is estimated. To obtain an

"estimated echo magnitude spectrum, the estimated delay

value and the echo estimation filter are applied to the
loudspeaker spectra. While using the estimate of the echo
magnitude spectrum, a real-valued echo suppression filter
is computed and applied to the microphone signal spectrum
to suppress the echo.

The weakness of the above-mentioned acoustic echo
suppression systems is that they do not perform well in
connection with loudspeaker signals composed of a mixture

of stationary and non-stationary signal components. This is
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the case, for example, when the far-end speech is recorded
in a noisy environment. Then the loudspeaker signal and the
echo signal contain the non-stationary far-end speech and

the stationary far-end background noise.

Current acoustic echo suppression systems determine only
one echo signal removal filter for the loudspeaker signal.
Consequently, these approaches do not take into account
that echo components with different characteristics cause
different types of disturbances in the near-end signals,

which therefore should be processed differently.

Fig. 2 shows a first embodiment of an apparatus 200 for
computing filter coefficients for an adaptive filter 210,
said apparatus utilizing, just like the associated method,
a separation of a stationary signal and a non-stationary
signal in order to improve echo suppression and, thus, to
improve the achievable audio quality. Embodiments of the
present invention thus enable different kinds of handling
the suppression of signals 1in accordance with their
statistic properties and features, which leads to a more
effective echo suppression which is less ©prone to

artifacts.

As an introduction, a block diagram of the apparatus 200 in
accordance with an embodiment of the present invention
shall initially be explained, before further implementation
details shall be explained, in connection with Figs. 3 to
5, with regard to various embodiments of the present
invention. In this context it is useful to point out that
even if block diagrams of apparatuses in accordance with
embodiments of the present invention are shown and
described in the figures, 'said block diagrams may also be
understood as flow charts of corresponding methods which
depict the corresponding method steps while indicating the
flow directions. In other words, the block diagrams
depicted in connection with the present description may
also be understood as corresponding flow charts which
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reflect the individual method steps of the individual means
and units.

In addition, it is useful to note at this point that within
the context of the present description, identical or
similar reference numerals shall be used for means, objects
and structures which are identical or similar in function.
On the other hand, means, units and objects designated by
identical or similar reference numerals comprise identical
or similar structural and functional features. In other
words, in the present description identical reference
numerals designate means, units, and objects which are
identical in action, function, structure or similar in
action, function or structure. This allows a shorter and
more concise representation of the embodiments of the
present invention, since description passages may be
transferred from one embodiment to another, unless this 1is
explicitly ruled out.

In addition, in the present description, summarizing
reference numerals shall be used for means, structures and
objects which occur more than once within one figure or
embodiment. For example, the two indirect paths 180-1, 180-
2 which are shown in Fig. 1 have indeed been given
different reference numerals in Fig. 1, but if the indirect
paths are designated per se, or if general features of same
are described, only the summarizing reference numeral 180
shall be used in the present description. This, too, serves
to improve understanding and the conciseness of the present
description.

The apparatus 200 as is shown in Fig. 2 includes an input
220 for a loudspeaker signal of a loudspeaker not shown in
Fig. 2. The input 220 is coupled, on the input side, to a
time/frequency converter means 230, which is depicted in
dotted lines in Fig. 2 as an optional component of the
apparatus 200. The time/frequency converter means 230 is
coupled to an optional first echo estimation filter 240,
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which as an optional component, however, need not be
necessarily implemented within the context of the apparatus
200. An output of the echo estimation filter 240 is coupled
to an input 250a of an extraction means 250, which in turn
is coupled, with a first output 250c and a second output
250d, to an optional second echo estimation filter 260 via
the first input 260a and a second input 260b. This echo
estimation filter, too, may be dispensed with, with regard
to 1its implementation, in embodiments of the present
invention. For example, in different embodiments of the
present invention of an apparatus 200, .the first echo
estimation filter 240 may be implemented, along with the
second echo estimation filter 260, in exactly the same way
as an apparatus 200 entirely without any first or second
echo estimation filter 240, 260. Of course, implementations
wherein only one of the two echo estimation filters 240,
260 is implemented are also possible. Implementation of

further components is also possible.

If the second echo estimation filter 260 exists, it will be
coupled, with a first output 260c and a second output 260d,
at a first input 270a and a second input 270b of a
computing means 270 for computing the filter coefficients
for the adaptive filter 210. The computihg means 270 1is
also coupled, via an output 270d, to an input of the
adaptive filter 210.

In addition, the adaptive filter 210 is coupled to an input
of the adaptive filter 210 wvia an input 280 for a
microphone signal via an optional time/frequency converter
means 290. An output of the adaptive filter 210 is coupled
to an output for the echo-cancelled microphone signal via
an optional frequency/time converter means 300. In
addition, the input 280 is optionally also coupled, via the
time/frequency converter means 290, to a second input 250b
of the extraction means 250 and to a third input 270c of
the computing means 270. These two inputs 250b, 270c of the
extraction means 250 and of the computing means 270,
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however, are optional and may be implemented independently
of each other 1in various embodiments of the present
invention.

The apparatus 200 may be implemented, for example, in the

echo removal process unit 150 shown in Fig. 1.

Before the mode of operation of the embodiment, shown in
Fig. 2, of an apparatus 200 will be explained in more
detail, it should also be mentioned that embodiments of the
present invention may basically be implemented both within
discrete circuits and within integrated circuits or other,
more complex circuits. For example, embodiments of the
present invention may also be implemented 1in data
processing means, i.e. processors, integrated systems (SOC
= system on chip), application-specific integrated circuits
(ASIC) or other integrated circuits and special-purpose
processors. In this context, it 1is quite possible for
identical circuit parts of the respective data processing
means to be employed in different means in a temporarily
consecutive manner. For example, the same logical gate of
an arithmetic logic unit (ALU) of a processor may be used,
firstly, within the context of the functionality of the
extraction means 250, and, secondly, within the context of
the functionality of the computing means 270. Nevertheless,
the two means differ not least with regard to further
features, such as, in the above-mentioned case, with regard
to different control commands, which co-define the
different means, for example. A partial or complete overlap
of circuit-engineering implementations of different means

is therefore quite possible.

It 1is not least for this reason that in the present
description means, components and structures which are
coupled to one another are understood as means, components
and structures which are indirectly or directly
interconnected. If there is an implementation based on data

processing means, for example, a coupling may be conducted
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by means of a storage location of a memory which has an
intermediate result in the form of a signal latched

therein.

In addition, however, embodiments of the present invention
are basically not limited to digital implementations, even
if mainly digital implementations will be described in the
further course of the description. For example, an analog
implementation or a mixed implementation comprising analog
and digital components is feasible, in principle. In such a
case, additional A/D or D/A converters (analog/digital and
digital/analog converters) may be employed, for example, so
as to possibly form the signals of one type to
the other.

With regard to the mode of operation of the apparatus 200
as 1is depicted in Fig. 2, a loudspeaker signal made
available at the input 220 of the apparatus 200 is possibly
transformed to a frequency-related domain by the
time/frequency converter means 230 which 1is optionally
present. The time/frequency converter means 230 ensures, in
the case of an implementation operating on data blocks
(frames), a conversion to a spectral representation of the
respective data block, so that the spectral representation
provided at fhe output of the time/frequency converter
means 230 corresponds to the data block in the time domain.
Depending on the specific implementation, a Fourier
transformation-based converter means, a subband-based
converter means or a QMF-based converter means (QMF =
quadrature mirror filter) may be used within the context of
the time/frequency converter means 230. Irrespective of the
precise mode of operation of the implemented time/frequency
converter means 230, said converter means 230 converts the
signal (present in the time domain) provided at its input
to a plurality of bandpass signals. Each bandpass signal
has a characteristic frequency associated with it, which
may be, for example, a center frequency, a lower cutoff
frequency of the respective band or an upper cutoff
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frequency of the respective band, for example. Depending on
the specific implementation, the individual bandpass
signals may have more than one characteristic frequency or

a further characteristic parameter associated with them.

The first echo estimation filter 240 represents a
possibility of modulating the acoustic environment 120 (of
Fig. 1), so that a signal is present at its output which
ideally comprises a magnitude spectrum which corresponds to
the signal that would be picked up by the microphone signal
on account of the loudspeaker signal. As was already
explained above, however, the first echo estimation filter
240 1is an optional filter which may possibly not be
implemented. |

The loudspeaker signal or the signal which is optionally
processed, filtered and therefore derived accordingly by
the optional components 230, 240 is now provided to the
extraction means 250 at its the first input. The extraction
means 250 is configured to generate a stationary component
signal and a non-stationary component signal frém the
loudspeaker signal or from the signal derived from the
loudspeaker signal. As shall be seen in the further
description of embodiments of the present invention, this
may be effected, for example, by averaging the incoming
signal so as to determine the stationary component signal,
for example.

Depending on the specific implementation, the signal may be
an estimated signal which deviates from an “actual”
stationary component. Accordingly, a non-stationary
component, or a non-stationary component signal, may be
determined from the stationary component signal, possibly
while using a gain filter not depicted in Fig. 2.

In other embodiments of the present invention, the
extraction means 250 may also use a different steady-state

measure than the one described, for example.
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With regard to the non-stationary component, or the non-
stationary component signal, said component or signal may
also be determined, for example, by a comparison of the
temporal change in the input signal. Also, in the case of
the implementation of a voice codec within the context of
the apparatus 200 or in the surroundings of the apparatus
200, a prediction measure may possibly be used, in the
extraction means 250, for extracting at least one of the
two signals mentioned. Such a prediction measure may
represent, for example, the error signal of an LPC codec

(LPC = linear predictive coding).

The extraction means 250 comprises the two outputs which
were already described above and where different signals
may be provided, depending on the implementation. For
example, at least the stationary component signal or the
non-stationary component signal 1is typically provided at
the first output of the extraction means 250. The other one
of the two component signals, or a signal comprising
information with regard to the signal output at the first
output, may possibly be provided at the second output. This
may be, for example, parameters for the further processing
of the respective signal in the computing means 270, or
this may only be a control signal which indicates which one
of the two component signals is transmitted.

The optional second echo estimation filter 260 generally
corresponds to the first echo estimation filter 240 with
regard to functionality. The second echo estimation filter
260, too, generally 1is capable, provided that it is
implemented to perform an echo estimation in this manner,
to estimate the loudspeaker signal provided at the input
220 such as to obtain a signal which would correspond to
the signal registered by the microphone, provided that,
ideally, no further sources of noise are present. The first
echo estimation filter 240 as well as the second echo

estimation filter 260 may optionally comprise a delay means
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which takes into account a delay of the echo of the
loudspeaker which is picked up by the microphone. In other
words, the filters 240, 260 may also be used for delaying
the 1loudspeaker signal or the signal derived therefrom,
either by an additional implementation of a delay means or
on account of their internal structures. Generally, a
separation of the two functionalities of the echo
estimation, on the one hand, and of the delay, on the other
hand, 1is additionally also possible, of course, in that
e.g. the first echo estimation filter 240 is used only for
delaying the respective signal, whereas the second echo

estimation filter 260 performs the actual echo estimation.

The signals provided by the second echo estimation filter
260 are then provided to the computing means 270, which in
turn is configured to compute or to determine the filter
coefficients for the adaptive filter 210 on the basis of
the extracted stationary component signal or the extracted
non-stationary component signal. Depending on the specific
implementation, the computing means 270 may also fall back,
for this purpose, on the microphone signal provided at the
input 280, or on the microphone signals transferred to the
frequency-related domain. This signal 1is possibly also
available to the extraction means 250, as will be described

in more detail below.

The adaptive filter 210, which obtains the filter
coefficients from the computing means 270, then performs
the actual spectral modification of the microphone signal
so as to provide, at its output, an at least partially
echo-cancelled version of the microphone signal for further
processing. Depending on the specific implementation, the
microphone signal which has Dbeen echo-cancelled or
spectrally modified in this manner may be converted back to
the time domain via the frequency/time converter means 300,
or may be output directly at the output 310. For example,
an inverse transformation to the time domain by the

converter means 300 may not be useful when, for example,
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the corresponding microphone signal 1is encoded in the

frequency domain or a frequency-related domain anyhow.

Before individual components of the block diagram, shown in
Fig. 2, of the apparatus 200 will be described in more
detail in connection with Figs. 3a to 5e, it shall be noted
at this point that processing of the loudspeaker signal or
of the signal derived from the loudspeaker signal may be
generally performed in the frequency-related domain such
that an individual associated bandpass signal, a plurality
of bandpass signals, a multitude of bandpass signals or all

of the bandpaés signals are processed accordingly.

It shall also be noted that the individual means and
filters may operate while using energy-related values, for
example, depending on the specific implementations. An
energy-related value is a value which is formed as a power
of a real base value with an even-numbered exponent, or is
formed as a power of a magnitude of a value (absolute
value) with any power. If, for example, short-time spectra
are processed 1in the individual filters or in the
individual means, said spectra may operate on energy-
related values, for example, on energy values which are
formed as magnitude squares of the associated spectral
coefficients. Likewise, magnitude spectra, i.e. absolute
values of the respective spectral coefficients, may be used
with the exponent 1. In other words, values which are
proportional to |z|m,' m being a positive number, for
example a natural number, may be used, as energy-related
values, starting from any value z, which is a real-valued
or complex-valued value. In the case of a real-valued value

2m

z, values which are proportional to z°" may additionally be

used as energy-related values.

Fig. 3a shows a block diagram of the extraction means 250
in accordance with an embodiment of the present invention,
as may be implemented in the context of the apparatus 200.

The extraction means 250 merely comprises a first input
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250a, which is coupled to the output of the optional first
echo estimation filter 240 in Fig. 2. The extraction means
250, as 1is shown 1in Fig. 3a comprises no second input,
however (input 250b in Fig. 2).

The first input 250a of the extraction means 250 is coupled
to an averaging means 320 configured to determine a mean
value of the signal provided at the input 250a. The term
signal here comprises not only signals in the time domain
(time signals), but also signals in the frequency domain or
a frequency-related domain, wherein the respective signals
are spectral representations of signals in the time domain.
Likewise, signals may also comprise and transmit
information derived from the previously mentioned signals,
such as magnitudes of values in the frequency domain
(spectral amplitude), energy values (magnitude squares),

spectra and other derived values and quantities.

At an output of the averaging means 320, said signal which
is provided at the input 250a is output, in the extraction
means 250 shown in Fig. 3a, as a stationary component
signal at a first output 250c of the extraction means 250.
As 1is also shown 1in Fig.A 2, the firstA output 250c 1is
coupled to the optional second echo estimation filter 260

and/or to the computing means 270.

The signal provided at the first input 250a is further
provided, along with the stationary component signal
provided at the output of the averaging means 320, to a
gain filter 330 which outputs the non-stationary component
signal at an output, and forwards it to the second output
250d of the extraction means 250. The gain filter 330 is
configured to determine the non-stationary component signal
on the basis of the loudspeaker signal incoming at the
first input 250a, or of the signal derived therefrom, as
well as of the stationary component signal. With regard to
the further functionality of both the averaging means 320
and the gain filter 330, reference shall be made to the
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above explanations given with regard to Fig. 2, and to the
further explanations given in the further course of the

present description.

Fig. 3b shows a further extraction means 250 as may be
employed in an embodiment of the present invention in an
apparatus 200. The extraction means 250 shown in Fig. 3b
differs from the one shown in Fig. 3a essentially in that
the one shown in Fig. 3b further comprises a parameter
computing means 340 which is also coupled, on the input
side, to the first input 250a. With an output, the
parameter computing means 340 is coupled to the gain filter
330, which has a control parameter provided to it by the
parameter computing means 340 for computing the non-
stationary component signal. For more specific details with
regard to the mode of operation, reference shall be may to
the description which follows.

As an optional component, the extraction means 250 shown in
Fig. 3b further comprises the second input 250b already
depicted in connection with Fig. 2 which 1is possibly
indirectly coupled, on the one hand, to a further input of
the parameter computing means 340, and on the other hand,
as is also shown in Fig. 2, to the input 280 for the
microphone signal. In the present case, the indirect
coupling may possibly be effected while wutilizing the
time/frequency converter means 290. Also with regard to the
mode of operation of the parameter computing means 340,

reference shall be may to the description which follows.

Fig. 3c shows a further potential implementation of an
extraction means 250 as may be employed in the apparatus
200 of Fig. 2. The extraction means 250 shown in Fig. 3c
here is based on that shown in Fig. 3b, the parameter
computing means 340 being also shown, along with its
connections, as an optional component. Unlike the
extraction means 250 shown in Fig. 3b, the extraction means

250 shown in Fig. 3c comprises a distribution means 350
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which is coupled, with one input in each case, to the
outputs of the averaging means and of the gain filter 330,
respectively. The distribution means 350 has both the
stationary component signal of the averaging means 320 and
the non-stationary componenrt signal of the gain filter 330
provided to it.

On the output side, the distribution means 350 is coupled
both to the first output 250c and to the second output 250d
of the extraction means 250. The distribution means 350 is
implemented to decide, on the basis of the two component
signals made 'available to 1it, which of the two will be
provided to the subsequent component via the first output
250c. Depending on which of the two component signals 1is
concerned, the distribution means 350 further outputs a
control signal via the second output 250d of the extraction
means 250, said control signal comprising, for example,
information on which of the two compoﬁent signals 1is
present at the first output 250c, or the distribution means
350 outputs a corresponding control signal which comprises
parameters for the further processing of the component
signal output. With regard to the different parameters
which may be transmitted, for example, within the context
of the control signal, reference shall be may to the
description which follows.

Depending on the specific implementation, the distribution
means 350 may be implemented such that it transfers that
component signal to the first output 250c which comprises a
higher loudness, a higher energy or a higher energy value
as compared to the other component signal. Different
component signals may be output for different band signals,
for example.

The extraction means 250 shown in Fig. 3c thus differs from
those shown in Figs. 3a and 3b not least in that only one
of the two component signals is output at the first output
250c of the extraction means 250. As was already explained
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in connection with Fig. 2, only a control signal which
comprises information with regard to the component signal
output at the first output 250c is output by the extraction
means 250 shown in Fig. 3c.

Fig. 4a shows a first embodiment of the second echo
estimation filter 260, as 1is also shown as an optional
component in Fig. 2. The optional second echo estimation
filter 260 comprises two filter stages 360-1, 360-2, which
are each coupled, with an input, to an input 260a, 260b,
respectively, of the second echo estimation filter 260. The
two filter stages 360-1, 360-2 are additionally coupled,
with an output, to an output 260c, 260d, respectively, of
the second echo estimation filter 260.

The optional second echo estimation filter 260 shown in
Fig. 4a in this context is one which may be employed in
connection with the extraction means 250 shown in Figs. 3a
and 3b. More specifically, the second echo estimation
filter 260 shown in Fig. 4a enables parallel processing
both of the stationary component signal by the filter stage
360-1 and of the non-stationary component signal by the
filter stage 360-2. The two filter stages 360-1, 360-2 may
generally be configured to be identical or different,
depending on whether different echo estimation filters are
to be employed for modulating the acoustic environment 120
(as shown in Fig. 1) for the stationary and non-stationary
component signals. Naturally, the two filter stages 360-1,
360-2 may also be realized, in terms of circuit
engineering, by the same circuit elements, for example when
latching or Dbuffering of the one signal 1is also
implemented.

As was already explained in connection with discussing the
possibility of the two-fold implementation of the echo
estimation filters 240, 260 in connection with Fig. 2, the
filter stages 360 may also be filter stages which merely
realize a delay, for example. Of course, use may also be
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made, within the context of the second echo estimation
filter 260, of other filter stages than the echo estimation
filter stages described. The filter stage 360, for example,
comprises an optional control input for receiving control
signals so as to implement the filtering effect such that
it may be adjusted or influenced.

Fig. 4b shows a further form of implementation of the
optional second echo estimation filter 260, which differs
from that shown in Fig. 4a merely in that only one filter
stage 360 is implemented, which is connected between the
first input 260a and the first output 260c. In the
embodiment shown in Fig. 4, the signal incoming at the

second input 260b is transferred to the second output 260d.

The second echo estimation filter 260 shown in Fig. 4b thus
may be employed, for example, within the context of an
extraction means 250 as is represented in Fig. 3c. In this
case, the control signal, which comprises the information
on the component signal incoming at the first input 260a,
is not modified by the echo estimation filter 260.

Of course, the echo estimation filter shown in Fig. 4b may
also be implemented, in one embodiment, with the extraction
means 250 shown in Figs. 3a and 3b, for example when only
one of the two component signals is to be modified by the -
filter stage 360. Here, use may also be made, of course, of
a mirrored version of the echo estimation filter 260, which

filters the signal incoming at the second input 260b.

Fig. 5a shows an implementation of a computing means 270 in
accordance with an embodiment of the present invention, as
may be employed in connection with the apparatus 200 of
Fig. 2. Again, the computing means 270 here comprises the
first input 270a and the second input 270b. The computing
means 270 further comprises first and second filter
computing means 370-1, 370-2, which are coupled, on the
input side, to one of the two inputs 270a, 270b,
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respectively, of the computing means 270. More
specifically, the filter computing means 370-1 is coupled,
on the input side, to the first input 270a so as to
receive, for example, the stationary component signal.
Accordingly, the second filter computing means 370-2 is
coupled to the second input 270b so as to receive the non-
stationary component signal from the extraction means 250,
as is implemented, for example, in accordance with Figs. 3a
or 3b. In the event that the second echo estimation filter
260 is connected between the extraction means 250 and the
computing means 270, a signal derived from the respective
component signals 1is fed to both filter computing means
370.

With one output, the two filter computing means 370 are
coupled to a combination means 380, which for its part is
coupled, on the output side, to the output 270d. As an
optional component, the computing means 270 shown in Fig.
5a further comprises the third input 270c, which is
coupled, within the computing means 270, to both filter
computing means 370 and, as is also shown in Fig. 2, 1is
directly or indirectly coupled to the input 280 for the

microphone signal.

With regard to the mode of operation of the computing means
270, both filter computing means 370 are configured to
compute, on the basis of the component signals made
available to them and, optionally,. while taking into
account the microphone signal from the input 280,
corresponding filter coefficients which they subsequently
make available to the combination means 380. If the two
filter computing means 370 have signals derived from the
respective component signals made available to them which
are possibly modified by the second echo estimation filter
260, the filter computing means 370 perform the respective
computations on the basis of these signals. Irrespective of
this, however, the filter computing means 370 are thus
configured to compute first and second filter coefficients,
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respectively, on the basis of the component signals

provided by the extraction means 250.

The first and second filter coefficients computed in this
manner are then combined into a set of filter coefficients
by the combination means 380, and are then provided as
input data to the adaptive filter 210 via the output 270d
of the computing means 270. The combination may be
accomplished by a plurality of different operations.
Depending on the filter technology actually implemented,
which not least depends also on the time/frequency
converter means 230, 290 used and on the associated
frequency/time converter means 300, a multitude of
different possibilities of combining the first filter
coefficients and the second filter coefficients are
possible in order to obtain the filter coefficients for the
adaptive filter 210. Corresponding examples will Dbe
explained in more detail in the further course of the

description.

Fig. 5b shows a second computing means 270, which is very
similar to that of Fig. 5a. It differs from the computing
means 270 shown in Fig. 5a merely in that a selecting means
390 is now implemented instead of the combining means 380
of Fig. 5a, said selecting means 390 being implemented to
output, on the basis of the first filter coefficients and
the second filter coefficients, a set of filter
coefficients at the output 270d, which is either based on
the first filter coefficients of the first filter computing
means 370-1 or on the second filter coefficients of the
second filter computing means 370-2. Put differently, the
selecting means 390 is implemented to determine the filter
coefficients for the adaptive filter 210 either on the
basis of the stationary component signal or of the non-
stationary component signal.

Here the selecting means 390 may quite possibly perform
more complex mathematical relations on the basis of the
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respective set of filter coefficients of the computing
means 370. However, it differs from the combination means
380 of the computing means 270 of Fig. 5a in that it merely
takes into account a set of the two sets of filter

coefficients output by the filter computing means 370.

Fig. 5c shows a further computing means 270, which differs
from the computing means 270 shown in Fig. 5a in that the
computing means 270 of Fig. 5a merely comprises a filter
computing means 370, which is coupled to the first input
270a of the computing means 270. Additionally, in the
computing means 270 shown in Fig. 5c, the filter computing
means 370 1is coupled to the second input 270b and is
implemented to obtain, via same, parameters for determining
the filter coefficients. Also, as an optional component,
the filter computing means 370 of Fig. 5c may also be
coupled to the third input 270c so as to perform the filter
coefficient computation possibly on the basis of the

microphone signal.

The computing means 270 shown in Fig. 5c thus corresponds
to such a computing means which may be operated in
connection with the extraction means 250 shown in Fig. 3c,
and possibly with the second echo estimation filter 260
shown in Fig. 4b. Via the second output 250d of the
extraction means 250, corresponding parameters for
computing within the context of the filter computing means
370 are directly transmitted to the respective filter
computing means 370 via the second input 270b of the
computing means 270. For this purpose, the second input
270b 1is coupled to a parameter input of the filter
computing means 370, via which parameter input said filter
computing means 370 may receive additional parameters for
computing the filter coefficients.

Due to the fact that with this computing means 270, only
one single filter computing means 370 is implemented, a
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combination means and a selecting means may be dispensed
with.

Fig. 5d shows a further computing means 270, which is very
similar to that of Fig. 5c with regard to structure and
mode of operation. Unlike the computing means 270 shown in
Fig. b5c, that depicted in Fig. 5d further comprises a
parameter determining means 400 coupled between the second
input 270b and the corresponding parameter input of the
filter computing means 370.

Unlike the computing means 270 shown in Fig. 5c, the
computing means 270 shown in Fig. 5d may be operated in the
context of apparatuses 200, wherein the extraction means
250 provides, via the second output 250d, a control signal
which merely comprises information on which of the two
component signals is output by same via the corresponding
first output 250c. If the specifications, used within the
context of the filter computing means 370, for computing
the filter coefficients for the two component signals, or
if the signals based on same, merely differ with regard to
parameters, the respective parameter(s) may be computed,
depending on the component signal transmitted, by the
parameter determining means 400 while making use of the
computing means 270 as 1is depicted in Fig. 5d. The
parameter determining means 400 may therefore be
implemented, for example, as a memory or as a computing
circuit. If it 1is implemented as a memory, read-only
memories (ROM), non-volatile memories (NVM) or random

access memories (REM) are possible.

Fig. 5e shows a further computing means 270 which comprises
two filter computing means 370-1, 370-2, depending on the
component signal on the basis of which the filter
coefficients for the adaptive filter 210 are to be
computed. Here, both filter computing means 370 are
coupled, on the input side, to the first input 270a. 1In
addition to the optional coupling at the optional third
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input 270c, both filter computing means 370 are each
coupled to an input of a distribution point 410,
respectively, which distribution point is coupled, with an
output, to the output of the computing means 270. The
distribution point 410 additionally comprises a control
input, which 1is coupled to the second input 270b of the
computing means 270.

The computing means 270 of Fig. 5e thus enables computing
the first set of filter coefficients on the basis of the
filter computing means 370-1, and computing a second set of
filter coefficients on the basis of the second filter
computing means 370-2 on the basis of the signals incoming
at the first input 270a. The selection as to which filter
coefficients of the two filter coefficients computed by the
filter computing means 370 are finally forwarded to the
output 270d is made in dependence on the signal which is
forwarded to the control input of the distribution point
410 via the second input 270b. In dependence on the control
signal at 1its control input, the distribution point 410
couples one of the two inputs to the output 270d.

The computing means 270 of Fig. 5e may thus be operated,
for example, in connection with the extraction means 250 as
is shown in Fig. 3c, wherein a <control signal is
transmitted, via the second output 250d, which includes
information on the component signal transmitted via the
first output 250c. The computing means 270 shown in Fig. 5c
may thus be implemented, for example, when the computing
specifications for the two component signals which are used
in the context of the filter computing means 370 differ to
such an extent that they cannot be converted efficiently by

a simple change in parameters.

Of course, it should be noted here that the various
extraction means 250 as are described in Figs. 3a to 3c,
the various echo estimation filters 260 as are described in

Figs. 4a and 4b, and the various computing means 270 as are
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described in Figs. 5a to 5e may be mutually combined with
regard to individual aspects. For example, a means which in
addition to performing a selection of the filter computing
means 370 to be coupled to the output 270d performs a
further manipulation, e.g. a computation, on the basis of
the filter coefficients, may be used, for example, in the
computing means shown in Fig. 5e instead of the

distribution point 410.

Embodiments of the present invention as were already
described in Figs. 2 to 5 represent a novel technique that
enables separate suppression of stationary and non-
stationary echo components. This is achieved by estimating
the echo separately from the fluctuating and stationary
components of the loudspeaker signal. Then, two
corresponding echo removal filters are computed for both
signal types in embodiments of the present invention. The
echo removal filters may be optimized individually in order
to achieve the best echo suppression performance possible
while minimizing artifacts and disturbances of the near-end

signal.

The further description is organized as follows. Initially
a model for the loudspeaker signal is proposed.
Subsequently, according to this model, stationary and non-
stationary components are separated, which may be conducted
on the basis of an estimation of the stationary components.
Then the power spectra of the stationary and non-stationary
echo components are estimated on the basis of the echo
estimation filters. Correspondingly, in some embodiments of
the present invention, two echo removal filters are
computed. Subsequently, separation of the stationary and
non-stationary components may be adapted on the basis of an
analysis of an a posteriori performance of the echo removal
filters.

With regard to signal modeling it is to be stated that an
estimation of the echo contribution spectrum or of the echo
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power spectrum using an echo estimation filter is typically
not very accurate under practical conditions, since only a
fraction of the true echo path length can be considered. To
prevent that these accuracies result in residual echoes,
echo removal filters are computed such that they
aggressively suppress echoes, so that no residual echoes
remain. This is achieved by overestimating the echo power
spectrum and by performing time-smoothing, which favors
small gain filter values.

When the loudspeaker signal contains stationary noise, the
echo suppressor will attempt to suppress the echo of said
stationary noise. Due to the above-mentioned aggressive
echo suppression filters, this very frequently leads not
only to the suppression of the stationary noise echo, but
also to impairment of the stationary near-end noise and

near-end speech.

The approach proposed here mitigates this problem by using
two different echo suppression paths for stationary and
non-stationary signals, respectively, as is also
illustrated in Fig. 6.

Fig. 6 shows a block diagram of an apparatus 200 1in
accordance with an embodiment of the present invention,
comprising a loudspeaker 100 and a microphone 110. The
loudspeaker 100 has a loudspeaker signal x[n] made
available to it, which is provided to an extraction means
250. The extraction means 250 is also referred to as a
steady-state discriminator (stationary discrimination). As
was already explained in connection with Fig. 2, the
extraction means 250 comprises two outputs, which are
coupled to the computing means 270. In addition, the
computing means 270 also has the signal vy([n] of the
microphone 110 made available to it.

As was also shown in Fig. 5a, the computing means 270
comprises a first filter computing means 370-1 for the
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stationary component signal, and a filter computing means
370-2 for the non-stationary component signal, which are
output by the extraction means 250. In addition, both
filter computing means 370 are provided with the microphone
signal, respectively.

On the basis of the signals made available to them in each
case, both filter computing means 370 compute filter
coefficients Hy and Hs, which are provided to a combination
means 380. To this end, both filter computing means 370 are
coupled to the combination means 380 with one output,
respectively. The combination means 380, for its part,
outputs, to an adaptive filter 210, the filter coefficients
which have been computed or determined on the basis of the
two sets of filter coefficients Hy and Hsg.

In order to eventually obtain an echo-suppressed signal
e[n] from the microphone signal y[n], the adaptive filter
210 1is additionally coupled to the microphone so as to
receive the microphone signal at an input. The echo-
suppressed signal e[n] 1is present at an output of the
adaptive filter 210.

The adaptive filter 210 thus conducts the actual echo
suppression, wherein the two filter computing means 370
each compute echo removal filters in the form of
corresponding filter coefficients, which are then combined
into the effective echo removal filter by the combination
means 380.

With regard to the representation in Fig. 6 it is to be
noted that the block diagram depicted in Fig. 6 1is a
simplified block diagram wherein e.gq. time/frequency
converter means which are possibly implemented, as well as
echo estimation filters are not shown in order to simplify
the representation.
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Non-stationary (speech) echoes should be suppressed
aggressively in order to avoid residual echoes which in
this case might be perceived as annoying. Stationary
echoes, however, which might stem from stationary noise in
the loudspeaker signals, are typically suppressed in a less
aggressive manner so as to prevent artifacts such as tonal

disturbances.

In order to generate a suitable model, the signal x([n],
which 1is emitted by the 1loudspeaker, may be split in
accordance with

x[n] = xs[n] + xu4[n] (1)

where xs[n] models the contributions of the non-stationary
speech, and xy[n] models the contributions of the
stationary noise. The discrete time index is denoted by the
variable n.

With regard to the separation of the stationary and non-
stationary components, a short-time Fourier analysis (STFT)
is initially performed on both sides of the model indicated
in equation (1), which yields

X[k,m] = Xs[k,m] + Xy,[k,m] , (2)

where m denotes a frequency and k 1s a temporal data block
index. Both m and k are integers. In equation (2) the non-
stationary and stationary components of the loudspeaker
power spectrum |X[k,m]2 are denoted by'|X$[k,m]2 and Pgik,m]z.
It is reasonable to assume that xg[n] and x,[n] are

uncorrelated and have a mean value approaching zero.

It then follows that Pdk,m]z is given by

IX[k, m]2 ~ |Xs[k, m]2 + |Xw[k, m]2 ) (3)
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For this reason, the instantaneous power spectrum of the
N 2
XJk,m] of the loudspeaker

signal xs[n] may be recovered by subtracting an estimate of

non-stationary component signal

the power spectrum of the stationary component signal
Ika,nﬂz from the power spectrum of the loudspeaker signal
|XR,nﬂz in accordance with

|/\"S[k,m]2 =|X[k,m]2 - /\A’w[k,m]2 . (4)

In practice, XJk,m]z is estimated by filtering the power

spectrum of the loudspeaker signal |X&,mr in accordance
with

|)2'X[k,m]2 = 15:‘[k,m]2 /\A’w[k,mlz . (5)

The filter Fy«[k,m], which is also referred to as a gain
filter, can be written in its generic form, in accordance

with Reference [7], as follows

1

X[k, m]™ - 8, %[k ] [
X[k, m]™

F. [k, m] = , (6)

where yy is an exponent and fy ié a control pérameter, or
parameter for controlling the intensity of the suppression
of the stationary signal components for the event that same
is under- or overestimated. Separation of the stationary
and non-stationary components will be illustrated with
reference to Fig. 8 for a frequency of 1 kHz.

The functionality described by equations (5) and (6) 1is
performed, in the embodiments described in Figs. 2 to 6, by
the gain filter 330 of the extraction means 250.
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The stationary noise estimation can be performed by
updating the estimated noise short-time power spectrum
- 2

th,nd over time. At each data block (frame) k, the noise

power spectrum is updated in that single-pole averaging is

performed with two time constants for deciding whether
speech or noise is present. A small attack time constant
reflects that the current data block comprises noise. A
large release time constant reflects that the current data

block comprises speech.
In practice, this is implemented in accordance with

(/1||X[k, m]2 +(1- 4, j/\}w[k —l,m]2

if |X[k,m]2 > )A(W[k—l,m]2

%, ] = , (7)
,uz|X[k,m]2 +(1 - X)A(w[k —l,m]2

Lotherwise

where p; is the attack time constant, and u, is the release
time constant. More specifically, the parameters u; and u;
which come up in equation (7) are dimensionless parameters
for which uy; < p; applies. Taking into account the sampling
frequency, however, these parameters may be interpreted and
referred to as the above-indicated time constants, for

example. As the proportionality relation (16) below will

also show, the actual time constants and the parameters are
each inversely proportional to one another. The attack time
constant p; may comprise a value of 10000 ms = 10 s, for
example, whereas the release time constant may correspond
to a value of 10 ms while taking into account the sampling
rate.

In the embodiments of the present invention which are
described in Figs. 2 to 6, the functionality of equation
(7) 1is implemented by the averaging means 320 of the

extraction means 250.
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With regard to an echo power estimation, an estimate of the
echo spectrum of the echo signal may be achieved by
applying an echo estimation filter G[k,m] to a temporally
delayed version of the loudspeaker power spectrum in
accordance with

9k, m]° = Gk, mPxk - d, n] , (8)

where l?&,nﬂz denotes an estimate of the power spectrum of
the echo within the microphone signal. When using equation
(3) it follows that the echo resulting from the non-
stationary loudspeaker signal component is given by

?,[k, m]" = ¢k, m]?

Xs[k - d, m]z, (9)

and the echo given by the stationary loudspeaker signal
component is

7.0k, m]" = ok, mfR [k - d n]" . (10)

Depending on the specific implementation of an embodiment
of the present invention as is depicted, for example, in
connection with Figs. 2 to 5, the functionality described
by equation (8) may be implemented by the first echo
estimation filter 240, for example. Accordingly, the
functionalities described by equations (9) and (10) may ‘be
implemented by the second echo estimation filter 260 by the
two filter stages 360-1, 360-2.

As was already mentioned above, the delay functionality
with regard to the signals having the delay value d and
occurring in equations (8) to (10) may also be implemented
by said echo estimation filters 240, 260. Alternatively,
said delay functionality may naturally also be realized by
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the time/frequency converter means 230, 1if no independent
delay means is implemented.

With regard to the echo removal filters, the associated
echo removal filters Hg[k,m] and H,(k,m] are computed and
applied to the microphone signal in order to suppress the
echo signal starting from the non-stationary and stationary
?Jk,nﬂz and ﬁw&,nﬂz. In the case of an
embodiment comprising a computing means 270 as is shown,

echo estimates

for example, in Fig. 5a, this 1is effected in accordance
with

Elk, m] = H[k, mH, [k ml¥[k, m} . (11)

In this case, a multiplication of the respective filter
coefficients of the echo removal filters H,[k, m] and H,[k, m]
is performed in the combination means 380, which
corresponds to a series connection of the respective echo
removal filters. Multiplication of the respective filter
coefficients in the frequency-based domain corresponds to a
convolution of the respective impulse responses in the time

domain.

By realizing the echo removal filters in a factorized
manner as is also depicted in equation (11), it is possible
to introduce different gain factors as parameters for the
different echo components. The filter components of the
non-stationary echo removal filter may be computed, for

example, in accordance with

Yabs Y |v.
maxUY[k, m]™ - B,|% [k m]y’ ,10 2 J ’

[k, m]"

Hylk, m] =
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and those of the stationary echo removal filter may be

computed in accordance with

vobo Y [y
max@Y[k, m]™ - Bw!?w[k, m]y",lo 20 ]

H,[k, m} = RORENIE . (13)

<
<

The design parameters Bs, Vs, Pw and ysw may be used to
control the intended performance for each of the echo
removal filters. Depending on the specific implementation
of embodiments of the present invention, said design
parameters may be selected to be fixed, designed to be
adaptable, programmable or modifiable in any other manner.
A typical choice of the exponential parameters is Vs = Yw =

2, for example.

The so-called overestimation factors fBs and B, are used for
controlling the aggressiveness of the echo attenuation. For
example, the aggressiveness of the corresponding echo
removal filter may be increased by increasing the
overestimation factor. Therefore, a typical choice of the
stationary echo removal filter Hu[k,m] with regard to the
parameter B, = 2, in order to apply only moderate echo
attenuation. )

On the other hand, the echo removal filter responsible for
the suppression of non-stationary echo components is to be
designed in a highly aggressive manner in order to
effectively attenuate disturbing speech components in the
echo signal. The overestimation factor Bs is therefore
frequently designed to Dbe larger than B,, so that
typically, PBs > Bw. Provided that B. = 2 is selected, (s may
comprise values in the range of 20 > Bs > 2 = By, for
example (e.g. Bs = 4). Generally, B, and Bs belong to the
same order of magnitude.
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The 1limit wvalues Lgs and L, determine the maximum echo
attenuation allowed in decibel (dB). A typical value of the
stationary echo removal filter is L, = -10 dB or -15 dB,
which expediently 1limits the attenuation for stationary
echoes so as to reduce accidental artifacts. In the case of
non-stationary speech at the far end, the attenuation
should ensure complete attenuation of the corresponding
echo components, which corresponds to a limit value for Lg

of about -60 dB for non-stationary component signals.

The functionality as is designated by equations (12) and
(13) may be implemented and realized, in the embodiments
described in Figs. 2 to 6, in the context of the filter

computing means 370.

In some embodiments of the present invention, the actual
echo suppression is not performed directly by applying the
echo removal filters, as is described in equations (12) and
(13). Rather, the corresponding echo removal is performed
on the basis of a corresponding time-smoothed version. As
in the case of the above-described design parameters, the
time smoothing parameters are typically manually tuned and
optimized separately for the non-stationary and stationary
echo suppression, respectively. Thereby, the perceivable
audio quality can be further improved, as the requirements
for the suppression of stationary noise components differ

from those for non-stationary speech components.

Such a functionality may be performed, for example, within
the context of the filter computing means 370 themselves or
in any means downstream from them, for example in the
combination means 380, the selecting means 390 or the
distribution point 410. It is also possible to perform such
a time smoothing directly within the context of the
adaptive filter 210, if need be.
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With regard to the above-mentioned improvement in quality
it is known, for example, that increased smoothing is to be
applied in cases where stationary signal components are
suppressed, so as to avoid so-called tonal disturbances, as
is described in Reference [8]. On the other hand, it also
should be ensured that the attenuation applied of the non-
stationary echo removal filters favors small values so as
to cause a sufficiently high attenuation of the echo, said
attenuation being due to the reverberation of the echo
path. However, this should not degrade the trackability of
the adaptive  filter 210 in cases of fast-changing echo
levels. This discussion, which tends to be a qualitative
one, clearly shows the necessity of individual adjustment
and optimization of the echo removal filters indicated by
equations (12) and (13).

Fig. 7 shows a further embodiment of the present invention
in the form of a larger, more complete block diagram or
flow chart of an acoustic echo attenuation algorithm
proposed and. described in the context of the present
description. Fig. 7 shows an embodiment of the present
invention as is quite similar to the embodiment described
in Fig. 2. Here, too, the apparatus 200 comprises a
time/frequency converter means 230 in the form of a short-
time Fourier transformation wunit (STFT) which has the
loudspeaker signal x[n] provided to it. By way of example,
the upper part of Fig. 7 shows a curve 420 of the
loudspeaker signal x[n] as a function of time, plotted over

the time index n.

In addition to converting the signal x([(n] from the time
domain to the frequency domain, the time/frequency
converter means 230 also performs the above-mentioned delay
by the delay value d. Theféfore, the spectrum X[k - d,m],
which generally is a complex-valued spectrum, is available
at the output of the time/frequency converter means 230.
Said spectrum X[k - d,m] is provided to the extraction
means 250, which in turn is designated by the letters SD



10

15

20

25

30

35

WO 2009/095161 PCT/EP2009/000270

(stationary discrimination) in Fig. 7. As was already
explained in connection with the embodiment described 1in
Figs. 2 to 5, the extraction means 250 also provides, in
the embodiment shown in Fig. 7, a stationary component
signal in the frequency domain X,[(k,m,], and a non-
stationary component signal in the frequency domain
Xs[k,m]. Said component signals are made available to the
computing means 270.

In addition, the embodiment, shown in Fig. 7, of an
apparatus 200 comprises a time/frequency converter means
290, which is also implemented in the form of a short-time
Fourier transformation wunit (STFT). Said time/frequency
converter means 290 has a microphone signal y[n] provided
to it as an input signal, as 1is depicted, by way of
example, by a curve 430 in the top part of Fig. 7. The
time/frequency converter means 290, too, Ggenerates a
corresponding representation of the microphone signal

Y[k,m] in the frequency domain, the index k again denoting

the data block, and the index m denoting the frequency band
or the frequency value or the spectral coefficient. This
spectrum Y[k, m], too, is generally a complex-valued
spectrum.

However, unlike the time/frequency converter means 230, the
time/frequency converter means 290 comprises no additional
delay functionality. Generally, this is not necessary as
the propagation speed of Ssound waves (speed of sound),
which leads to the delay in the signal y[n] picked up by
the microphone as compared to the associated loudspeaker
signal x[n), 1is <clearly lower 1in comparison with the
propagation speed of electrical signals in circuits and

other components.

To illustrate this, a first bracket 440 is shown with
respect to the loudspeaker signal x([(n] as regards the two
curves 420, 430 in the top part of Fig. 7. With regard to
the microphone signal y([n], a second bracket 450 is shown
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in Fig. 7 which designates the range of the microphone
signal y[n}] which corresponds to that portion of the
loudspeaker signal x[n] which is designated by the bracket
440. The loudspeaker signal x[n] and the microphone signal
y[n] are therefore mutually shifted by a delay value d, as
is also indicated by an arrow 460 in Fig. 7.

In the embodiment shown in Fig. 7, the spectra of the
loudspeaker signal and of the microphone signal are
provided to an echo estimation filter means 470, which
estimates the echo estimation filter or its components
Gﬁ,m] on the basis of the incoming signals. These filter
coefficients are also transmitted to the computing means
270.

The computing means 270, in turn, comprises two filter
computing means 370-1, 370-2 for the stationary component
signal and the non-stationary component signal, both filter
computing means 370-1, 370-2 further having the spectrum of
the microphone signal as well as the filter coefficients
for the echo estimation filter Glk, m] provided to them in
the embodiment shown in Fig. 7. Both filter computing means
370 therefore implement not only the actual filter
computing functionality, as was explained in connection
with the embodiment of Figs. 2 to 5, but they also
implement the functionality, contained therein, of the
second echo estimation filter 260.

As was also shown in connection with Fig. 5a, both filter
computing means 370, which are also referred to as ERF
(echo removal filter) in Fig. 7, are coupled to a
combination means 380, which is referred to as FC (filter
combination) in Fig. 7. Said combination means 380 combines
the filter coefficients obtained from both filter computing
means in order to generate the filter coefficients for the
adaptive filter 210.
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Accordingly, as was already illustrated by the embodiments
discussed in connection with Figs. 2 and 5, the combination
means 380 is coupled to the adaptive filter 210, which in
Fig. 7 is referred to as SM (spectral modification). Said
adaptive filter 210 performs the associated spectral
modification on the basis of the spectral representation
Y(k,m], also made available to it, of the microphone signal
y[n] in order to attenuate or to suppress the echo
contained within the microphone signal.

Finally, the adaptive filter 210 1is coupled to a
frequency/time converter means 300, which 1is an inverse
short-time Fourier transformation unit (ISTFT). The latter
outputs, in the time domain, the signal e[n] cancelled by
the echo.

Embodiments of the present invention in the form of
corresponding methods or apparatuses 200 as is shown, for
example, in Fig. 7 enable a reduction in the number of
artifacts introduced due to spectral modification by the
adaptive filter 210. In other words, embodiments of the
present invention thus enable power control with respect
thereto. When only far-end speech 1is present, the echo
suppression process should be sufficiently aggressive not
to allow any signal to pass through, so that it may
possibly not be desired, in such a situation, to separate
the non-stationary and the stationary signals and component
signals. For this reason, it may possibly be advisable in
such a situation to accordingly adapt the control parameter
Bx, which céntrols or at least influences the very
magnitude of the stationary component signal which 1is
subtracted from the loudspeaker signal, in equation (6) by
detecting this situation which has just been described.

In order to differentiate between the situations when only
far-end speech is output by the loudspeaker signal, two
different parameters are computed. This includes,

initially, the so-called prédiction gain, which corresponds
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to full-band averaging of coherence functions between the

loudspeaker channel and the microphone channel. As a second

parameter, use is made of the voice activity within the
loudspeaker channel, which, for example, may be derived
from a comparison of the temporal signal levels of the
loudspeaker signal or from codec-specific parameters as are
used, for example, specifically with codecs suitable for
voice transmission. These codecs include, for example, LPC-
based codecs or CELP-based codecs (CELP = code excited
linear prediction, or code book excited linear prediction),
the term codec being an artificial word created by
combining the abbreviations of the English terms coder and

decoder.

The prediction gain or echo prediction gain w[k] describes
the level of similarity between the microphone signal and
the delayed 1loudspeaker signal. Computation of the
prediction gain w(k] is performed on the basis of a squared
coherence function between the delayed power spectrum of

the loudspeaker signal |th,nﬂz and the power spectrum of

the microphoné signal|Y[k,m]2 in accordance with

- [edtali m'lelc =T }f
" k. nf K, [k o] Bl ot o]}

(14)

where E{...} designates the mathematical expectation value.
Said mathematical expectation value may be obtained within

the context of a short-time estimation of the coherence
function RJk,nﬂ by computing or approximating the

expectation value Ebgik,m]qu,nﬂz} in accordance with

efx, [k, mPlvk, 0]} = of, [k, m]Y¥[k, o]
N N m)’|v[k - 1, m]z}
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The factor o determines the degree of smoothing of the
estimation over time. This factor has a time constant
connected to it, since equation (15) roughly corresponds to
an exponential decay. The time constant T4 of the

exponential decay in seconds is approximately

where fs denotes the sampling frequency. In other words,
the proportionality relation (16) illustrates how factors
which are actually dimensionless (here «), relating to the

sampling rate f;, may be indicated as time constant (here
To-

The prediction gain wl[k] is then computed as the mean value
of the coherence functions Edk,nﬂ over the frequencies
which are indicated by the indices m = 0, ..., M - 1, in

accordance with

M-1
w[k]:ﬁzrd[k,m] , (17)
m=0

where M denotes the very number of frequency bands.

~ An  echo gain factor close to 1 signifies that the

microphone signal can be (almost) fully predicted on the
basis of the delayed loudspeaker signal. Therefore, the
likelihood that the microphone signal contains only far-end
speech tends toward 1. The control parameter B, can then be
controlled in relation to the prediction gain w. Whenever
the prediction gain 1is high, only far-end speech is
present, and the echo attenuation should be sufficiently
aggressive to remove all (echo) signals. Thus, the noise is
kept within the non-stationary path and is removed with the
lowest limit value Ls in decibel (dB) in that the control

parameter By = By = 0 is chosen. Whenever the prediction
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gain is 1low, both near-end and far-end speech may be
present, so that the echo suppression should be less
aggressive so as not to introduce artifacts. In this case,
noise is processed through the stationary path, and 1is
removed with the limit value L, in decibel (dB). Moreover,

the control parameter By = Bw 1s used in this case.

In this <case it should be noted, however, that the
prediction gain could be high if the loudspeaker signal
contains only noise which is picked up by the microphone
without the presence of speech. To prevent that the value
of the control parameter By is chosen to be too large in
this case, which would lead to excessive suppression, a
second control parameter is used, namely the voice activity
within the loudspeaker channel. Therefore, the above-
described rules for computing the control parameter Bx as a
function of the prediction gain © actually apply only when

speech is active within the loudspeaker channel.

In the embodiment depicted in Fig. 7, this functionality,
which is described by equations (14) to (17), is performed
by the computing means 270, more specifically by the two
filter computing means 370 and the combination means 380. A
corresponding implementation is naturally also possible
within the context of the embodiments described in Figs. 2
to 5 in that fhe computing means 270 possibly not only has
the microphone signal, which is optionally drawn in in Fig.
2, provided to it via the input 280, but also has the
possibly unmodified loudspeaker signal provided to it via
the input 220.

To illustrate the mode of operation of the embodiments of
the present invention in more detail, signal processing
will be described below in connection with Figs. 8 to 10.
Fig. 8 shows the separation or extraction of the stationary
component and the non-stationary component of the
loudspeaker signal. In the partial illustration a, Fig. 8

shows the loudspeaker power spectrum at a frequency of 1
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kHz, which is plotted as a function of time in a range from
about 5 s to about 7.5 s. The abscissa of the partial
illustration ¢ here applies to all three partial
illustrations a to c¢. Partial illustration b shows the
corresponding power spectrum of the non-stationary
component, whereas partial illustration c¢ reflects the

corresponding power spectrum of the stationary component.

The non-stationary component, or the associated non-
stationary component signal, depicted in partial
illustration 8b comprises high values in each case when the
associated power spectrum in the partial illustration 8a,
too, comprises correspondingly high contributions. In the
areas between these ranges, however, the non-stationary

component disappears almost completely.

By contrast, the stationary component, which was determined
by the floating, recursive averaging in accordance with
equation (7), exhibits values which, as compared to the
non-stationary component of Fig. 8b, are clearly smaller in
magnitude and which, however, exhibit a clearly smoother
curve on account of the floating averaging. In particular,
the stationary component in Fig. 8c, and/or the associated
stationary component signal in the time period from about
6.4 s exhibits an exponential or exponential-like drop as
was also mentioned in connection with the proportionality
relation (16). This decay here is due to the fact that the
power spectrum in Fig. 8a in this range comprises no more
high values which are due to corresponding speech signals.
The spectral» contributions exceeding the stationary

component drop accordingly.

On the basis of the data shown in Fig. 8, Fig. 9 depicts
the associated echo removal filters. More specifically,
Fig. 9 shows the two associated echo removal filter curves
Hs and H, for the frequency of 1 kHz, which are computed on
the basis of equations (12) and (13). Partial illustration
9a shows the echo removal filter Hs; for the non-stationary
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component at the frequency of 1 kHz, said filter being
computed in accordance with equation (12) . Partial
illustration b shows the corresponding echo removal filter

for the stationary component H, in accordance with equation
(13).

Fig. 10 illustrates on the basis of the same data, which is
plotted on a larger time scale, however, as is shown by the
abscissa of the partial illustration 10c, which also
applies to the partial illustrations a and b. Fig. 10
illustrates the relation between the strength of the
control parameter By and the stationary/non-stationary
separation in partial illustration 10a, and of the
prediction gain @ in partial illustration 10b along with
the voice activity of the loudspeaker channel in partial
illustration 10c.

More specifically, Fig. 10 illustrates the relationship
between the .control parameter Ry and the two control
parameters ® and the voice activity, as were introduced in
the above description. The first third of the simulation
underlying Fig. 10 corresponds to the situation where only
far-end speech is present, which is characterized by a high
prediction gain. In this case, the control parameter Bx 1s
set to the value Bx = Bs = 0, so as to suppress the non-
stationary component in an aggressive manner, and to also
suppress the stationary component, in order not to allow

any signal to pass through.

The second third of the simulation corresponds to the
situation where speech is present only at the far end,
which 1is recognizable and, thus, detectable, by a low
prediction gain © and a lack of voice activity in the
loudspeaker signal. Then the control parameter [y is
selected to be 1large so as to allow all stationary
components to pass through the stationary path and to be
removed with as little aggressiveness as possible so as not
to introduce any artifacts. The last third of the
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simulation corresponds to a double-talk situation wherein
the control parameter By ranges between low values whenever
voice activity is present in the loudspeaker channel, and

larger values when no voice activity is detected.

In the embodiments of the present invention which have been
described so far, as was illustrated, for example, in Fig.
6, which may also be regarded as a general flow chart of a
corresponding embodiment in accordance with the present
invention, separate suppression of the stationary and non-
stationary echo components is not achieved by separating
the corresponding loudspeaker signals, but is performed by

estimating the overall echo signal.

In these embodiments of the present invention, an
estimation of the power spectrum of the echo signal is
achieved by applying an echo estimation filter G[k,m] or
G[k,m]? to a delayed version of the Iloudspeaker power
spectrum in accordance with equation (8), where |?Dg m]2
represents an estimate of the power spectrum of the echo,
which estimate is contained in the microphone signal.
Separating the loudspeaker power spectrum into stationary
components |Xw[k,m]2 and non-stationary components |XJk,mF
in accordance with equation (3) results in that the echo
originating from the non-stationary loudspeaker signal
component is given by equation (10), and that the echo
originating from the stationary loudspeaker signal

components is given by equation (9).

Using the non-stationary and stationary echo estimates

?Jk,m]2 and '|iik,m]2, the corresponding echo removal
filters Hg(k,m] and H.[k,m] can be computed. These echo
removal filters are then combined and applied to the
microphone signal so as to suppress the echo signal, which
is effected in accordance with the equation

E(k,m] = H{k,mlY[k,m] , (18)
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where H(k,m] is given by

H(k,m] = combination(Hs[k,m], H.[k,m]) . (19)

One possibility of combining the different echo removal
filters Hgl[k,m] and Hy,[k,m] is to use the product of same
in accordance with equation (11), which corresponds to
connecting the two filters in series.

A further possibility is to use the respective minimum of
the echo removal filters in accordance with

E(k,m] = min(Hs(k,m], H.[lk,m])Y[k,m] , (20)
where the function min(...) represents the minimum of the
respective values. Put differently, in this case, the
relation combination (...) = min(...) applies.

As was already explained above, these computations may be
performed, for example, in the combination means 380, but
may also be performed in the selecting means 390 or the
distribution point 410. In addition, more complex
combinations and computations of the individual suppression
filters, which are based, for example, on linear
combinations or nonlinear equations, may also be performed
in the respective means. Likewise, it 1is possible to
perform the corresponding combination not in a bandpass-
signal-wise manner, but based on groups of bandpass
signals, or for all bandpass signals in the same manner.

By realizing the echo removal filters in this combined
manner it is possible to introduce different gains for
different echo components. The non-stationary echo removal
filter 1is computed in accordance with equation (12),
whereas the stationary echo removal filter is computed in
accordance with equation (13).
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The actual echo suppression is frequently not performed on
the basis of the direct application of the echo removal
filters in accordance with equations (12) and (13), but is
rather performed on the basis of corresponding time-
smoothed versions. As in the case of the above-described
design parameters, the time smoothing parameters, too, may
be manually adjusted separately for non-stationary and
stationary echo suppression. In this manner, the audio
quality perceived may be further increased, since the
requirements for the suppression of the stationary noise
components differ from those for the non-stationary speech

components.

For example, it is well known that it is advisable to use a
more intense smoothing in those cases where stationary
signal components are to be suppressed, so as to avoid so-
called musical tones. On the other hand it is to be ensured
that the smoothing which is applied to non-stationary echo
removal filters favors smaller values so as to sufficiently
suppress echoes which originate from long contributions of
the echo patﬁ, or long tails of the echo path. However,
this should not impair the succession behavior in the case
of fast-changing echo levels. This qualitative discussion
clearly shows the necessity of individually adapting and
optimizing the two different echo removal filters in

accordance with equations (12) and (13).

In the following, a further approach in accordance with a
further embodiment of the present invention in the form of
a method and/or an apparatus will be described wherein
separate echo removal filters are applied to the stationary
signal components and the non-stationary signal components.
Fig. 11 shows the corresponding block diagram of an
apparatus 200 comprising a corresponding adaptive filter
210. Due to the large number of structural similarities,
reference shall be made below in particular to the
description of the embodiments shown in Figs. 2 to 5 and 6
and 7.
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The apparatus 200 in accordance with an embodiment of the
present invention again includes a loudspeaker 100 or a
terminal for a 1loudspeaker 100 or an input for a
corresponding loudspeaker signal x[n]. Said loudspeaker
signal x([n] 1is transformed to a spectral representation
X[k,m] of the loudspeaker signal within the context of a
time/frequency converter means 230 referred to as DFT
(discrete Fourier transform). Said loudspeaker signal 1is
provided to a delay means 480, which generates a delayed
version of same X[k - d(k,m), m], d(k,m) being the

corresponding delay value.

The signal delayed by the delay means 480 is then provided

to a first echo estimation filter 240, which generates an
echo estimation signal Y[k, m] on the basis of filter

coefficients G[k,m]. Said echo estimation signal Y[k, m] is
provided to an extraction means 250, which generates, on
the basis of the spectral coefficients of this estimated
echo signal, non-stationary and stationary power spectra of
this signal as (derived) component signals of the
loudspeaker signal. Thus, the extraction means 250 outputs

the signals ﬁJk,mr and ﬁJk,mr to a computing means 270.

The microphone signal y[n] of a microphone 110 is also

-provided to a time/frequency converter means 290 configured

as a DFT, which generates a spectral representation Y[k,m]
of the time signal y[n] from same. This signal is supplied
via an energy value computing means 490, which, on the
basis of the spectral components of the microphone signal,
determines a power spectrum of said spectral components by
squaring the (absolute) magnitude of the individual values.
The power spectrum thus obtained is also provided to the
computing means 270, which together with the above-
described power spectra computes the two echo removal
filters Hg[k,m] und Hy(k,m] the filter coefficients of the
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actual adaptive filter H[k,m] and forwards them to the
adaptive filter 210.

The adaptive filter 210 is also coupled to the output of
the time/frequency converter means 290 and thus also
receives the spectral components Y[k,m] of the microphone
signal y[n], from which it generates the echo-suppressed
signal in the frequency domain or frequency-related domain
E(k,m], while taking into account the filter coefficients
H[k,m]. This echo-suppressed signal is then provided to the
frequency/time converter means 300 configured as an IDFT
(inverse DFT), which eventually converts this signal back

to the time domain.

For determining the delay value d(k,m) for the delay means
480, and for determining the echo estimation filter
coefficients for the echo estimation filter 240, both the
spectral representations of the loudspeaker signal X[k, m]
and the spectral representations of the microphone signal
Y[k,m] are transmitted to corresponding energy computing
means 500, 510 which are coupled to the outputs of the two
time/frequency converter means 230, 290. The energy
computing means 500 is coupled to the output of the
time/frequency converter means 230, and the energy
computing means 510 1is coupled to the output of the

frequency/time converter means 300.

Both energy value computing means 500, 510 each compute, by
analogy with the energy computing means 490, power spectra
by squaring the magnitudes of the respective spectral
components and provide these values to a further computing
means 520. The further computing means 520 then determines,
on the basis of the values made available to 1it, an
estimate for the delay d{(k,m) and values for the filter
coefficients G[k,m] for the echo estimation filter 240. The
corresponding above-mentioned values are then transmitted
to the delay means 480, on the one hand, and to the echo
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estimation filter 240, on the other hand, with which the
further computing means 520 is also coupled.

As can also be seen from the embodiment shown in Fig. 11,
the separation of the respective component signals
(?s[k,m]2 and |iik,m]2) may thus be performed on the basis
of an estimation of the echo signal spectrum ?k,m], which

is computed in accordance with

¥k, m] = [k, miK[k - d, m] . (21)

This computation is conducted in the echo estimation filter
240.

The definition of the two echo removal filters Hs[k,m] and
Ho[k,m] in accordance with equations (12) and (13) remain
unchanged. The same applies to the determination of the

combined echo removal filter H[k,m].

The additional method described in Fig. 11, or the
associated apparatus 200, is thus based on the assumption
that the stationary and non-stationary echo components of
the estimated echo signals are also uncorrelated, so that
N 2
|Y[k, m]‘ ~

2.l n]’ + [k o] . , (22)

The estimated power spectra of the stationary echo
components may then be determined by subtracting an
estimate of the stationary component of the echo estimate
iik,m]z from the power spectrum of the estimated echo
signal I?[k, m]2 . Thus,

7. [k m]2 = |Y[k, m]2 - I?w[k, m]2 . (23)
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In practice, the signal |?Jk,m]2 is estimated by filtering
the power spectrum of the estimated echo signal IY&,HJZ in
accordance with

2l o]’ = £k P2l o] . (24)

As the filter, a further gain filter F,[k,m], or its square
Ey[k,m]z, is employed which is determined by analogy with
the gain filter Fyx[k,m], or Fyl[k,m]?, and is therefore not
discussed an explained in detail at this point. This
functionality is also performed by the extraction means 250

on the basis of the respective signals derived.

It should be noted at this point that the embodiment shown
in Fig. 11 relates to the case where the estimated spectrum
of the echo signal Y[k, m] is already available. Of course,
the corresponding method is also applicable when only the
estimated power signal of the estimated echo signalIY[k,m]2
in accordance with equation (8) is known. This situation
will be described in more detail in connection with the
embodiment shown in Fig. 12.

While Fig. 11 shows a block diagram of an acoustic echo
attenuation approach wherein separation of the stationary
and non-stationary_ echo components is applied on the basis
of an estimated echo spectrum Y[k, m], the block diagram
depicted in Fig. 12 illustrates a similar approach. By
contrast, however, the latter is based on an acoustic echo
attenuation approach which applies separation of the
stationary and non-stationary echo components on the basis
of an estimated power spectrum of the echo signal |?&;nqz.

Consequently, it is not only the modes of operation of the
two embodiments shown in Figs. 11 and 12 that are very
similar, but also their structures, as the description
which follows will show.
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More specifically, the embodiment shown in Fig. 12 differs
from that shown in Fig. 11 essentially in that the energy
computing means 500 is no longer connected exclusively
upstream from the further computing means 520 with regard
to the loudspeaker signal x[n] transferred to the frequency
domain, but is rather connected directly to the output of
the time/frequency converter means 230 again configured as
a DFT. In this manner, not only the further computing means
520, but also the delay means 480, the echo estimation
filter 240 and the extraction means 250 are no longer
provided with the actual spectral components, but rather
with the power spectra of same.

Apart from this, however, the two embodiments shown in
Figs. 11 and 12 differ only in that the respective
computations possibly proceed marginally differently from
one another within the individual components and means. For
example, the corresponding computation of the energy-
related values of the individual spectral components is no
longer performed in the extraction means 250, since it was
already performed previously by the energy value computing
means 500.

Fig. 13 shows a further embodiment of the present
invention, wherein, e.g., more than one loudspeaker signal
or more than one microphone signal are provided to the
respective apparatus 200. Put differently, the embodiment
depicted in Fig. 13 is a multichannel apparatus.

While embodiments of the present invention were discussed
and described above only for individual channels or the
case of an individual channel, wherein only one loudspeaker
signal and one microphone signal were available,
embodiments of the present invention are not limited to the
case of an individual channel, as will be explained below.
Said embodiments may also be applied, by analogy, to
multichannel-capable acoustic echo attenuation systems.



10

15

20

25

30

35

WO 2009/095161 PCT/EP2009/000270

- 57 -

Since the embodiment, shown in Fig. 13, of an apparatus 200
is very similar in structure to that shown in Fig. 2,
reference shall be made below to the description 1in
connection with Figs. 2 to 5 as far as the mode of

operation, connection and other aspects are concerned.

The multichannel variant, shown in Fig. 13, of the
apparatus 200 comprises a plurality of inputs 220-1, 220-2,

where several loudspeaker signals may be coupled into
the apparatus '200. Accordingly, the apparatus 200 also
comprises a corresponding plurality of optional
time/frequency converter means 230-1, 230-2, ..., which
possibly perform a translation or conversion of the
corresponding loudspeaker signals from the time domain to a
frequency-related domain, as was already set for in detail

in connection with Fig. 2.

The plurality of time/frequency converter means 230 are
coupled to a corresponding number of inputs of a bundling
means 530, which on the basis of the incoming loudspeaker
signals forms a common, derived loudspeaker signal which
then forwards same to the first echo estimation filter 240
or to the extraction means 250, depending on whether the
optional first echo estimation filter 240 is present. As
was already described in connection with the embodiment
shown in Fig. 2, the extraction means 250 is possibly
coupled to an optional second echo estimation filter 260 or
directly to the computing means 270. Said means finally
outputs the computed filter coefficients at an output of

same.

Unlike the embodiment shown in Fig. 2, the multichannel
variant of the apparatus 200 in Fig. 13 further comprises a
further bundling means 540, which is coupled, on the input
side, to a corresponding number of inputs 280-1, 280-2,

for corresponding microphone signals via optional
time/frequency converter means 290-1, 290-2, ... The
further bundling means 540 determines, by analogy with the
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bundling means 530, on the basis of the microphone signals
which are present within the time domain or in a frequency-
related domain and are made available to it, a derived,
effective or common microphone signal, which may optionally
pe made available to the extraction means 250 or to the

computing means 270.

The multichannel variant of the apparatus 200 as is shown
in Fig. 13 further comprises an adaptive filter 210-1, 210-
2, ... for each microphone signal or each of the microphone
signal inputs 280, .said adaptive filter 210-1, 210-2,

being coupled, possibly via the optionai time/frequency

converter means 290-1, 290-2, ..., to the respective inputs
280-1, 280-2, ... Accordingly, the adaptive filters 210-1,
210-2, ... are coupled, possibly via a plurality of

optional frequency/time converter means 300-1, 300-2, ...,
to an output 310-1, 310-2, ..., respectively. The output
signals which are filtered by the adaptive filters 210, are
cleared of echoes or are spectrally modified, are then

available to the apparatus 200 at said outputs 310.

The adaptive filters 210-1, 210-2, ... are all coupled in
parallel to the output of the computing means 270 at which
output said computing means 270 provides the filter
coefficients for the adaptive filters. In other words, all
microphone signals of the plurality of microphone signals
are filtered, in an embodiment of the present invention as
is depicted in Fig. 13, with the same adaptive filter from
a functional point of view, i.e. on the basis of the same
filter coefficients, so as to obtain the spectrally
modified, or echo-cancelled, versions of the corresponding
microphone signals.

Thus, if x;[n] is the signals of the 1*" loudspeaker, where
1 is an integer ranging from 0 to L - 1, and where L
designates the number of the different loudspeakers or
loudspeaker signals, the same model may be introduced, by
analogy with equation (1), in accordance with
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x,[n] = x,,[n] + x,,[n}] (25)

where Xs,1[n] modulates the contribution of the non-
stationary speech, and xy,1[(n] modulates the contribution of
the stationary noise, which are contained in the 1t
loudspeaker signal. In accordance with equation (2) the

STFT domain representation of equation (25) is given by

X[k m] = x,, [k m] + x,,[k, m] . (26)

A common, bundled power spectrum for all of the loudspeaker
channels is then computed by combining the spectra of the
individual loudspeaker signals in the bundling means 530
shown in Fig. 13 in accordance with

L-1

Xk, mf = Y [, [k m}* (27)

1=0

where L represents the number of the loudspeaker channels.
The separation of the non-stationary and stationary signal
components in accordance with equations (5) and (7) is then
performed with regard to the common or bundled power
spectrum in accordance with equation (27).

By analogy therewith, a common or bundled power spectrum
for the microphone channels is also computed in accordance
with

Y[k, mf’ = Pi [ [k, ], (28)
p=0

where Y,(k,m] designates the signal of the p*™® microphone
110, and P represents the number of microphones. The index
p again is an integer ranging from 0 to P - 1. This
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computation is possibly performed, in the embodiment shown

in Fig. 13, by the further bundling means 540.

For determining the two echo removal filters in accordance
with equations {12) and (13), the loudspeaker (power)
spectra |XD9 m]zin accordance with equation (27) and the
microphone (power) spectrum |Yk,mr in accordance with
equation (28) are wused during the further algorithmic
steps, as were explained in the preceding paragraphs of the
description. The determination of the control parameter [«
described in connection with the performance coﬁtrol in
accordance with equations (14) to (17) may also be
performed on the basis of the common or bundled spectra in
accordance with equations (27) and (28).

The actual echo suppression within the context of the
spectral modification is then performed individually for
each microphone signal, but using the same echo removal

filter 210 for each microphone channel in accordance with

E [k, m] = H[k mH, [k m]y, [k m] (29)

for p =0, 1, ..., P - 1. By analogy therewith, the echo
removal filters 210 may also be implemented differently,

for example by analogy with equation (19), as was explained
above.

In this context it is worth noting that within the context
of the multichannel variant of the apparatus 200, as is
shown, for example, in Fig. 13, the number L of the
loudspeaker signals and the number P of the microphone
signals should both be identical and different from each
other. Any number of inputs may be provided, in principle,
both for the loudspeaker signals and for the microphone
signals. Also, it is not absolutely necessary to provide
both a plurality of loudspeaker signal inputs and a
plurality of microphone signal inputs with the
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corresponding bundling means 530, 540. In embodiments of
the present invention, it is quite possible that only a
plurality of loudspeaker signal inputs are implemented with
a corresponding bundling means 530 without having to
implement more than one microphone signal input with a
corresponding further bundling means 540. Such a system may
be employed, for example, when there 1is one single
microphone but a plurality of loudspeakers, for example
because the communication signal of the far-end subscriber
is reproduced via a sound system comprising several
loudspeakers, as may be implemented in motor cars, for

example.

In addition, it is not necessary to possibly implement more
than one input for a loudspeaker signal with a
corresponding? bundling means 530, when only one central
loudspeaker, for example within the context of a conference
system, is implemented, but a plurality of speakers each
have a microphone of their own available to them. In such a
case, only the implementation of the further bundling means
540 may possibly be advisable.

In addition, it is worth noting at this point that the
bundling means 530, 540 may naturally be configured such
that they are designed for more loudspeaker signals or
microphone signals than are eventually provided to them.
Accordingly, an apparatus 200 may possibly comprise more
corresponding inputs 220, 280 than will eventually be used.
In this case, for example, an upstream circuit, such as the
optional time/frequency converter means 230, 290, or the
bundling means 530, 540 themselves, may determine the
number of active channels and select the parameters L and P
accordingly. Of course, an external supply of the number of
channels and possibly of the number of microphone and
loudspeaker signals to be taken into account may also be
implemented.
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It should also be noted at this point that the embodiment
shown in Fig. 13 naturally also works with only one single
loudspeaker signal and one single microphone signal, if the
corresponding parameters L and P are transmitted to the
bundling means 530, 540. In principle, equations (27) and
(28) are also applicable to the cases P = 1 and/or L = 1.
Thus, the embodiment shown in Fig. 13 represents a
“downward-compatible” extension of the embodiment shown in
Fig. 2.

As regards the frequency resolution, it may possibly be
advisable to deviate from that of an STFT. The uniform
spectral resolution of an STFT is not very well adapted to
human perception. It may therefore possibly be advantageous
to group the uniformly spaced-apart coefficients |XDQ m]2
and lYR,nﬂz in a number of non-overlapping partitions or
groups, as is also shown in Reference [9], these partitions
Or groups comprising bandwidths which mimic the frequency
resolution of the human auditory system, as is represented,

for example, in Reference [10].

For a sampling rate of 16 kHz, a DFT block length for the
STFT of 512 samples and 15 groups or partitions is a
reasonable choice, each partition having a bandwidth which
roughly corresponds to double the equivalent rectanqgqular
bandwidth (ERB), as is described in Reference [10]. The
bands correspond to the partitions as are represented in
Fig. 14,

Fig. 14 shows how spectral coefficients of a uniform STFT
spectrum may be grouped or split up into partitions or
groups so as to mimic the non-uniform frequency resolution
of the human auditory system. The frequency axis as is
depicted in Fig. 14 extends from 0 Hz to about 8000 Hz,
which corresponds to an effective frequency band based on a
sampling frequency of 16 kHz.
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The different gain filters are computed only for the
central frequency of each group. Additionally, this results
in a reduction in the computing complexity as compared to
the case of a full spectral resolution of a uniform STFT.
Before the final partition or group gain filter is applied
to the wuniform STFT signal spectrum, said STFT signal

spectrum is interpolated using Hann interpolation filters.

Fig. 15a shows corresponding Hann interpolation filters
which may be employed for smoothing the gain filters over
the frequency. Fig. 15b shows the gain filter coefficients
as a solid line, which are obtained by interpolating the
values of the gain filters in the individual partitions,
which for their part are depicted by the fat dots shown in
Fig. 15b.

The partial illustration a of Fig. 15 accurately depicts
these Hann filters, whereas partial illustration b depicts
an example of gain filter values before and after the
interpolation. The dots depicted in Fig. 15b represent the
values before the interpolation, whereas the solid 1line
corresponds to said values after the interpolation. The
frequency smoothing of the gain filters lead to a smoother
variation of the resulting spectrum as a function of the

frequency, and thus reduces musical tones and other
artifacts.

As the preceding description of embodiments of the present
invention showed, embodiments of the present invention in
some cases comprise functional units which include the
following steps as a brief summary. Some embodiments of the
present invention implement receiving at least one
loudspeaker signal, receiving at least one microphone
signal, converting the loudspeaker signal and the
microphone signal to short-time spectra, computing
corresponding loudspeaker and microphone power spectra,
extracting or separating the loudspeaker power spectrum

into stationary and non-stationary power spectra, computing
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an echo removal gain filter while using the stationary
loudspeaker power spectra, computing the echo removal gain
filter while using the non-stationary loudspeaker power
spectrum, applying the gain filter to the microphone
spectrum so as to suppress the echo, and converting the

echo-suppressed microphone spectrum to the time domain.

Depending on the <circumstances, embodiments of the
inventive methods may be implemented in hardware or in
software. The implementation may be effected on a digital
storage medium, in particular a disk, CD or DVD with
electronically readable control signals, which may interact
with a programmable computer system such that an embodiment
of the inventive method is performed. Generally,
embodiments of the present invention thus also consist in a
software program product or a computer program product or a
program product having a program code, stored on a machine-
readable carrier, for performing an embodiment of an
inventive method, when the software program product runs on
a computer or a processor. In other words, an embodiment of
the present invention may thus also be realized as a
computer program or a software program or a program having
a program code for performing the method, when the program
runs on a processor. The processor may be comprised of a
computer, a chip card (smart card), an integrated system
(SOC = system on chip), an application-specific integrated
circuit (ASIC) or any other integrated circuit (IC).
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filter stage
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Claims

An apparatus (200) for computing filter coefficients
for an adaptive filter (210) for filtering a
microphone signal so as to suppress an echo due to a

loudspeaker signal, comprising:

extraction means (250) for extracting a stationary
component signal or a non-stationary component signal
from the loudspeaker signal or from a signal derived
from the loudspeaker signal; and

computing means (270) for computing the filter
coefficients of the adaptive filter (210) on the basis
of the extracted stationary component signal or the

extracted non-stationary component signal.

The apparatus (200) as claimed in claim 1, wherein the
extraction means (250) is configured to extract the
stationary component signal on the basis of an
averaging of an energy-related value of a bandpass
signal of the loudspeaker signal or of the signal
derived.

The apparatus (200) as claimed in claim 2, wherein the
extraction means (250) is configured to perform the
averaging in the form of a floating averaging over a
value of a current data block on which the bandpass
signal is based, and only over values of at least one
data block which temporally precedes the current data
block.

The apparatus (200) as claimed in one of claims 2 or
3, wherein the extraction means (250) is configured to
perform the averaging as a floating averaging on the
basis of different computing specifications in
dependence on a comparison of the energy-related value
of the current data block and an energy-related value
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of a preceding data block or of a value of an

averaging previously obtained.

The apparatus (200) as claimed in one of claims 3 or
4, wherein the extraction means (250) is configured to
perform a recursive computation of the floating
averaging on the basis of an addition of the energy-
related value of the current data block to a value of
a previously computed averaging in dependence on an
addition parameter, the addition parameter being
smaller, in the event that the energy-related value of
the current data-block is larger than that of the
previously determined value of the averaging, than in
the event that the energy-related value of the current
data block is smaller than the previously determined

value of the averaging.

The apparatus (200) as claimed in any of the previous
claims, wherein the extraction means (250) is
configured to extract the non-stationary component
signal on the basis of a bandpass signal of the
loudspeaker signal or of the signal derived.

The apparatus (200) as claimed in any of the previous
claims, wherein the extraction means (250) is
configured to extract the non-stationary component
signal on the basis of the stationary component signal

and a gain filter.

The apparatus (200) as claimed in claim 7, wherein the
extraction means (250) 1is configured such that the
gain filter depends on a variable or a non-variable

control parameter.

The apparatus (200) as claimed in claim 8, wherein the
extraction means (250) is configured to determine the
control parameter of the gain filter on the basis of a

coherence function based on the loudspeaker signal or
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on a signal derived from the loudspeaker signal, and
based on the microphone signal or on a signal derived
from the microphone signal.

The apparatus (200) as claimed in claim 9, wherein the
extraction means (250) is configured to determine the
control parameter on the basis of an averaged value of
the coherence function over a plurality of bandpass
signals of the loudspeaker signal or of the signal
derived from the loudspeaker signal, and of the
microphone signal or of the signal derived from the

microphone signal.

The apparatus (200) as claimed in any of the previous
claims, wherein the apparatus (200) further comprises
a bundling means (540) for bundling a plurality of
microphohe signals so as to obtain a bundled
microphone signal as the microphone signal or as the

derived microphone signal.

The apparatus (200) as claimed in any of the previous
claims, wherein the extraction means (250) is
configured to output the stationary component signal
and the non-stationary component signal, and wherein
the computing means (270) is configured to compute
first filter —coefficients on the basis of the
stationary component signal, and to compute second
filter coefficients on the basis of the non-stationary
component signal, and wherein the computing means
(270) 1is further configured to determine the filter
coefficients on the basis of the first and second

filter coefficients.

The apparatus (200) as claimed in claim 12, wherein
the extraction means (250) is configured to compute
the filter coefficients such  that the filter
coefficients correspond to a series connection of a
first filter to which the first filter coefficients
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correspond, and to a second filter, to which the

second filter coefficients correspond.

The apparatus (200) as claimed in any of the previous
claims, wherein the extraction means (250) is
configured to output the stationary component signal
and the non-stationary component signal, and wherein
the computing means (270) 1is configured to compute
first filter <coefficients on the basis of the
stationary component signal, and to compute second
filter coefficients on the basis of the non-stationary
component signal, and wherein the computing means is
further configured to determine the filter
coefficients either on the basis of the first filter
coefficients or on the basis of the second filter
coefficients.

The apparatus (200) as claimed in claim 14, wherein
the computing means (270) is configured to determine
the filter coefficients on the basis of those filter
coefficients of the first filter coefficients or of
the second filter coefficients which correspond to a

higher level of attenuation.

The apparatus (200) as claimed in any of the previous
claims, wherein the extraction means ({250) is
configured to provide the stationary component signal
or the non-stationary component signal as well as a
control information signal which comprises information
on the component signal output, the computing means
(270) being configured to compute the filter
coefficients on the basis of the signal output by the
extraction means (250), of a signal derived from same,
as well as of information included in the control

information signal.

The apparatus (200) as claimed in claim 16, wherein
the extraction means (250) is configured to output the
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stationary component signal or the non-stationary
component signal to the computing means (270) in
dependence on a relationship of an energy-related
value of the stationary component signal to an energy-

related value of the non-stationary component signal.

The apparatus (200) as claimed in any of the previous
claims, wherein the extraction means (250) is
configured to extract the stationary component signal
or the non-stationary component signal as estimated
signals.

The apparatus (200) as claimed in any of the previous
claims, wherein the extraction means (250) is
configured to output the stationary component signal
and the non-stationary component signal.

The apparatus (200) as claimed in any of the previous
claims, further comprising the adaptive filter (210)
SO as to filter the microphone signal on the basis of
the filter coefficients.

The apparatus (200) as claimed in any of the previous
claims, further comprising a bundling means (540) and
a plurality of adaptive filters (210) so as to filter
at least two of the microphone signals of the
plurality of microphone signals on the basis of the
same filter coefficients of the computing means (270).

The apparatus (200) as claimed in any of the previous
claims, further comprising a bundling means (530) for
bundling;a plurality of loudspeaker signals so as to
obtain a bundled loudspeaker signal as the loudspeaker
signal or as the signal derived from the loudspeaker
signal.

A method of computing filter coefficients for an
adaptive filter (210) for filtering a microphone
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signal so as to suppress an echo due to a loudspeaker
signal, éomprising:

extracting a stationary component signal or a non-
stationary component signal from the loudspeaker
signal or from a signal derived from the loudspeaker
signal; and

computing the filter coefficients for the adaptive
filter on the basis of the extracted stationary
component signal or the extracted non-stationary

component signal.

A program comprising a program code for performing the
method as claimed in claim 23, when the program runs

on a processor.
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