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DESCRIPTION

TECHNICAL FIELD

[0001] The present application relates to improvements in processing algorithms in audio processing devices, in particular to an
improved compensation for room reverberation. The disclosure relates specifically to an audio processing system comprising an
audio processing device and an external device, where the external device is adapted to transmit an information signal to the
audio processing device. The application furthermore relates to a method of operating an audio processing system.

[0002] The disclosure may e.g. be useful in applications such as hearing aids, ear phones or active ear protection devices,
public address systems, teleconferencing systems, etc.

BACKGROUND ART

[0003] The following account of the prior art relates to one of the areas of application of the present application, hearing aids.

[0004] The primary purpose of a hearing aid (HA) is to amplify sound regions which would otherwise be inaudible to a hearing
impaired user. In quiet, non-reverberant surroundings a state-of-the-art HA succeeds, and the user is usually able to hear and
understand everything.

[0005] However, in reverberant environments, e.g. rooms with hard surfaces, churches, etc., the ability to understand speech
declines. This is so because the signal from the target speaker is reflected on the surfaces of the environment; consequently, not
only the direct (un-reflected) sound from the target speaker reaches the ears of the HA user, but also delayed and dampened
versions are received due to the reflections. The larger and "harder" a room is, the more reflections. In the extreme case, the
reflections are perceived as an echo.

[0006] The amount of reverberation in a room can be broadly characterized through a single quantity called T60 and defining a
characteristic reverberation time. T60 is defined as the time required for reflections of a direct sound to decay by 60 dB below the
level of the direct sound. The larger the value of T60, the more reverberation in the room. T60 and its measurement are defined
in 1ISO 3382-1:2009.

[0007] Recently, a class of signal processing algorithms have been introduced which, in principle, are capable of processing the
reverberant signal picked up at the microphone and produce a processed signal where the reverberation has been reduced, see
e.g. [Habets, 2007] or [Lollmann, 2009] and the references therein. Ideally these algorithms would use the T60 to adjust the
processing, but since this quantity is not known in general, it is estimated from the reverberant signal. Unfortunately this is difficult
to do in a reliable manner, and the algorithms are rather sensitive to a decent estimate of T60. Had the T60 been known to the
signal processing algorithms somehow, performance would be significantly better.

[0008] US 2009/208043 A1 describes an external device capable of wirelessly transmitting information about the local acoustic
environment to a hearing aid. US 2004/213415 A1 describes a method of determining reverberation, e.g. for use in a hearing aid.
WO 2008/128563 A1 deals with a hearing system comprising a storage unit, which comprises location-related data, which are
data related to the hearing system's current location. This way, it is possible to provide that the function of the hearing system
changes in dependence of the location the hearing system is in. AT410597 B deals with a method of recording or modeling
acoustic properties of a room.

DISCLOSURE OF INVENTION

[0009] In an aspect, a system is provided that combines an audio processing device comprising a de-reverberation algorithm
with an external transmitter, specific to a room or environment, which transmits to the audio processing device, information about
the characteristics of the room. Specifically, for the algorithm class mentioned above, this information could be the average T60 of
the room in question. Thus, instead of estimating the T60, the algorithms get the "truth" e.g. via a wirelessly transmitted
information signal.
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[0010] An object of the present application is to provide an audio processing system that is able to take account of the particular
reverberation of the room or location where a user is presently located.

[0011] Objects of the application are achieved by the invention described in the accompanying claims and as described in the
following.

[0012] An object of the application is achieved by an audio processing system comprising an audio processing device and an
external device as defined in claim 1.

[0013] This has the advantage that the specific reverberation of a room can be taken into account in the processing of an
electric signal representing an acoustic signal picked up in the room in question.

[0014] In an embodiment, the audio processing device and the external device located (or are adapted to be located) in or at the
same room.

[0015] In a particular embodiment, the external device comprises a readable memory wherein said measure of reverberation is
stored. The measure can e.g. be measured in advance and read into the memory before or after the external device is located in
the room in question. In a particular embodiment, the external device comprises an interface (e.g. a wired or wireless interface) to
a programming unit, e.g. a PC, to allow an easy transfer of information, including the measure of reverberation, to (a memory) of
the external unit. In an embodiment, the external device is energized from a mains supply (e.g. when wall mounted). Alternatively,
the external device comprises a battery (e.g. a rechargeable battery) for energizing the electronic components of the device). In
an embodiment, the external unit is implemented as an RFID transponder component, e.g. a passive transponder, comprising the
measure of reverberation of the room where it is located, and wherein the audio processing device is adapted to transmit an
interrogation signal to the RFID transponder and to receive as a reply the measure of reverberation from the RFID transponder.
In an embodiment, the external device is portable and energized by a local energy source, e.g. a battery. In a particular
embodiment, the external device is a portable device adapted for being worn by a user and/or placed in an appropriate location of
a room.

[0016] In a particular embodiment, the external device is adapted to measure and/or estimate said measure of reverberation
itself. In a particular embodiment, the external device comprises a microphone and a signal processing unit and a sound
transducer. In an embodiment, the external device issues an acoustic probe signal and receives the reflected signal by the
microphone and analyses the signal by comparing the issued probe signal with the received reflected signal by the signal
processing unit (e.g. in a time-frequency environment) to provide a measure of the reverberation of the room in question. During
installation, the external transmitter can thus e.g. self-calibrate, i.e., simply transmit a sound ping (audible or not) and measure
the reverberation time itself.

[0017] In a particular embodiment, the measure of reverberation is the T60 measure or an estimate thereof. This reverberation
time can be measured as indicated in ISO 3382-1:2009.

[0018] In a particular embodiment, the external device is adapted to make a reverberation measurement at certain predefined
points in time, e.g. according to a predefined measurement frequency. In an embodiment, the external device comprises an
activation element (e.g. a button on the device or via a wired or wireless interface and a programming unit, e.g. a PC or remote
control) for initiating a reverberation measurement.

[0019] In a particular embodiment, the external device is adapted to store a number of measured values of said measure of
reverberation at corresponding points in time and to determine a time averaged value, e.g. a running average.

[0020] The external device can be a device located on the wall of the room/enclosure or in a door frame, where a user wearing
the audio processing device, e.g. a listening device enters the room.

[0021] Transmission of the information signal comprising a measure of reverberation of the room or location in question from the
external device to the audio processing device can be via any of the existing wireless techniques (e.g. an analogue modulation
scheme, such as FM (frequency modulation) or AM (amplitude modulation), or a digital modulation scheme, such as ASK
(amplitude shift keying), e.g. On-Off keying, FSK (frequency shift keying), PSK (phase shift keying) or QAM (quadrature amplitude
modulation), etc.). The external device (transmitter) can e.g. be installed by the user himself, e.g. inside a car or in other often
used environments or in a room used for teleconferences (e.g. including video-conferences). It can also be installed by the
authorities in charge of the room in question, e.g. churches, theatres, concert halls, cafés, museums, auditoria, class rooms, etc.
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[0022] In an embodiment, the audio processing device comprises a forward path between an input transducer (microphone
system and/or direct electric input (e.g. a wireless receiver)) and an output transducer. In an embodiment, the signal processing
unit is located in the forward path.

[0023] In a particular embodiment, the audio processing device comprises a microphone. Alternatively or additionally, the audio
processing device may comprise a direct (wired) electric input or a wireless input providing a direct electric input signal
representative of a sound generated in the room where the audio processing device is located. In an embodiment, the direct
electric input is received from a microphone of another device (e.g. an audio gateway or a mobile telephone or a wireless
telephone) worn by the user or located in proximity of the user (e.g. within 2 m of the user). In an embodiment, the audio
processing device comprises a signal processing unit adapted to execute an algorithm for reducing the effect of reverberation in
the signal picked up by the microphone or microphones of the audio processing device or located in proximity of the user wearing
the audio processing device, the algorithm being adapted for taking into account the measure of reverberation received from the
external device.

[0024] In a particular embodiment, the audio processing device comprises an automatic speech recognition algorithm that uses
said measure of reverberation to improve the quality of speech recognition.

[0025] In an embodiment, the audio processing device comprises a directional microphone system adapted to separate two or
more acoustic sources in the local environment of the user wearing the audio processing device. In an embodiment, the
directional system is adapted to detect (such as adaptively detect) from which direction a particular part of the microphone signal
originates. This can be achieved in various different ways as e.g. described in US 5,473,701 or in WO 99/09786 A1 or in EP 2
088 802 A1.

[0026] In an embodiment, the microphone and the rest of the audio processing device constitute two physically separate bodies,
each having their own dedicated housing and either being not physically connected or physically connected by a releasable or
fixed connecting mechanism, e.g. an electrical (and/or mechanical, e.g. acoustical) connector. In a particular embodiment, the
audio processing device is a listening device, e.g. a hearing instrument. In an embodiment, the audio processing device is
embodied in a hearing instrument of the BTE-type, e.g. comprising a BTE-part adapted for being located at or behind the ear of a
user and an ITE-part (e.g. comprising an output transducer) adapted to be located in the ear canal or in the ear of the user.
Alternatively, the microphone and the audio processing device may form part of the same physical body (e.g. a hearing
instrument of the ITE-type adapted to be located completely in the ear canal of a user).

[0027] In an embodiment, the audio processing device comprises a portable device, e.g. an ear piece, e.g. a headset, and ear
phone, an active ear protection device, a hearing instrument or combinations thereof.

[0028] In an embodiment, the audio processing device comprises a transmission unit for transmitting the processed signal to
another device or system, e.g. via a (wired or wireless) network.

[0029] In an embodiment, the audio processing system comprises a teleconferencing system, e.g. for transmitting sound signals
picked up at one location (e.g. a specific room for that purpose) to a receiver at another location (e.g. another teleconferencing
system), e.g. via a network, e.g. an intranet or a public telephone net or the like. The teleconferencing system comprises a base
unit and at least one microphone unit for picking up a sound signal and being in communication with the base unit, the base unit
being adapted to receive a signal from an external device located in the room of the teleconferencing system, the base unit
further comprising a signal processing unit, e.g. running a dereverberation algorithm adapted to use the measure of the
reverberation of the room in question (received from the external unit) to improve the signal picked up by the at least on
microphone unit before transmitting it to a receiver (e.g. located in another room or building or site).

[0030] In an embodiment, the audio processing system comprises a public address system, e.g. a classroom amplification system
(as e.g. described in US 2008/0107277 A1). In such applications the dereveberation algorithm may run on a listening device worn
by a person located in the room (e.g. an auditorium or a classroom) or the like (prone to reverberation) where the public address
system is used.

[0031] In an embodiment, the algorithm adapted for processing an input signal representing an acoustic signal from the
environment of the user and providing a processed output is a dereverberation algoritm. A dereverberation algorithm is e.g.
described in [Habets, 2007] or [Lollmann, 2009]. In an embodiment, the algorithm adapted for processing an input signal
representing an acoustic signal from the environment of the user and providing a processed output is integrated with a
microphone system and/or with a directional algorithm. In an embodiment, the reverberation measure is used in an algorithm for
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identifying a voice in the acoustic environment, e.g. a particular voice or a user's own voice (in case the audio processing device,
e.g. a listening device, is worn by a user).

[0032] In an embodiment, the signal processing unit is adapted for enhancing the input signals and providing a processed output
signal. In an embodiment, the signal processing unit is adapted to provide a frequency dependent gain to compensate for a
hearing loss of a user.

[0033] In an embodiment, the audio processing device comprises an output transducer for converting an electric signal to a
stimulus perceived by the user as an acoustic signal. In an embodiment, the output transducer comprises a number of electrodes
of a cochlear implant or a vibrator of a bone conducting hearing device. In an embodiment, the output transducer comprises a
receiver (speaker) for providing the stimulus as an acoustic signal to the user.

[0034] In an embodiment, the audio processing device comprises a voice detector for detecting whether a given input sound
originates from a human voice or not. Examples of voice detector circuits based on analogue and digitized input signals are
described in US 5,457,769 and US 2002/0147580, respectively. In an embodiment, the audio processing device comprises an
own voice detector for detecting whether a given input sound (e.g. a voice) originates from the voice of the user of the system.
Own voice detection is e.g. dealt with in US 2007/009122 and in WO 2004/077090. In an embodiment, the microphone system of
the audio processing device is adapted to be able to differentiate between a user's own voice and another person's voice and
possibly from NON-voice sounds. This has the advantage of enabling the processing algorithm to differentiate the use of the
measure of reverberation depending on the type of input signal. In an embodiment, the measure of reverberation is only used
when a voice is detected that is NOT the user's own voice.

[0035] In an embodiment, the audio processing device further comprises other relevant functionality for the application in
question, e.g. acoustic feedback suppression, etc.

[0036] A method of operating an audio processing system comprising an audio processing device adapted for processing an
input signal and providing a processed output signal, and an external device, the audio processing device and the external device
comprising a wireless interfaces adapted to allow the external device to transmit an information signal and the audio processing
device to receive said information signal, respectively is furthermore provided by the present application as defined in claim 11.

[0037] It is intended that the structural features of the system described above, in the detailed description of 'mode(s) for
carrying out the invention' and in the claims can be combined with the method, when appropriately substituted by a corresponding
process. Embodiments of the method have the same advantages as the corresponding systems.

[0038] In a particular embodiment, the measure characteristic of reverberation is used as an input parameter in the processing
algorithm.

[0039] In a particular embodiment, the input signal comprises an electric signal picked up by an input transducer and
representing an acoustic signal and wherein the processing algorithm is a dereverberation algorithm applied to the input signal.

[0040] Further objects of the application are achieved by the embodiments defined in the dependent claims and in the detailed
description of the invention.

[0041] As used herein, the singular forms "a," "an," and "the" are intended to include the plural forms as well (i.e. to have the
meaning "at least one"), unless expressly stated otherwise. It will be further understood that the terms "includes," "comprises,"
"including," and/or "comprising," when used in this specification, specify the presence of stated features, integers, steps,
operations, elements, and/or components, but do not preclude the presence or addition of one or more other features, integers,
steps, operations, elements, components, and/or groups thereof. It will be understood that when an element is referred to as
being "connected" or "coupled" to another element, it can be directly connected or coupled to the other element or intervening
elements maybe present, unless expressly stated otherwise. Furthermore, "connected” or "coupled" as used herein may include
wirelessly connected or coupled. As used herein, the term "and/or" includes any and all combinations of one or more of the
associated listed items. The steps of any method disclosed herein do not have to be performed in the exact order disclosed,
unless expressly stated otherwise.

BRIEF DESCRIPTION OF DRAWINGS
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[0042] The disclosure will be explained more fully below in connection with a preferred embodiment and with reference to the
drawings in which:

FIG. 1 shows an application scenario for an audio processing system according to a first embodiment of the present invention,

FIG. 2 shows a block diagram comprising parts of an audio processing system according to a second embodiment of the present
invention,

FIG. 3 shows a block diagram comprising parts of a listening device according to an embodiment of the present invention, and

FIG. 4 shows exemplary block diagrams comprising parts of an external device according to different embodiments of the present
invention.

[0043] The figures are schematic and simplified for clarity, and they just show details which are essential to the understanding of
the disclosure, while other details are left out. Throughout, the same reference names are used for identical or corresponding
parts.

[0044] Further scope of applicability of the present disclosure will become apparent from the detailed description given
hereinafter. However, it should be understood that the detailed description and specific examples, while indicating preferred
embodiments of the disclosure, are given by way of illustration only, since various changes and modifications within the scope of
the disclosure will become apparent to those skilled in the art from this detailed description, without departing from the scope of
the claims.

MODE(S) FOR CARRYING OUT THE INVENTION

[0045] FIG. 1 shows an application scenario for an audio processing system according to an embodiment of the present
invention. The audio processing system, e.g. as shown here, a listening system comprises one or more audio processing devices,
here listening devices LD (here one is shown), worn by user U and one or more external devices EDn (here three are shown;
typically more than one is present). The external devices EDn are located on the walls (ED7, ED2) of a room (ROOM) and in a
frame (ED3) of a door (DF) for entering or leaving the room. The external devices EDn transmit a measure /REV characteristic of
the reverberation time of the room (ROOM). The measure is e.g. the T60 reverberation time characteristic of the room where the
external devices is located. The listening device LD is adapted to wirelessly receive the measure of reverberation of the room
from at least one of the external devices and to use it in an algorithm for minimizing the effect of reverberation on a signal picked
up by a microphone of the listening device when the user is located in the room (ROOM). The external devices are e.g. located at
different positions in the room to ensure that a user has a large probability of receiving the measure /REV characteristic of the
reverberation time of the room irrespective of where in the room he or she is located. The location and number of the external
devices appropriate for covering a room of a given form and size (area) is preferably adapted to the transmission technology
used by the wireless interfaces of the external device(s) and the listening device(s) (be it based on radiated fields or near-field
electromagnetic coupling or acoustic or light communication technologies). Alternatively, the external device or devices (EDn) may
be placed in a room relative to one or more specific users (e.g. to cover specific seats or locations for such specific users wearing
a listening device LD).

[0046] FIG. 2 shows a block diagram comprising parts of an audio processing system according to an embodiment of the present
invention. The audio processing system, here a listening system, comprises an audio processing device, here a listening device
LD and an external device ED each comprising a wireless interface (at least) allowing a transmission of an information signal from
the external device to the listening device. The wireless interface of the external device ED comprises an antenna and transmitter
circuitry (Tx) for transmitting an information signal IREV to other devices. The wireless interface of the listening device LD
comprises an antenna and receiver circuitry (Rx) for receiving the information signal IREV from the external device. The
embodiment of a listening device shown in FIG. 2 comprises a microphone system comprising two microphones MIC1 and MIC2
for picking up sounds from the environment and converting the sounds to analogue electric input signals IN7, IN2, respectively,
each microphone being connected to an analogue to digital unit AD for providing a digitized version of the input signal. The
digitized version of the input signals are fed to time to time-frequency conversion units (7->TF) for converting the input signal
from a time domain representation to a time-frequency domain representation and providing as an output time-frequency signals
ITF1(m,p) and ITF2(m,p), each unit (m,p) comprising a generally complex value of the input sound signal in question at a
particular unit (m,p) in time and frequency. Other microphone systems may be used, e.g. a single microphone. Instead of AD and
TF units a filter bank may be used to provide an input signal in the time-frequency domain. Otherwise, the input signal may be
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processed fully in the time domain. The signals /TF1, ITF2 from the microphones are processed in dereveberation units DRV,
where they are subject to a dereverberation algorithm controlled by the reverberation time input REV received from the external
device ED (and optionally from one ore more other detectors, cf. FIG. 3). The reverberation time input REV is extracted in
demodulation unit DMD from the information signal /REV received via a wireless interface (Rx) of the listening device. The output
signals ODRV1 and ODRV?2 of the respective dereveberation units DRV, are fed to a directional unit DIR for extracting directional
information from the microphone signals and for providing a resulting output signal ODIR for further processing in a signal
processing unit SP of the signal path. Other processing algorithms (e.g. noise reduction, compression, anti-feedback, etc.) are
possibly applied to the signal on its way through the signal path from input transducer to output transducer, e.g. in the signal
processing unit SP. The reverberation time input REV is optionally fed to the signal processing unit SP. The processed output
signal OPF from the signal processing unit SP, here a processed signal in a time frequency representation is fed to a time-
frequency to time conversion unit (TF-T) providing a resulting processed signal OTF in the time domain. This signal is fed to a
digital to analogue converter DA (or directly to an output transducer), whose output OUT is fed to an output transducer, e.g. as
shown a receiver (speaker). In the embodiment of the listening device shown in FIG. 2, the directional unit DIR is shown to be
located after the dereverberation units DRV. Alternatively the units may appear in opposite order (the directional unit receiving
inputs ITF1, ITF2 directly from the time to time-frequency conversion units (7->TF) and feeding a resulting directional signal
ODIR to a dereverberation unit whose output is then fed to the signal processing unit SP. Further alternatively, the directional and
dereverberation units (or algorithms) may be integrated receiving inputs from a number of microphones and delivering a
directional output signal cleaned for reverberation effects.

[0047] The embodiment of the external device ED shown in FIG. 2 comprises a readable memory MEM storing a measure of
reverberation of a specific room where the external device is mounted or intended to be used. The memory is connected to a
signal processing unit SP, which can read the contents of memory MEM and modulate the measure of reverberation REV stored
in the memory and forward the result to a modulator MD, which feeds the modulated signal to transmitter an antenna circuitry Tx
for transmission of the modulated signal IREV (at least) to the listening device LD. The embodiment of an external device ED
shown in FIG. 2 further comprises a speaker for issuing a (possibly inaudible) test signal (ping) and a microphone for picking up
the response of the room. Timing and frequency properties of the signal picked up by the microphone is analysed in the signal
processing unit SP and a measure of the reverberation of the room is provided and stored in the memory MEM. The
determination of the actual reverberation of the room in question may be performed according to a predefined scheme, e.g.
regularly and/or initiated by a person via an activating element (PB, e.g. a push button). In an embodiment, the external device
has an interface (PC-/, e.g. a wireless interface) to a computer, so that the measurement of reverberation can be initiated and
monitored remotely. In an embodiment, the external device ED is portable and can be used to measure the reverberation of
different rooms and possibly to feed the measurement result to a memory of another external device (e.g. of the type shown in
FIG. 4) located in or intended to be located in the room in question. The external device ED typically comprises a local energy
source (e.g. a battery) for energising the electronic components of the device. Alternatively, the external device ED is connected
to a mains supply.

[0048] FIG. 3 shows a block diagram comprising parts of a listening device according to an embodiment of the present invention.
The embodiment of a listening device shown in FIG. 3 has the same basic functionality as that of FIG. 2, but includes additionally
a number of detectors VD-OVD for classifying the type of signal picked up by the microphone system. In the embodiment shown in
FIG. 3, the detectors include a voice detector (VD) for identifying a human voice in the input signal and an own voice detector
(OVD) for identifying the voice of a wearer of the listening device. In the embodiment shown in FIG. 3, the detectors VD-OVD
receive microphone signals IN7 and IN2 as inputs and supply as output an input VOV to the dereveberation units DRV thereby
providing an enhanced effect of the dereverberation algorithm. In an embodiment, the detectors VD-OVD, further receive the
reverberation measure REV as an input to aid in the identification of a voice (e.g. an own voice, cf. e.g. EP 1 956 589 A1) in the
input signal. In an embodiment, the presence of a human voice in the input microphone signal(s), as detected by a voice detector
VD, activates the dereverberation algorithm, whereas the algorithm is deactivated when no voice is detected. In an embodiment,
the presence of a user's own voice in the input microphone signal(s), as detected by an own voice detector OVD, deactivates the
dereverberation algorithm, whereas the algorithm is activated when no own voice is detected. In an embodiment, the two
detectors are combined. Other control inputs VOV’ and VOV" from detector unit VD-OVD are optionally supplied to directional
control unit DIR and/or to signal processing unit SP, respectively. Based on the input signals from the detectors, a more qualified
use of the measure of reverberation of the room in a processing algorithm (e.g. a dereverberation algorithm (DRV) or other
processing algorithm executed by the directional system (DIR) and/or the signal processing unit (SP) of the listening device) can
be provided. In an integrated DIR and dereverberation unit e.g., the directional unit can identify the acoustic sources around a
user and the voice detector/own voice detector can identify which one of the sources is a target voice, and the directional system
can be adapted accordingly to optimize its focus on the target voice.

[0049] FIG. 4 shows exemplary block diagrams comprising parts of an external device according to different embodiments of the
present invention. FIG. 4a shows an embodiment of an external device ED comprising a battery B for energizing the components
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of the device. The external device comprises a readable memory MEM storing a measure of reverberation of a specific room
where the external device is mounted or intended to be used. The memory is connected to a control and modulation unit MDX
which can read the contents of memory MEM and modulate the measure of reverberation REV stored in the memory and forward
the modulated signal to transmitter an antenna circuitry 7x for transmission of the modulated signal /REV to one or more listening
devices within its transmission range. The embodiment of an external device ED shown in FIG. 4b is of the transponder type and
comprises antenna and transceiver circuitry Rx, Tx for receiving an interrogation signal /REQ from a listening device and as a
response transmitting a modulated signal /REV comprising a reverberation measure REV of a room as read from memory MEM.
The external device comprises a demodulation and control unit DMDX connected to the receiver circuitry Rx and to the memory
MEM and adapted to demodulate the received interrogation signal /REQ and initiate that the reverberation measure REV is read
from the memory and fed to control and modulation unit MDX, where it is modulated and forwarded to the transmitter Tx In an
embodiment, the external device is capable of extracting the necessary energy to the reception of the request signal and the
transmittal of the reverberation measure from the interrogation signal. In another embodiment, the external device comprises a
local source of energy (or is connected to a mains supply).

[0050] In an embodiment, the wireless link between the external device and the listening device is based on a near-field coupling
between two adjacent antennas. In an embodiment, the wireless link is based on far-field (radiated) electromagnetic signals.

[0051] The memory MEM may in general be a volatile memory (in which case the optional (dashed) connection in FIG. 4a to the
battery B is present) or it may be a non-volatile memory. The memory may be a read only or read/write memory.

[0052] In an embodiment, the external device ED comprises a user interface, e.g. in the form of one or more user operable
activation elements (cf. PB in FIG. 2, e.g. in the form of push buttons or toggle- or potentiometer-switches, or touch sensitive
displays). In an embodiment, the external device comprises a user operable on-off switch, to switch power to the external device
on or off.

[0053] The invention is defined by the features of the independent claim(s). Preferred embodiments are defined in the
dependent claims. Any reference numerals in the claims are intended to be non-limiting for their scope.

[0054] Some preferred embodiments have been shown in the foregoing, but it should be stressed that the invention is not limited
to these, but may be embodied in other ways within the subject-matter defined in the following claims.
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Patentkrav

1. Audiobehandlingssystem, der omfatter en audiobehandlingsanordning
(LD) og en ekstern anordning (ED), der overfarer information il
audiobehandlingsanordningen om karakteristikker ved rummet, til hvilket den
eksterne anordning er specifik, og hvor den eksterne anordning (ED) og
audiobehandlingsanordningen (LD) er placeret,
hvor audiobehandlingsanordningen omfatter
» en indgangstransducer, der tilvejebringer et elektrisk indgangssignal
(IN1, IN2), som repraesenterer et akustisk signal fra en brugers
omgivelser (U) af audiobehandlingsanordningen,
* en signalbehandlingsenhed, der er indrettet til at kare en algoritme til
at behandle indgangssignalet eller et signal afledt deraf og
tilvejebringer et behandlet udgangssignal (ODRV1, ODRV2), og
+ en tradlgs graenseflade (Rx), der er indrettet til at tillade
audiobehandlingsanordningen at modtage et informationssignal,
hvor audiobehandlingsanordningen er indrettet til at uddrage et mal for
efterklang fra informationssignalet, og
hvor audiobehandlingsanordningen (LD) yderligere er indrettet til at anvende
malingen for efterklang som et input til algoritmen, hvor algoritmen er en
algoritme til fiernelse af efterklang (DRV) for at reducere en efterklangseffekt
i det elektriske indgangssignal, og algoritmen er indrettet til tage hajde for
malingen af efterklang; og
den eksterne anordning (ED) omfatter
» en mikrofon,
» en signalbehandlingsenhed (SP), og
* en lydtransducer, og
» en trddlos greenseflade (Tx), der er indrettet til at tillade den eksterne
anordning til at overfgre et informationssignal (IREV)
hvor den eksterne anordning er indrettet til at udfgre - pa bestemte
foruddefinerede tidspunkter - en efterklangsmaling ved
» at udsende et akustisk sondesignal,
» at modtage et reflekteret signal med mikrofonen; og
+ at analysere det modtagne reflekterede signal ved at sammenligne
det udsendte akustiske sondesignal med det modtagne reflekterede
signal med signalbehandlingsenheden for at tilvejebringe en maling
(REV), der er karakteristik for efterklangen for rummet, og
hvor den eksterne anordning (ED) yderligere er indrettet til at indbefatte
malingen i informationssignalet (REV), der er karakteristisk for efterklangen i
rummet.

2. Audiobehandlingssystem ifalge krav 1, hvor den eksterne anordning (ED)
omfatter en hukommelse (MEM), hvor malingen (REV) af efterklang lagres.

3. Audiobehandlingssystem ifalge krav 1 eller 2, hvor den eksterne anordning
(ED) er indrettet til at estimere mélingen (REV) af selve efterklangen.

4. Audiobehandlingssystem ifalge et hvilket som helst af kravene 1-3, hvor
malingen (REV) af efterklangen er den T60’te méaling eller et estimat deraf.
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5. Audiobehandlingssystem ifglge et hvilket som helst af kravene 2-4, hvor
den eksterne anordning (ED) er indrettet til at lagre et antal af mélte veerdier
af malingen af efterklang pa tilsvarende tidspunkter og til at bestemme en
tidsgennemsnitlig veerdi, for eksempel et lsbende gennemsnit.

6. Audiobehandlingssystem ifalge et hvilket som helst af kravene 1-5, hvor
den eksterne anordning (ED) er indrettet til at veere monteret pa en vaeg (W)
eller et loft i rummet eller i en derkarm (DF), gennem hvilken man kan ga ind
i eller ud af rummet.

7. Audiobehandlingssystem ifglge et hvilket som helst af kravene 1-5, hvor
den eksterne anordning (ED) er en beerbar anordning, der er indrettet til at
veere anbragt pa et passende sted i rummet.

8. Audiobehandlingssystem ifalge et hvilket som helst af kravene 1-7, hvor
audiobehandlingsanordningen (LD) omfatter en automatisk
talegenkendelsesalgoritme, der anvender mélingen (REV) af efterklangen til
at forbedre kvaliteten af talegenkendelse.

9. Audiobehandlingssystem ifalge et hvilket som helst af kravene 1-8, hvor
audiobehandlingsanordningen (LD) omfatter et telekonferencesystem eller et
hojttaleranleeg, for eksempel et klasseveaerelseforstaerkningssystem.

10. Audiobehandlingssystem ifalge et hvilket som helst af kravene 1-9, hvor
audiobehandlingsanordningen (LD) omfatter en beaerbar anordning, for
eksempel et grestykke, for eksempel et headset og en hovedtelefon, en aktiv
harevaernsanordning, et hgreapparat eller kombinationer deraf.

11. Fremgangsmade til at betjene et audiobehandlingssystem, der omfatter
en audiobehandlingsanordning (LD), som er indrettet til at behandle et
indgangssignal (IN1, IN2) og tilvejebringe et behandlet udgangssignal
(ODRV1, ODRV2), og en ekstern anordning (ED), der er specifik til et rum,
hvor den eksterne anordning (ED) og audiobehandlingsanordningen (LD) er
placeret, hvor audiobehandlingsanordningen og den eksterne anordning
omfatter tradlose greenseflader (Rx, Tx), der er indrettet til henholdsvis at
tillade den eksterne anordning (ED) til at overfgre et informationssignal
(IREV) og audiobehandlingsanordningen (LD) til at modtage
informationssignalet (IREV), hvor fremgangsmaden omfatter

« at tilvejebringe en maling (REV) i den eksterne anordning (ED), der

er karakteristisk for efterklangen i rummet;

» at tilvejebringe og overfgre et informationssignal (IREV), der omfatter

malingen (REV), der er karakteristisk for efterklangen fra den eksterne

anordning (ED);

» at modtage informationssignalet (IREV) fra den eksterne anordning

(ED) i audiobehandlingsanordningen (LD) og uddrage malingen

(REV), der er karakteristisk for efterklangen derfra;
KENDETEGNET VED, AT fremgangsméaden yderligere omfatter
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+ at tilvejebringe, at den eksterne anordning (ED) er indrettet til at
udfere en efterklangsmaling pa bestemte foruddefinerede tidspunkter
ved

o at udsende et akustisk sondesignal,

o at modtage et reflekteret signal med en mikrofon, og

o at analysere det reflekterede signal ved at sammenligne det
udsendte sondesignal med det modtagne reflekterede signal med en
signalbehandlingsenhed (SP) for at tilvejebringe maling (REV), der er
karakteristisk for efterklangen i rummet, hvor den eksterne anordning
(ED) og audiobehandlingsanordningen (LD) er placeret; og

« anvendelse af mélingen (REV), der er karakteristisk for efterklangen i
en algoritme for audiobehandlingsanordningen (LD) til at behandle
indgangssignalet, hvor malingen (REV), der er karakteristisk for
efterklangen, anvendes som en indgangsparameter i algoritmen, og
hvor indgangssignalet omfatter et elektrisk signal (IN1, IN2), der
opsamles af en indgangstransducer i audiobehandlingsanordningen,
0g som repraesenterer et akustisk signal, og hvor algoritmen er en
algoritme til fjernelse af efterklang (DRV), der er anvendt til
indgangssignalet (IN1, IN2; ITF1, ITF2).
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