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(67)  Inasystem and method for maintaining the spa-
tial stability of a sound field a balance gain may be cal-
culated for two or more microphone signals. The balance
gain may be associated with a spatial image in the sound
field. Signal values may be calculated for each of the
microphone. The signal values may be signal estimates
or signal gains calculated to improve a characteristic of
the microphone signals. The differences between the sig-
nal values associated with each microphone signal may

Sound field spatial stabilizer with structured noise compensation

be limited although some difference between signal val-
ues may be allowable. One or more microphone signals
are adjusted responsive to the two or more balance gains
and the signal gains to maintain the spatial stability of
the sound field. The adjustments of one or more micro-
phone signals may include mixing of two or more micro-
phone. The signal gains are applied to the two or more
microphone signals.
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Description
BACKGROUND
1. Cross-Reference to Related Applications
[0001] This disclosure refers to:
U.S. Patent Application Serial No. 13/753,198, titled "Sound Field Spatial Stabilizer", filed January 29, 2013; and
U.S. Patent Application Serial No. 13/753,198, titled "Noise Estimation Control System", filed January 29, 2013.
[0002] Each of the above identified patent applications is hereby incorporated herein by reference in its entirety.
2. Technical Field

[0003] The present disclosure relates to the field of processing sound fields. In particular, to a system and method for
maintaining the spatial stability of a sound field.

3. Related Art

[0004] Stereo and multichannel microphone configurations may be used for processing a sound field that is a spatial
representation of an audible environment associated with the microphones. The audio received from the microphones
may be used to reproduce the sound field using audio transducers.

[0005] Many computing devices may have multiple integrated microphones used for recording an audible environment
associated with the computing device and communicating with other users. Some computing devices use multiple
microphones to improve noise performance with noise suppression processes. The noise suppression processes may
result in the reduction or loss of spatial information. In many cases the noise suppression processing may result in a
single, or mono, output signal that has no spatial information.

BRIEF DESCRIPTION OF DRAWINGS

[0006] The system may be better understood with reference to the following drawings and description. The components
in the figures are not necessarily to scale, emphasis instead being placed upon illustrating the principles of the disclosure.
Moreover, in the figures, like referenced numerals designate corresponding parts throughout the different views.
[0007] Other systems, methods, features and advantages will be, or will become, apparent to one with skill in the art
upon examination of the following figures and detailed description. Itis intended that all such additional systems, methods,
features and advantages be included with this description, be within the scope of the invention, and be protected by the
following claims.

[0008] Fig. 1is a schematic representation of a system for maintaining the spatial stability of a sound field.

[0009] Fig. 2 is a further schematic representation of a system for maintaining the spatial stability of the sound field.
[0010] Fig. 4 is a further schematic representation of a system for maintaining the spatial stability of the sound field.
[0011] Fig. 5 is a further schematic representation of a system for maintaining the spatial stability of the sound field.
[0012] Fig. 6 is a representation of a method for maintaining the spatial stability of the sound field.

[0013] Fig. 7 is a further schematic representation of a system for maintaining the spatial stability of the sound field.
[0014] Fig. 8 is a representation of a method for maintaining the spatial stability of the sound field.

[0015] Fig. 9 is a further schematic representation of a system for maintaining the spatial stability of the sound field.
[0016] Fig. 10 is a representation of a method for maintaining the spatial stability of the sound field.

[0017] Fig. 11 is a further schematic representation of a system for maintaining the spatial stability of the sound field.

DETAILED DESCRIPTION

[0018] In a system and method for maintaining the spatial stability of a sound field balance gains may be calculated
for each of two or more microphone signals. The balance gain may be associated with a spatial image in the sound field.
One or more signal values may be calculated for each of the two or more microphone signals. The signal values may
be the background noise estimate or signal gains associated with echo cancellation and noise reduction processes.
Structured noise content may be detected for each of the two or more microphone signals. The structured noise content
may be for example, impulse noise or tonal noise. A first microphone signal of the two or more microphone signals may
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be mixed with a second microphone signal of the two or more microphone signals responsive to the detected structured
noise. Increasing amounts of detected structured noise may increase the amount of mixing, or blending, of the first
microphone signal with the second microphone signal. The gain may be adjusted for the two or more microphone signals,
including the mixed first microphone signal and second microphone signal, responsive to the calculated balance gains
and the one or more signal values for each of the two or more microphone signals.

[0019] In a system and method for maintaining the spatial stability of a sound field balance gains mav be calculated
for each of two or more microphone signals. The balance gain may be associated with a spatial image in the sound field.
One or more signal values may be calculated for each of the two or more microphone signals. The signal values may
be the background noise estimate or signal gains associated with echo cancellation and noise reduction processes. A
pair-wise spectral coherence may be calculated between each of the two or more microphone signals. The pair-wise
spectral coherence may indicate that two or more microphone signals are correlated and may have captured a signal
of interest. The two or more microphone signals may be gain adjusted responsive to the calculated balance gains, the
one or more signal values, and the pair-wise spectral coherence for each of the two or more microphone signals. The
spectral coherence value may be used to prevent high amplitude high frequencies signals from being unnecessarily
attenuated and may also be used to increase the gain of low amplitude high frequency signals.

[0020] In a system and method for maintaining the spatial stability of a sound field balance gains may be calculated
for each of two or more microphone signals. The balance gain may be associated with a spatial image in the sound field.
One or more signal values may be calculated for each of the two or more microphone signals. The signal values may
be the background noise estimate or signal gains associated with echo cancellation and noise reduction processes. A
predicted echo may be calculated for a received audio signal. The predicted echo may be used to reduce an echo signal.
A pair-wise echo spectral coherence may be calculated between the predicted echo and the two or more microphone
signals. The pair-wise echo spectral coherence may indicate that the predicted echo is correlated to one or more of the
captured two or more microphone signals. A pair-wise spectral coherence between each of the two or more microphone
signals. The pair-wise spectral coherence may indicate that two or more microphone signals are correlated and may
have captured a signal of interest. The two or more microphone signals may be gain adjusted responsive to the calculated
balance gains, the one or more signal values, the echo spectral coherence and the pair-wise spectral coherence for
each of the two or more microphone signals. Using both of the echo spectral coherence and the spectral coherence
values in order to adjust the signal gains may reduce the noise artifacts, preserve and enhance the signal of interest,
and reduce the echo.

[0021] Figure 1 is a schematic representation of a system for maintaining the spatial stability of a sound field 100. Two
or more microphones 102 receive the sound field. Stereo and multichannel microphone configurations may be utilized
for processing the sound field that is a spatial representation of an audible environment associated with the microphones
102. Many audible environments associated with the microphones 102 may include undesirable content that may be
mitigated by processing the received sound field. Microphones 102 that are arranged in a far field configuration may
receive more undesirable content, noise, than microphones 102 in a near field configuration. Far field configurations
may include, for example, a hands free phone, a conference phone and microphones embedded into an automobile.
Far field configurations are capable of receiving a sound field that represents the spatial environment associated with
the microphones 102. Near field configurations may place the microphone 102 in close proximity to a user. Undesirable
content may be mitigated in both near and far field configurations by processing the received sound field.

[0022] Processing that may mitigate undesirable content received in the sound field may include echo cancellation
and noise reduction processes. Echo cancellation, noise reduction and other audio processing processes may calculate
one or more suppression, or signal, gains utilizing a suppression gain calculator 106. An echo cancellation process and
a noise reduction process may each calculate one or more signal gains. Each respective signal gains may be applied
individually or a composite signal gain may be applied to process the sound field using a gain filter 114. Echo cancellation
processing mitigates echoes caused by signal feedback between two or more communication devices. Signal feedback
occurs when an audio transducer on a first communication device reproduces the signal received from a second com-
munication device and subsequently the microphones on the first communication device recapture the reproduced signal.
The recaptured signal may be transmitted to the second communication device where the recaptured signal may be
perceived as an echo of the previously transmitted signal. Echo cancellation processes may detect when the signal has
been recaptured and attempt to suppress the recaptured signal. Many different echo cancellation processes may mitigate
echoes by calculating one or more signal gains that, when applied to the signals received by the microphones 102,
suppress the echoes. In one example implementation, the echo suppression gain may be calculated using coherence
calculation between the predicted echo and the microphone disclosed in U.S. Patent No. 8,036,879, which is incorporated
herein by reference, except that in the event of any inconsistent disclosure or definition from the present specification,
the disclosure or definition herein shall be deemed to prevail.

[0023] When the microphone 102 and an audio transducer are close in proximity, the echo cancellation process may
determine that a large amount of suppression, or calculate large signal gains, as a result of the signal produced by the
audio transducer dominating, or coupling with, the microphone 102.
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[0024] When one of the microphones 102 and an audio transducer are in close proximity, the echo cancellation process
may determine that a large amount of suppression may mitigate the signal produced by the audio transducer from
dominating or coupling with, the microphone 102. The echo cancellation process may calculate large signal gains to
mitigate the coupling. The large signal gains may result in a gating effect where the communication device effectively
supports only half duplex communication. Half duplex communication may occur when the communication channel
allows for reliable communication from alternatively either the far side or near side but not both simultaneously. The
large signal gains may suppress the coupling but may also suppress all content, including desired voice content resulting
in half duplex communication.

[0025] Background noise is another type of undesirable signal content that may be mitigated by processing the received
sound field. Many different types of noise reduction processing techniques may mitigate background noise. An exemplary
noise reduction method is a recursive Wiener filter. The Wiener suppression gain G, or signal gain, is defined as

G. _ SﬁRpTiOTii'k

Lk = ofp .
SNRpriorii’k+1

(D

[0026] Where S/A\IRpr,-O”-,.]k is the a priori SNR estimate and is calculated recursively by

SNRpriorii_k = Gi—l,kSNRposti,k - 1L 2)

[0027] SNR

post; 1S the a posteriori SNR estimate given by

e Y,
SWRyosty, = o ©

[0028] Here |/A\I,-,k| is a background noise estimate. In one example implementation, the background noise estimate, or
signal values, may be calculated using the background noise estimation techniques disclosed in U.S. Patent No.
7,844,453, which is incorporated herein by reference, except that in the event of any inconsistent disclosure or definition
from the present specification, the disclosure or definition herein shall be deemed to prevail. In other implementations,
alternative background noise estimation techniques may be used, such as, for example, a noise power estimation
technique based on minimum statistics.

[0029] Additional noise reduction processing may mitigate specific types of undesirable noise characteristics including,
for example, wind noise, transient noise, rain noise and engine noise. Mitigation of some specific types of undesirable
noise may be referred to as signature noise reduction processes. Signature noise reduction processes detect signature
noise and generate signal gains that may be used to suppress a detected signature noise. In one implementation, wind
noise suppression gains (a.k.a. signal gains) may be calculated using the system for suppressing wind noise disclosed
in U.S. Patent No. 7,885,420, which is incorporated herein by reference, except that in the event of any inconsistent
disclosure or definition from the present specification, the disclosure or definition herein shall be deemed to prevail.
[0030] The sound field received by the two or more microphones 102 may contain a spatial representation, or a spatial
image, of an audible environment. Balance gains may be calculated responsive to the spatial image in the sound field.
The balance gains may be calculated with a balance calculator 108. The balance calculator 108 may calculate the
balance gains by measuring an energy level in a signal from each microphone 102. The energy level differences may
represent the approximate balance of the spatialimage. One or more energy levels may be calculated for each microphone
102 generating one or more balance gains. A single balance gain may be utilized in a two microphone configuration
where the single balance gain may be the ratio of energy levels between the two microphone signals 118.

[0031] A subband filter may process the received microphone signal 118 to extract frequency information. The subband
filter may be accomplished by various methods, such as a Fast Fourier Transform (FFT), critical filter bank, octave filter
band, or one-third octave filter bank. Alternatively, the subband analysis may include a time-based filter bank. The time-
based filter bank may be composed of a bank of overlapping bandpass filters, where the center frequencies have non-
linear spacing such as octave, 3" octave, bark, mel, or other spacing techniques. The one or more energy levels may
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be calculated for each frequency bin or band of the subband filter. The resulting balance gains may be filtered, or
smoothed, over time and/or frequency. The balance calculator 108 may update the balance gains responsive to desired
signal content. For example, the balance gains may be updated when, for example, the energy level exceeds a threshold,
the signal to noise ratio (SNR) exceeds a threshold, a voice activity detector detects voice content or any combination
thereof.

[0032] The background noise estimator 104 may calculate a background noise estimate, or signal value, for each
microphone signal 118. When the microphones 102 are spaced apart, the background noise estimator 104 may calculate
different signal values responsive to the received sound value. Some difference in the calculated background noise
estimate may be acceptable but relatively large differences may indicate a potential corruption or misrepresentation of
one or more of the signals. For example, a user may be blocking one microphone 102 with a finger resulting in a relatively
large difference in the background noise estimate. The background noise estimate may be utilized for many subsequent
calculations including signal-to-noise ratios, echo cancellers and noise reduction calculators. When the subsequent
calculations utilize background noise estimates that contain relatively large differences the subsequent calculations may
yield corrupted or misrepresentative results. For example, large differences in suppression gains between microphones
102 may result in audible distortions in the spatial image of the sound field.

[0033] A difference limiter 110 may limit the difference in the background noise estimates, or signal values, and/or the
adaption rates utilized in the background noise estimator 104. The different limiter 110 may mitigate audio distortions
in the spatial image when reproduced in the output sound field. For example, a difference between corresponding signal
values in the calculated background noise estimates may be acceptable when the difference is about 2 dB (decibels)
to about 4 dB but noticeable when the difference exceeds about 6 dB. The difference limiter 110 may, for example, limit
the difference between signal values to about 6 dB or may allow a difference proportional to the signal value when the
difference is greater than about 6 dB. The difference limiter 110 may utilize a coherence and/or correlation calculation
between microphones to limit a difference between the signal values. Two signals that are correlated may indicate that
the difference between signal values should be limited. The difference limiter 110 may smooth, or filter, the amount of
limiting over time and frequency.

[0034] The difference limiter 110 may be applied to other signal values including suppression gains, or signal gains,
calculated using the suppression gain calculator 106. The suppression gain calculator 106 may calculate signal gains
for the echo cancellation and noise reduction processes described above. Signature noise reduction processes may
calculate signal gains that have large differences between microphone signals 118. For example, in the case of wind
noise reduction, a first microphone 102 may receive significant wind noise and the second microphone 102 may receive
negligible wind noise. An example portable computing device may have two microphones 102 placed several inches
apart where the first microphone 102 may be located on the bottom surface and the second microphone 102 may be
located on the top surface. The first microphone 102 and the second microphone 102 may be relatively close in position
although they may not be close enough to process phase differences to utilize, for example, a beam forming combining
process. Even though the microphones 102 are relatively close in position on the example portable computing device,
one microphone 102 may receive significant wind noise. The suppression gain calculator 106 may calculate signal gains
that may contain relatively large differences. The difference limiter 110 may allow some of the wind noise to be suppressed
while mitigating audio distortions in the spatial image of the sound field. For example, a difference between corresponding
signal gains generated by the suppression gain calculators 106 may be acceptable when the difference is about 2 dB
to 4 dB but noticeable when the difference exceeds about 6 dB. The difference limiter 110 may limit the difference
between signal values to about 6 dB or may allow a difference proportional to the signal value when the difference is
greater than 6 dB. The difference limiter 110 may smooth, or filter, the amount of limiting over time and frequency.
[0035] The difference limiter 110 may mitigate some distortion in the spatial image when reproduced in the output
sound field although it may be possible that the combination of one or more of the signal values calculated utilizing the
background noise estimator 104 and suppression gain calculator 106 may still distort the spatial image. Additionally, in
some cases the suppression gain calculator 106 may not utilize the difference limiter 110. For example, when the
microphone 102 and audio transducer are coupled as described above resulting in a gating effect, the difference limiter
110 may not be utilized because the audible artifacts associated with the coupling are perceptibly more distracting than
distorting the spatial image. In this case, the echo cancellation process may be allowed to gate the microphone signal
118 without applying the difference limiter 110.

[0036] Abalance adjuster 112 may maintain the spatial stability when reproduced in the output sound field. The balance
adjuster 112 may mitigate distortions in the spatial image that may not be mitigated with the difference limiter 110.
Additionally, the balance adjuster 112 may mitigate audio distortions in the spatial image where the difference limiter
110 may not be applied. The balance adjuster 112 may adjust the signal gains using the balance gains calculated with
the balance calculator 108 and the signal gains. The balance gains may represent the approximate balance of the spatial
image. The balance adjuster 112 may adjust the signal gains responsive to the balance gains. Additionally, the balance
adjuster 112 may mix, or borrow, between two or more microphone signals 118 to maintain the spatial stability and to
more closely track the balance gains. In one example, the echo-gating triggered half-duplex use case described above
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may have a first microphone signal 118 that may be gated. The balance adjuster 112 may mitigate audio distortions in
the spatial image by borrowing audio from a second microphone signal 118 responsive to the balance gain. The second
microphone signal 118 may have associated signal gains that may be adjusted responsive to the balance gain. The
second microphone signal 118 that is borrowed may be mixed into the first microphone signal 118. The balance adjuster
112 may adjust the signal gains and the borrowing of microphone signals 118 may be filtered, or smoothed, over time
and frequency. The adjustments may be performed on a frequency bin and/or band using the subband filter described
above.

[0037] A gain filter 114 applies the signal gains to the two or more microphone signals 118. The signal gains may be
a combination of signal gains associated with one or more suppression gain calculators 106. The gain filter 114 may
utilize the subband filter described above.

[0038] Figure 2 is a schematic representation of a further system for maintaining the spatial stability of a sound field
when reproduced in an output sound field. The system of Figure 2 may provide the same or similar functionality as the
system described with reference to Figure 1. Figure 2 does not show the microphones 102 and the background noise
estimator 104 but they may be included in the system 200. The system 100 in Figure 1 may be able to reduce common
audio noise artifacts such as wind noise when two or more microphones 102 capture a similar voice of interest. One of
the microphones 102 may capture more of the example wind noise than other microphones 102. The gain of a higher
amplitude microphone signal 118 may be brought down, or reduced, to a lower amplitude microphone signal 118, on a
frequency bin-by-frequency bin basis, and to the extent to which the microphone signals 118 are "unbalanced". Small
differences between microphone signals 118 may be normal so no adjustment is made. A large difference may not be
normal and may result in a maximum amount of gain reduction on the higher amplitude microphone signal 118.
[0039] The system 200 adds processing components relative to the system 100 where gain reduction alone may not
be able to remove the noise artifacts. Some noise artifacts, including impulses and tonal noises, may still be audible
even after the gain has been reduced on the higher amplitude microphone signal 118. These types of noise artifacts,
or structured noise, may have all the information stored in their phase. For example, an impulse has energy at all
frequencies, and the phase at all frequencies is aligned so that the energy is delivered at one point in a time-series train.
Reducing the gain of a microphone signal 118 containing an impulse may only result in making the impulse quieter. The
system 200 includes a channel mixer 204 to blend the higher amplitude microphone signal 118 with the lower amplitude
microphone signal 118, responsive to the amount of structured noise in the higher amplitude microphone signal 118. A
maximum reduction of the high amplitude microphone signal 118 may take the form of a full copy of the low amplitude
microphone signal 118. The blending, or mixing, may be performed on a frequency bin-by-frequency bin basis so that
when the higher amplitude microphone signal 118 contains tonal noise, and therefore may be confined to one or two
frequency bins, only those frequency bins are affected. Blending the higher amplitude microphone signal 118 with the
lower amplitude microphone signal 118 may reduce structured noises that occur during voice content with minimal impact
to the voice content.

[0040] A structured noise detector 202 detects structured noise artifacts, including impulse noise and tonal noise, in
two or more microphone signals 118. In one implementation, transient noise may be detected using the system for
repetitive transient noise removal disclosed in U.S. Patent No. 8,073,689, which is incorporated herein by reference,
except that in the event of any inconsistent disclosure or definition from the present specification, the disclosure or
definition herein shall be deemed to prevail. In one implementation, tonal noise may be detected using the system for
noise reduction with integrated tonal noise reduction disclosed in U.S. Publication No. 2008/0167870, which is incorpo-
rated herein by reference, exceptthatin the eventof any inconsistent disclosure or definition from the present specification,
the disclosure or definition herein shall be deemed to prevail. Alternatively, the structured noise detector 202 may indicate
noise content when the amplitude of a first microphone signal 118 exceeds a threshold when compared to the amplitude
of a second microphone signal 118. The channel mixer 204 may be responsive to the outputs of the structured noise
detectors 202 to blend the higher amplitude microphone signal 118 with the lower amplitude microphone signal 118,
responsive to the amount of structured noise in the higher amplitude microphone signal 118.An increasing amount of
structured noise detected in the structured noise detector 202 may blend more of the lower amplitude microphone signal
118 with the higher amplitude microphone signal 118. A third microphone signal 118 with higher amplitude may blend
more of the lower amplitude microphone signal 118 or a combination of lower amplitude microphone signals 118. A
maximum reduction of the high amplitude microphone signal 118 may take the form of a full copy of the low amplitude
microphone signal 118. For example, when the high amplitude microphone signal 118 contains a strong impulse detected
by the structured noise detector 202, the channel mixer may copy the contents of the lower amplitude microphone signal
118 to the high amplitude microphone signal 118. The channel mixer 204 may adjust the gain of the blended microphone
signal 118 responsive to, for example, matching a filtered, or smoothed, energy level over time.

[0041] A gain adjuster 206 may adjust the signal gains 208 using the balance gains 210 calculated with the balance
calculator 108 and the signal gains 208. The gain adjuster 206 may perform similarly to the balance adjuster 112 described
above in Figure 1. The adjusted signal gains 208 are applied to each of the blended two or more microphone signal 118
using the gain filter 114. The signal gains 208 may be a combination of signal gains 208 associated with one or more
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suppression gain calculators 106. The gain filter 114 may utilize the subband filter described above.

[0042] Figure 3 is a schematic representation of another system for maintaining the spatial stability of a sound field
when reproduced in an output sound field. The system of Figure 3 may provide the same or similar functionality as the
systems described with reference to Figure 1 and Figure 2. Figure 3 does not show the microphones 102, the background
noise estimator 104, the structured noise detector 202, the channel mixer 204 and the gain adjuster 206 but they may
be included in the system 300. The system 300 may include a coherence calculator 302 that calculates a pair-wise
spectral coherence between two or more microphone signals 118. In the case of two microphone signals 118 including
a left and a right microphone signal 118 the spectral coherence may be referred to as CohLR. In one implementation,
the spectral coherence CohLR may be calculated in a similar fashion to that of CohDY using the system for noise
estimation control disclosed in U.S. Patent Application Serial No. 13/753,162, which is incorporated herein by reference,
except that in the event of any inconsistent disclosure or definition from the present specification, the disclosure or
definition herein shall be deemed to prevail.. The result of the spectral coherence calculation may be used to prevent
high frequencies signals from being unnecessarily attenuated. When two microphones 102 are asymmetrically located
(e.g., top edge and front face of a computing device) there may be audio content that while perpendicular to the computing
device may be perceived as off-axis. The off-axis perception may be due to the acoustic shadowing from the body of
the computing device. For example, when a user is speaking straight into a mobile phone, the front-facing microphone
may capture the audio well, but the microphone on the top edge may not capture the high frequencies as well because
they are more likely to be blocked by the body of the mobile phone. The resulting signals captured by the asymmetrically
located microphones may comprise lower frequencies that are nearly equal and higher frequencies that may be attenuated
in the top edge microphone 102 signal relative to the front facing microphone 102 signal. Other microphone 102 ar-
rangements and angles of incidence may further exaggerate the effect of attenuated high frequencies.

[0043] The structured noise detector 202 and channel mixer 204 described with reference to Figure 2 may detect
amplitude differences in the high frequency components of the respective microphone signals 118 as artifacts and reduce
the gain of high frequency components resulting in a slightly muffled sound. Reducing the gain, or suppressing, of the
high frequency components may result in good noise rejection at the expense of lower fidelity. When both microphones
102 capture the voice, or signal of interest, the CohLR measurement may indicate that the microphone signals 118 may
be correlated and that the amplitude differences may not be artifacts to be suppressed. In fact, the correlation may
indicate that the high frequencies should be preserved.

[0044] The coherence calculator 302 may calculate a CohLR number, or value, that ranges from about 0 to about 1.
A calculated CohLR value of one may indicate that even if the amplitude is 20 dB higher on one microphone signal 118
than on a second microphone signal 118, that the microphones 102 have captured a common signal of interest and the
amplitude difference is not an artifact to be reduced or suppressed. When the coherence calculator 302 calculates a
CohLR value less than one, some gain reduction may occur above a threshold. Below a threshold, the CohLR may have
no effect on the calculated signal gains 208. A coherence gain adjuster 304 may adjust the signal gains 208 using the
balance gains 210 calculated with the balance calculator 108, the signal gains 208 and the CohLR calculated by the
coherence calculator 302. The coherence gain adjuster 304 may perform similarly to the balance adjuster 112 described
above in Figure 1. The adjusted signal gains 208 are applied to each of the two or more microphone signal 118 using
the gain filters 114. The signal gains 208 may be a combination of signal gains 208 associated with one or more
suppression gain calculators 106. The gain filters 114 may utilize the subband filter described above. Adjusting the signal
gains 208 may prevent the high frequency components from being unnecessarily reduced thereby preserving the fidelity
of the output sound field.

[0045] Further processing of the CohLR value may improve the fidelity. For example, the CohLR may be calculated
for a given frequency bin as the coherence between the left signal and the right signal across three frequency bins
surrounding, and including, the given frequency bin (i.e. bin +/- 1). The calculated CohLR value, for example, may be
almost 1 for a microphone signal 118 that contains a harmonics. The CohLR may be variable between about 0 and
about 0.85 for noisy signals that may not be useful to determine if two signals are correlated. The limited range may be
rescaled from 0.85 and 1 to between 0 and 1. Raising the rescaled range to the power of 4 may emphasize the desired
content of highly correlated signals at a particular frequency. Applying additional psychoacoustic-based frequency and
temporal smoothing may improve the fidelity further. The psychoacoustic-based smoothing may ignore frequency and
temporal components that the human ear may not perceive.

[0046] Figure 4 is a schematic representation of yet another system for maintaining the spatial stability of a sound
field when reproduced in an output sound field. Figure 4 shows a system 400 that adds a signal mixer 402 to the system
300. The signal mixer 402 may combine two or more output signals 116 into a single mixed output signal 404. The signal
mixer 402 may average the output signals 116 together or the signal mixer 402 may applied a weighted average to
combine the output signals 116. The system 400 may output any combination of output signals 116 and mixed output
signals 404. For example, the system 400 may produce one output signal 116 and one mixed output signal 404 resulting
in a two-signal output that comprises the output sound field. The system 300 utilizes the coherence calculator 302 to
preserve the fidelity, or high frequency content, of the higher amplitude microphone signal 118. The CohLR value
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calculated by the coherence calculator 302 may also be used to increase the gain of the lower amplitude microphone
signal 118 when the spectral coherence is relatively high. Normalizing the amplitude of the two or more microphone
signals 118 may allow beam forming of two or more microphone signals 118 to be based on time differences and not
amplitude differences. Any signal content that is highly correlated across the two microphones signals 118 may be
enhanced, and any signal content that is not well correlated is either not enhanced or may be significantly reduced. The
signal mixer 402 may perform beam forming in addition to combining two or more output signals 116 together.

[0047] Figure 5 is a schematic representation of a still further system for maintaining the spatial stability of a sound
field when reproduced in the output sound field. The system of Figure 5 may provide the same or similar functionality
as the systems described with reference to Figure 1, Figure 2 and Figure 3. Figure 5 does not show the background
noise estimator 104, the structured noise detector 202, the channel mixer 204, the gain adjuster 206 and the coherence
gain adjuster 304 but they may be included in the system 500. The systems 100, 200 and 300 described above may
enhance a sound field captured by two or more microphones 102. The system 500 includes a receiver 502 that may
receive an audio signal representing, for example, a far side conversation. The received audio signal content, for example
the far side conversation, may be reproduced using an audio transducer 504 that may be within range to be captured
by two or more microphones 102. A system such as, for example, system 300 may enhance the captured far side
conversation instead of suppressing the recaptured audio, or echo. The correlated recaptured audio, or echo, using two
or more microphones 102 may not be suppressed because the coherence calculator 302 may indicate that the recaptured
audio may be a signal of interest resulting in enhancement of the undesirable echo.

[0048] The receiver 502 may receive a far side audio signal from another computing device or other similar audio
source. The receiver 502 may be connected to a wireless or wired network. The far side audio signal may be reproduced
using the audio transducer 504. The microphones 102 may recapture the far side audio signal reproduced using the
audio transducer 504. The recaptured far side audio signal may be perceived as an echo. When the echo is correlated
on any two or more of the microphones the coherence calculator 302 may indicate that the echo is a signal of interest
that may result in the echo being enhanced. The echo may be considered an undesirable signal component to be
removed. An echo filter 506 may calculate a predicted echo (D) 508 that when applied to the microphone signals 118
may reduce the echo. In one implementation, echo noise may be reduced using the system for fast echo cancellation
disclosed in U.S. Patent No. 8,036,879, which is incorporated herein by reference, except that in the event of any
inconsistent disclosure or definition from the present specification, the disclosure or definition herein shall be deemed
to prevail. The echo filter 506 and the coherence calculator 302 may indicate opposite gain values to be applied to the
microphone signal 118 (Y) where the echo filter 506 may indicate that the gain should be reduced and the coherence
calculator 302 may indicate that the gain should be increased. In some cases, the echo may be enhanced. A coherence
echo calculator 510 may calculate a pair-wise spectral coherence, or a pair-wise echo spectral coherence, CohDY that
may be used as an indicator of a correlation between the predicted echo (D) and the observed microphone signal (Y).
The coherence echo calculator 510 may receive both the predicted echo (D) 508 and the microphone signal 118. A
strong correlation between the predicted echo (D) 506 and the microphone signal 118 (Y) may indicate that the higher
amplitude microphone signal 118 should not be preserved and the lower amplitude microphone signal 118 should not
be increased.

[0049] A coherence echo gain adjuster 512 may adjust the signal gains 208 using the balance gains 210, the signal
gains 208, the CohLR and the CohDY calculated by the coherence echo calculator 510. The coherence echo gain
adjuster 512 may perform similarly to the balance adjuster 112 described above with reference to Figure 1. The CohLR
value may be multiplied by 1-CohDY and the product applied to the signal gains 208 in a similar fashion described above
in reference to the coherence gain adjuster 304. Using both of the CohLR and the CohDY values in order to adjust the
signal gains 208 may reduce the noise artifacts, preserve and enhance the signal of interest, and reduce the echo. The
adjusted signal gains 208 are applied to each of the two or more microphone signal 118 using the gain filters 114. The
signal gains 208 may be a combination of signal gains 208 associated with one or more suppression gain calculators
106. The gain filters 114 may utilize the subband filter described above.

[0050] Figure 6 is a representation of a method for maintaining the spatial stability of the sound field. The method 600
may be, for example, implemented using the systems 200 described herein with reference to Figures 2. The method
600 includes the act of calculating balance gains for each of two or more microphone signals 602. The balance gain
may be associated with a spatial image in the sound field. One or more signal values may be calculated for each of the
two or more microphone signals 604. The signal values may be the background noise estimate or signal gains associated
with echo cancellation and noise reduction processes. Structured noise content may be detected for each of the two or
more microphone signals 606. The structured noise content may be for example, impulse noise or tonal noise. A first
microphone signal of the two or more microphone signals may be mixed with a second microphone signal of the two or
more microphone signals responsive to the detected structured noise 608. Increasing amounts of detected structured
noise may increase the amount of mixing, or blending, of the first microphone signal with the second microphone signal.
The gain may be adjusted for the two or more microphone signals, including the mixed first microphone signal and
second microphone signal, responsive to the calculated balance gains and the one or more signal values for each of
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the two or more microphone signals 610.

[0051] Figure 7 is a schematic representation of a system for maintaining the spatial stability of the sound field. The
system 700 comprises a processor 702, memory 704 (the contents of which are accessible by the processor 702) and
an |/O interface 706. The memory 704 may store instructions which when executed using the process 702 may cause
the system 700 to render the functionality associated with maintaining the spatial stability of the sound field as described
herein. For example, the memory 704 may store instructions which when executed using the processor 702 may cause
the system 700 to render the functionality associated with the background noise estimator 104, the suppression gain
calculator 106, the balance calculator 108, the difference limiter 110, the gain filter 114, the structured noise detector
202, the channel mixer 204 and the gain adjuster 206 as described herein. In addition, data structures, temporary
variables and other information may store data in data storage 708.

[0052] The processor 702 may comprise a single processor or multiple processors that may be disposed on a single
chip, on multiple devices or distributed over more that one system. The processor 702 may be hardware that executes
computer executable instructions or computer code embodied in the memory 704 or in other memory to perform one or
more features of the system. The processor 702 may include a general purpose processor, a central processing unit
(CPU), a graphics processing unit (GPU), an application specific integrated circuit (ASIC), a digital signal processor
(DSP), a field programmable gate array (FPGA), a digital circuit, an analog circuit, a microcontroller, any other type of
processor, or any combination thereof.

[0053] The memory 704 may comprise a device for storing and retrieving data, processor executable instructions, or
any combination thereof. The memory 704 may include non-volatile and/or volatile memory, such as a random access
memory (RAM), a read-only memory (ROM), an erasable programmable read-only memory (EPROM), or a flash memory.
The memory 704 may comprise a single device or multiple devices that may be disposed on one or more dedicated
memory devices or on a processor or other similar device. Alternatively or in addition, the memory 704 may include an
optical, magnetic (hard-drive) or any other form of data storage device.

[0054] The memory 704 may store computer code, such as the background noise estimator 104, the suppression gain
calculator 106, the balance calculator 108, the difference limiter 110, the gain filter 114, the structured noise detector
202, the channel mixer 204 and the gain adjuster 206 as described herein. The computer code may include instructions
executable with the processor 702. The computer code may be written in any computer language, such as C, C++,
assembly language, channel program code, and/or any combination of computer languages. The memory 704 may
store information in data structures including, for example, suppression gains.

[0055] The I/O interface 706 may be used to connect devices such as, for example, the microphones 102, to other
components of the system 700.

[0056] All of the disclosure, regardless of the particular implementation described, is exemplary in nature, rather than
limiting. The system 700 may include more, fewer, or different components than illustrated in Figure 7. Furthermore,
each one of the components of system 700 may include more, fewer, or different elements than is illustrated in Figure
7. Flags, data, databases, tables, entities, and other data structures may be separately stored and managed, may be
incorporated into a single memory or database, may be distributed, or may be logically and physically organized in many
different ways. The components may operate independently or be part of a same program or hardware. The components
may be resident on separate hardware, such as separate removable circuit boards, or share common hardware, such
as a same memory and processor for implementing instructions from the memory. Programs may be parts of a single
program, separate programs, or distributed across several memories and processors.

[0057] Figure 8 is a representation of a method for maintaining the spatial stability of the sound field. The method 800
may be, for example, implemented using the systems 300 described herein with reference to Figures 3. The method
800 includes the act of calculating balance gains for each of two or more microphone signals 802. The balance gain
may be associated with a spatial image in the sound field. One or more signal values may be calculated for each of the
two or more microphone signals 804. The signal values may be the background noise estimate or signal gains associated
with echo cancellation and noise reduction processes. A pair-wise spectral coherence may be calculated between each
of the two or more microphone signals 806. The pair-wise spectral coherence may indicate that two or more microphone
signals are correlated and may have captured a signal of interest. The two or more microphone signals may be gain
adjusted responsive to the calculated balance gains, the one or more signal values, and the pair-wise spectral coherence
for each of the two or more microphone signals 808. The spectral coherence value may be used to prevent high amplitude
high frequencies signals from being unnecessarily attenuated and may also be used to increase the gain of low amplitude
high frequency signals.

[0058] Figure 9 is a schematic representation of a system for maintaining the spatial stability of the sound field. The
system 900 comprises a processor 902, memory 904 (the contents of which are accessible by the processor 902) and
an |/O interface 906. The memory 904 may store instructions which when executed using the process 902 may cause
the system 900 to render the functionality associated with maintaining the spatial stability of the sound field as described
herein. For example, the memory 904 may store instructions which when executed using the processor 902 may cause
the system 900 to render the functionality associated with the background noise estimator 104, the suppression gain
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calculator 106, the balance calculator 108, the difference limiter 110, the gain filter 114, the coherence calculator 302,
the coherence gain adjuster 304 and the signal mixer 402 as described herein. In addition, data structures, temporary
variables and other information may store data in data storage 908.

[0059] The processor 902 may comprise a single processor or multiple processors that may be disposed on a single
chip, on multiple devices or distributed over more than one system. The processor 902 may be hardware that executes
computer executable instructions or computer code embodied in the memory 904 or in other memory to perform one or
more features of the system. The processor 902 may include a general purpose processor, a central processing unit
(CPU), a graphics processing unit (GPU), an application specific integrated circuit (ASIC), a digital signal processor
(DSP), a field programmable gate array (FPGA), a digital circuit, an analog circuit, a microcontroller, any other type of
processor, or any combination thereof.

[0060] The memory 904 may comprise a device for storing and retrieving data, processor executable instructions, or
any combination thereof. The memory 904 may include non-volatile and/or volatile memory, such as a random access
memory (RAM), a read-only memory (ROM), an erasable programmable read-only memory (EPROM), or a flash memory.
The memory 904 may comprise a single device or multiple devices that may be disposed on one or more dedicated
memory devices or on a processor or other similar device. Alternatively or in addition, the memory 904 may include an
optical, magnetic (hard-drive) or any other form of data storage device.

[0061] The memory 904 may store computer code, such as the background noise estimator 104, the suppression gain
calculator 106, the balance calculator 108, the difference limiter 110, the gain filter 114, the coherence calculator 302,
the coherence gain adjuster 304 and the signal mixer 402 as described herein. The computer code may include instruc-
tions executable with the processor 902. The computer code may be written in any computer language, such as C, C++,
assembly language, channel program code, and/or any combination of computer languages. The memory 904 may
store information in data structures including, for example, suppression gains.

[0062] The I/O interface 906 may be used to connect devices such as, for example, the microphones 902, to other
components of the system 900. The system 900 may include more, fewer, or different components than illustrated in
Figure 9. Furthermore, each one of the components of system 900 may include more, fewer, or different elements than
is illustrated in Figure 9. Flags, data, databases, tables, entities, and other data structures may be separately stored
and managed, may be incorporated into a single memory or database, may be distributed, or may be logically and
physically organized in many different ways. The components may operate independently or be part of a same program
or hardware. The components may be resident on separate hardware, such as separate removable circuit boards, or
share common hardware, such as a same memory and processor for implementing instructions from the memory.
Programs may be parts of a single program, separate programs, or distributed across several memories and processors.
[0063] Figure 10 is a representation of a method for maintaining the spatial stability of the sound field. The method
1000 may be, for example, implemented using the systems 500 described herein with reference to Figures 5. The method
1000 includes the act of calculating balance gains for each of two or more microphone signals 1002. The balance gain
may be associated with a spatial image in the sound field. One or more signal values may be calculated for each of the
two or more microphone signals 1004. The signal values may be the background noise estimate or signal gains associated
with echo cancellation and noise reduction processes. A predicted echo may be calculated for a received audio signal
1006. The predicted echo may be used to reduce an echo signal. A pair-wise echo spectral coherence may be calculated
between the predicted echo and the two or more microphone signals 1008. The pair-wise echo spectral coherence may
indicate that the predicted echo is correlated to one or more of the captured two or more microphone signals. A pair-
wise spectral coherence between each of the two or more microphone signals 1010. The pair-wise spectral coherence
may indicate that two or more microphone signals are correlated and may have captured a signal of interest. The two
or more microphone signals may be gain adjusted responsive to the calculated balance gains, the one or more signal
values, the echo spectral coherence and the pair-wise spectral coherence for each of the two or more microphone
signals 1012. Using both of the echo spectral coherence and the spectral coherence values in order to adjust the signal
gains may reduce the noise artifacts, preserve and enhance the signal of interest, and reduce the echo.

[0064] Figure 11 is a schematic representation of a system for maintaining the spatial stability of the sound field. The
system 1100 comprises a processor 1102, memory 1104 (the contents of which are accessible by the processor 1102)
and an I/O interface 1106. The memory 1104 may store instructions which when executed using the process 1102 may
cause the system 1100 to render the functionality associated with maintaining the spatial stability of the sound field as
described herein. For example, the memory 1104 may store instructions which when executed using the processor 1102
may cause the system 1100 to render the functionality associated with the background noise estimator 104, the sup-
pression gain calculator 106, the balance calculator 108, the difference limiter 110, the gain filter 114, the coherence
calculator 302, the echo filter 506, the coherence echo calculator 510 and the coherence echo gain adjuster 512 as
described herein. In addition, data structures, temporary variables and other information may store data in data storage
1108.

[0065] The processor 1102 may comprise a single processor or multiple processors that may be disposed on a single
chip, on multiple devices or distributed over more that one system. The processor 1102 may be hardware that executes
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computer executable instructions or computer code embodied in the memory 1104 or in other memory to perform one
or more features of the system. The processor 1102 may include a general purpose processor, a central processing
unit (CPU), a graphics processing unit (GPU), an application specific integrated circuit (ASIC), a digital signal processor
(DSP), a field programmable gate array (FPGA), a digital circuit, an analog circuit, a microcontroller, any other type of
processor, or any combination thereof.

[0066] The memory 1104 may comprise a device for storing and retrieving data, processor executable instructions,
or any combination thereof. The memory 1104 may include non-volatile and/or volatile memory, such as a random
access memory (RAM), a read-only memory (ROM), an erasable programmable read-only memory (EPROM), or a flash
memory. The memory 1104 may comprise a single device or multiple devices that may be disposed on one or more
dedicated memory devices or on a processor or other similar device. Alternatively or in addition, the memory 1104 may
include an optical, magnetic (hard-drive) or any other form of data storage device.

[0067] The memory 1104 may store computer code, such as the background noise estimator 104, the suppression
gain calculator 106, the balance calculator 108, the difference limiter 110, the gain filter 114, the coherence calculator
302, the echo filter 506, the coherence echo calculator 510 and the coherence echo gain adjuster 512 as described
herein. The computer code may include instructions executable with the processor 1102. The computer code may be
written in any computer language, such as C, C++, assembly language, channel program code, and/or any combination
of computer languages. The memory 1104 may store information in data structures including, for example, suppression
gains.

[0068] Thel/Ointerface 1106 may be used to connect devices such as, for example, the microphones 102, the receiver
502 and the audio transducer 504 to other components of the system 900. The system 1100 may include more, fewer,
or different components than illustrated in Figure 11. Furthermore, each one of the components of system 1100 may
include more, fewer, or different elements than is illustrated in Figure 11. Flags, data, databases, tables, entities, and
other data structures may be separately stored and managed, may be incorporated into a single memory or database,
may be distributed, or may be logically and physically organized in many different ways. The components may operate
independently or be part of a same program or hardware. The components may be resident on separate hardware, such
as separate removable circuit boards, or share common hardware, such as a same memory and processor for imple-
menting instructions from the memory. Programs may be parts of a single program, separate programs, or distributed
across several memories and processors.

[0069] The functions, acts or tasks illustrated in the figures or described may be executed in response to one or more
sets of logic or instructions stored in or on computer readable media. The functions, acts or tasks are independent of
the particular type of instructions set, storage media, processor or processing strategy and may be performed by software,
hardware, integrated circuits, firmware, micro code and the like, operating alone or in combination. Similarly, the micro-
phones may comprise devices that convert sound into signals (e.g., electrical signals) and may include hardware that
converts the signal output into digital data. Likewise, processing strategies may include multiprocessing, multitasking,
parallel processing, distributed processing, and/or any other type of processing. In one embodiment, the instructions
are stored on a removable media device for reading by local or remote systems. In other embodiments, the logic or
instructions are stored in a remote location for transfer through a computer network or over telephone lines. In yet other
embodiments, the logic or instructions may be stored within a given computer such as, for example, a CPU.

[0070] While various embodiments of the system and method for on-demand user control have been described, it will
be apparent to those of ordinary skill in the art that many more embodiments and implementations are possible within
the scope of the present invention. Accordingly, the invention is not to be restricted except in light of the attached claims
and their equivalents.

Claims
1. A computer implemented method for maintaining spatial stability of a sound field comprising:

calculating (602) balance gains (210) for each of two or more microphone signals (118);

calculating (604) one or more signal values (208) for each of the two or more microphone signals (118);
detecting (606) structured noise content for each of the two or more microphone signals (118);

mixing (608) a first microphone signal (118) of the two or more microphone signals (118) with a second micro-
phone signal (118) of the two or more microphone signals (118) responsive to the detected structured noise; and
gain (610) adjusting the two or more microphone signals (118), including the mixed first microphone signal and
second microphone signal, responsive to the calculated balance gains (210) and the one or more signal values
(208) for each of the two or more microphone signals (118).

2. The computer implemented method of claim 1, where the one or more signal values (208) comprises one or more
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of an estimated background noise and a calculated suppression gain.

The computer implemented method of claim 2 where the suppression gain comprises one or more of a noise
reduction calculation and an echo cancellation calculation.

The computer implemented method of claim 3, where the noise reduction calculation comprises any one or more
of a wind noise reduction calculation, transients noise reduction calculation, road noise reduction calculation, repet-
itive noise reduction calculation and engine noise reduction calculation.

The computer implemented method of any of claims 1 to 4, where the structured noise content includes any one or
more of tonal noise and impulse noise.

The computer implemented method of any of claims 1 to 5, where increasing amounts of detected structured noise
content increases the amount of mixing of the first microphone signal with the second microphone signal.

The computer implemented method of claim 6, where an amount of detected structured noise exceeding a threshold
mixes the entire first microphone signal (118) with the second microphone signal (118).

The computer implemented method of claim 7, where the second microphone signal (118) has higher amplitude
than the first microphone signal (118).

The computer implemented method of any of claims 1 to 8, where mixing a first microphone signal (118) of the two
or more microphone signals (118) with a second microphone signal (118) of the two or more microphone signals

(118) comprises mixing on a frequency bin-by-frequency bin basis.

The computer implemented method of any of claims 1 to 9, further comprising generating a set of sub-bands for
each of the two or more microphone signals (118) using a subband filter or a Fast Fourier Transform.

The computer implemented method of any of claims 1 to 9, further comprising generating a set of sub-bands for
each of the two or more microphone signals (118) according to a critical, octave, mel, or bark band spacing technique.

A system for maintaining spatial stability of a sound field, the system comprising:
a processor (702);

a memory (704) coupled to the processor (702) containing instructions, executable by the processor (702), for
performing the instructions executing the steps of any of claims 1 to 11.

12



EP 2 816 816 A1

| ainbi4

auoydouoip
X i ;
- lore|nojen Jorewnsy <0l
eiilg = c_ﬁ_m.m_v urer) 9SION
f : uoissaiddng punoifxoeqg
91t
Joye|noe
i T Y oop__m_mmo
la1snlpy JojwiI Jspr Mw L
aoueleqg aduaisylg aoualaliq
A8k Ol OLL
. lole|nojen lorewisg
NdiNO «g— c_m.,w_ urer) 3SION
f : uoissaiddng punolibxoeg 201
9LL Y Y Y
N 901 ]! 8Ll
asuoydouoin

)
—

13



EP 2 816 816 A1

2 ainbl4

41" Nﬁm @ﬁ 8Ll
d 1914 10}091a( 9SION 101EINJEY
namn AI N : ule
A0 ey paIMONAS I co_wm.mgwazw
I 802 :
9Ll
h lo1enojen
o I ~ aoueeg
ole f
seisnlpy JoXI ey 80t
ulen jeuueyn . v0e aoualayqg
902 @ Okl
I8y 1019919 9SION A0IEIN9ED
INdiNO — ure 5 ; uren
I €9 PaINONAS f uoissaiddng
802
oLl I ,J
il 202 901 8Ll

o
Al

14



EP 2 816 816 A1

¢ ainbi4

ViL woF” 8L
lore[noen
1oy
INdin0 <¢— g
I uren uoisseiddng
9Lt
L Jojeinojed
Wy ' % aoueleg
le1snlpy Jo1e|noEeD layuir 804
ures) souasayoy | 0€ aouslayIq
LIIEIE (olg)
¥0¢ J ok
o Jlojejnoen
din y 9
Ind ﬁ e uren uoissaiddng
9LL f
A 901 8Ll
00€

O

15



EP 2 816 816 A1

¥ @inbi4

vﬂ @or” 8Ll
J01g|noe
sl g
uren uoissaiddng
9Ll
T 101e|NojeD)
N N soueeg
1ndino JOXIN Lm,_h__ﬁ MS_ 101e[nafen Joywi 801
nmx__\/_f < [eubig S0UBIA0D 99UBI8Y0D souaIayIq
S ; :
(4017 0 c0¢ OLL
A 4
JOE|Noe
1811 en
ureo uoissaiddng
9L1 f
pl 901 8H

16



EP 2 816 816 A1

v
INAINO -g—

G ainbi4

_ auoydouoip
8L lorejnoen f
18))14 L uren 201
uren 901 | uoissaiddng
lojenoe)
W U \V soueleg
c0€
AL oD o103 sopenoen Jopwry 0
I aoualayl 801
- SoUBIBLOD aouaIayon o:..\. uaisjig
A 4
s e QL
ey
uey oLl 9oL~ | uoissaiddng f
_ Y ) auoydosoip
A 4
Jore|nde) wmm
c0% oyo 1o S
f oochom_o M oues R f
4yoo 01S 905
Jeonpsuel
JoAI909Y _ oy

olpny

17



EP 2 816 816 A1

g ain

614

'sanjeA [eubis pue sureb aouejeq 8y} 0} SAISUOdSS
sjeubis suoydolojw 210w 10 om] 8y} jo ureb ay; 1snlpy

-@siou ainjeubis peosjep
3y} 0} aAlsuodsal sieubis suoydoidiw 810w 10 OM] 8y}
Jo [eubis suoydoudiw puooes e yum sjeubis auoydosoiw
aJow Jo om} 8y} Jo [eubis suoydooiw sy B XIA

‘sjeubis auoydouioiw alow

10 OM] Y] JO yoes Joj JuLsiu

09 8SI0U palnjonJls 19818(]

‘sleubis suoyd

0JolW 8Jow 10

OM] 8U} JO OB 10} SanjeA [eubis 810w 1o auo sjenojen

‘s[eubis suoydouoiw
9i0W 1o 0M} JO Yoea 1o} suiefl aoueeq a1gnoe)

18



EP 2 816 816 A1

/ @inbi4

sauoydouoip

Josnipy 1010819 JOXIN
uren 9SION oseyd |[ouueyD
90¢ c0c ¥0¢
aoeLIBU| O/
l01e|nJfed 19yl sy
aoueeyg urex) aoualayiq f
I f f 90.
801 VLl Okt
lore|noe) Jorewsg
abeloig eleQq urex) asIoN 10Ss@001d
uolssaiddng punouiboeg -
80L 90} 701 20L
Aowap
9 A

¥0.L

,J

c01

19



EP 2 816 816 A1

o
Q0

g ainbi4

*90UB18Y09 [el10ads asim-1ied oy}
pue sanjea [eubis ayi ‘sureb aouejeq ay) 0] aaisuodsal
s[eubis suoydouoiw aiow 1o om} a8y} Jo uieh ayy isnlpy

"sreubis suoydouoiw aiow 10 OM] 8y} JO
yoeo usamiaq 2ouaIayod [ei1oads asim-ired e ae|noje)

‘s|eubis suoydouoiw aiow 10
OM] U] JO Yora 10} San|eA [eubis 810w 10 SUO0 d1ejnoje)

‘sreubis suoydosoiw
2I0W 10 OM] JO Yoes Jo} suieb eoueeq a1enoje)

20



EP 2 816 816 A1

6 2inb14

sauoydoloip

JaxIN loisnlpy uren lorenoren
reubig aousalayon aoualayon
20y y0¢g coge
doeLIBIU| O/
Joye|noje) o4 Joywir
aoueeq uren aoualayiqg I
S S o
801 141" OLL
Jojenoje) Jojeulils3
abei0]s elRQ uren 9SION 10Ss900.d
uoisseiddng punoibxoeyg
806 901t 701 206
Aowsy
9 006

¥06

f

0l

21



EP 2 816 816 A1

0l ainbi4

"80U819Y09 [esjoads asim-iied ay) pue 8ousiayo9
[eljoeds oyos esim-lied oy} ‘sanfen [eubis ay} ‘sureb eoueeq oy} 0}
aAIsuodsai sjeubis suoydosoiw a1ow 10 om} 8y} Jo ureb ayi 1snlpy

'sjeuiis suoydoioiw aiow Jo
OM] 8Y] JO Yyoes usemieq e0usisyod [esjoads asim-iied e a1ejnojen

‘sreubis auoydouoiw 810w 10 OM} 8Y} JO YoBs pue oyos pajoipaid
8y} UsaM]ISq 90USIBY09 [e410ads oyoe asim-lied B aenofes

‘leubis olpne paAledal B 10} 0Yoo pajipald e arenoen

‘sjeubis auoydoloiw
9JOW 10 OM] 8Y} JO Yoes 10} san[eA [eubis 810w IO SUO 8)1e|ndje)

‘sjeubis
suoydouoiw 210w 10 OM} JO Yoes Jo} sured aouejeq arejnoen

22



EP 2 816 816 A1

LL ©Inbi4

J01e|noed Jsonpsuel]
oyog olpny
90UdaI8Y0)
oLS ¥0S
Ja1snlpy
SENE! ues oyog A0IEINO[ED soepal] O] 19N1908Y
oyog 20UBIO0D 9oualayo)
909 clg c0¢ 9011 (48
loje|noed U 4SHWIT souoydoIoIp
soueeq urer) aouaIayIq '
I I f 10ss8201d I
801 149" Okt I 20l
Jore|nojen dojewns cOLL
abeio1g ele( uren 9SION
uoissaiddng punoJibxoeg
9 9 9 00Tt
806 901 701

Aowepy |~ vOLL

23



10

15

20

25

30

35

40

45

50

55

EP 2 816 816 A1

9

des

Europdisches
Patentamt

European
Patent Office

Office européen

brevets

no

EPO FORM 1503 03.82 (P04C01)

EUROPEAN SEARCH REPORT

DOCUMENTS CONSIDERED TO BE RELEVANT

Application Number

EP 13 17 3047

Category Citation of document with indication, where appropriate, Relevant CLASSIFICATION OF THE
of relevant passages to claim APPLICATION (IPC)

X EP 2 490 459 Al (SVOX AG [CH]) 1,2,5-12 INV.

22 August 2012 (2012-08-22) HO4R3/00

* figures 1-4 *
A US 2012/250927 Al (RING MARTIN DAVID [US])]|1-12

4 October 2012 (2012-10-04)

* figure 2 *

* paragraphs [0017] - [0019] *

TECHNICAL FIELDS
SEARCHED (IPC)
HO4R

The present search report has been drawn up for all claims

Place of search Date of completion of the search Examiner

Munich 30 October 2013 Moscu, Viorel

CATEGORY OF CITED DOCUMENTS T : theory or principle underlying the invention
E : earlier patent document, but published on, or
X : particularly relevant if taken alone after the filing date
Y : particularly relevant if combined with another D : document cited in the application
document of the same category L : document cited for other reasons

A : technological background

O : non-written disclosure & : member of the same patent family, corresponding

P : intel

rmediate document document

24




10

15

20

25

30

35

40

45

50

55

EPO FORM P0459

EP 2 816 816 A1

ANNEX TO THE EUROPEAN SEARCH REPORT
ON EUROPEAN PATENT APPLICATION NO.

EP 13 17 3047

This annex lists the patent family members relating to the patent documents cited in the above-mentioned European search report.
The members are as contained in the European Patent Office EDP file on
The European Patent Office is in no way liable for these particulars which are merely given for the purpose of information.

30-16-2013
Patent document Publication Patent family Publication
cited in search report date member(s) date
EP 2490459 Al 22-08-2012  NONE
US 2012250927 Al 04-10-2012 US 2012250927 Al 04-10-2012
WO 2012135184 Al 04-10-2012

For more details about this annex : see Official Journal of the European Patent Office, No. 12/82

25



EP 2 816 816 A1
REFERENCES CITED IN THE DESCRIPTION
This list of references cited by the applicant is for the reader’s convenience only. It does not form part of the European

patent document. Even though great care has been taken in compiling the references, errors or omissions cannot be
excluded and the EPO disclaims all liability in this regard.

Patent documents cited in the description

* US 75319813 A [0001] * US 8073689 B [0040]
* US 8036879 B [0022] [0048] * US 20080167870 A [0040]
* US 7844453 B [0028] » US 753162 A [0042]

* US 7885420 B [0029]

26



	bibliography
	abstract
	description
	claims
	drawings
	search report
	cited references

