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SYSTEM AND METHOD FOR PROVIDING
CLOSE MICROPHONE ADAPTIVE ARRAY
PROCESSING

CROSS-REFERENCE TO RELATED
APPLICATION

The present application is a continuation-in-part of U.S.
patent application Ser. No. 11/699,732 filed Jan. 29, 2007 and
entitled “System and Method For Utilizing Omni-Directional
Microphones for Speech Enhancement,” which claims prior-
ity to U.S. Provisional Patent Application No. 60/850,928,
filed Oct. 10, 2006 entitled “Array Processing Technique for
Producing Long-Range ILD Cues with Omni-Directional
Microphone Pair,” both of which are herein incorporated by
reference. The present application is also related to U.S.
patent application Ser. No. 11/343,524, entitled “System and
Method for Utilizing Inter-Microphone Level Differences for
Speech Enhancement,” which claims the priority benefit of
U.S. Provision Patent Application No. 60/756,826, filed Jan.
5, 2006, and entitled “Inter-Microphone Level Difference
Suppressor,” all of which are also herein incorporated by
reference.

BACKGROUND OF THE INVENTION

1. Field of Invention

The present invention relates generally to audio processing
and more particularly to adaptive array processing in close
microphone systems.

2. Description of Related Art

Presently, there are numerous methods for reducing back-
ground noise in speech recordings made in adverse environ-
ments. One such method is to use two or more microphones
on an audio device. These microphones may be in prescribed
positions and allow the audio device to determine a level
difference between the microphone signals. For example, due
to a space difference between the microphones, the difference
in times of arrival of the signals from a speech source to the
microphones may be utilized to localize the speech source.
Once localized, the signals can be spatially filtered to sup-
press the noise originating from different directions.

In order to take advantage of the level differences between
two omni-directional microphones, a speech source needs to
be closer to one of the microphones. Typically, this means that
adistance from the speech source to a first microphone should
be shorter than a distance from the speech source to a second
microphone. As such, the speech source should remain in
relative closeness to both microphones, especially if both
microphones are in close proximity, as may be required, for
example, in mobile telephony applications.

A solution to the distance constraint may be obtained by
using directional microphones. The use of directional micro-
phones allows a user to extend an effective level difference
between the two microphones over a larger range with a
narrow inter-microphone level difference (ILD) beam. This
may be desirable for applications where the speech source is
not in as close proximity to the microphones, such as in
push-to-talk (PTT) or videophone applications.

Disadvantageously, directional microphones have numer-
ous physical and economical drawbacks. Typically, direc-
tional microphones are large in size and do not fit well in small
devices (e.g., cellular phones). Additionally, directional
microphones are difficult to mount since these microphones
require ports in order for sounds to arrive from a plurality of
directions. Furthermore, slight variations in manufacturing
may result in a microphone mismatch. Finally, directional
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microphones are costly. This may result in more expensive
manufacturing and production costs. Therefore, there is a
desire to utilize characteristics of directional microphones in
an audio device, without the disadvantages of using direc-
tional microphones, themselves.

SUMMARY OF THE INVENTION

Embodiments of the present invention overcome or sub-
stantially alleviate prior problems associated with noise sup-
pression in close microphone systems. In exemplary embodi-
ments, primary and secondary acoustic signals are received
by acoustic sensors. The acoustic sensors may comprise a
primary and a secondary omni-directional microphone. The
acoustic signals are then separated into frequency sub-band
signals for analysis.

In exemplary embodiments, the frequency sub-band sig-
nals may then be used to simulate two directional microphone
responses (e.g., cardioid signals). An adaptive equalization
coefficient may be applied to sub-band signals of the second-
ary acoustic signal. In accordance with exemplary embodi-
ments, the application of the adaptive equalization coefficient
allows for correction of microphone mismatch. Specifically,
with respect to some embodiments, the adaptive equalization
coefficient will align a null of a backward-facing cardioid
pattern to be directed towards a desired sound source. A
forward-facing cardioid pattern and the backward-facing car-
dioid pattern are generated based on the sub-band signals.

Utilizing cardioid signals of the forward-facing cardioid
pattern and backward-facing cardioid pattern, noise suppres-
sion may be performed. In various embodiments, an energy
spectrum or power spectrum is determined based on the car-
dioid signals. An inter-microphone level difference may then
be determined and used to approximate a noise estimate.
Based in part on the noise estimate, a gain mask may be
determined. This gain mask is then applied to the primary
acoustic signal to generate a noise suppressed signal. The
resulting noise suppressed signal is output.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1a and FIG. 15 are diagrams of two environments in
which embodiments of the present invention may be prac-
ticed.

FIG. 2 is a block diagram of an exemplary audio device
implementing embodiments of the present invention.

FIG. 3 is ablock diagram of an exemplary audio processing
engine.

FIG. 4a and FIG. 4b are respective block diagrams of an
exemplary structure of a differential array and an exemplary
array processing module, according to some embodiments.

FIG. 5 is a block diagram of an exemplary adaptive array
processing engine.

FIG. 6 is a flowchart of an exemplary method for providing
noise suppression in an audio device having a close micro-
phone array.

FIG. 7 is a flowchart of an exemplary method for perform-
ing adaptive array processing.

DESCRIPTION OF EXEMPLARY
EMBODIMENTS

The present invention provides exemplary systems and
methods for adaptive array processing in close microphone
systems. In exemplary embodiments, the close microphones
used comprise omni-directional microphones. Simulated
directional patterns (i.e., cardioid patterns) may be created by

Meta Platforms, Inc. Exhibit 1006
Page 13 of 19



US 8,204,252 B1

3

processing acoustic signals received from the microphones.
The cardioid patterns may be adapted to compensate for
microphone mismatch. In one embodiment, the adaptation
may result in a null of a backward-facing cardioid pattern to
be directed towards a desired audio source. The resulting
signals from the adaptation may then be utilized in a noise
suppression system and/or speech enhancement system.

Array processing (AP) technology relies on accurate phase
and/or level match of the microphones to create the desired
cardioid patterns. Without proper calibration, even a small
phase mismatch between the microphones may cause serious
deterioration of an intended directivity patterns which may in
turn introduce distortion to an inter-microphone level differ-
ence (ILD) map and either produce speech loss or noise
leakage at a system output. Calibration for phase mismatch is
essential for current AP technology to work given observed
mismatches in microphone responses inherent in the manu-
facturing processes. However, calibration of each micro-
phone pair on a manufacturing line is very expensive. For
these reasons, a technology that does not require manufactur-
ing line calibration for each microphone pair is highly desir-
able.

Embodiments of the present invention may be practiced on
any audio device that is configured to receive sound such as,
but not limited to, cellular phones, phone handsets, headsets,
and conferencing systems. While some embodiments of the
present invention will be described in reference to operation
on a cellular phone, the present invention may be practiced on
any audio device.

Referring to FIG. 1, an environment in which embodiments
of the present invention may be practiced is shown. A user
may provide an audio (speech) source 102 to an audio device
104. The exemplary audio device 104 may comprise two
microphones: a primary microphone 106 relative to the audio
source 102 and a secondary microphone 108 located a dis-
tance away from the primary microphone 106. In exemplary
embodiments, the microphones 106 and 108 comprise omni-
directional microphones.

While the microphones 106 and 108 receive sound (i.e.,
acoustic signals) from the audio source 102, the microphones
106 and 108 also pick up noise 110. Although the noise 110 is
shown coming from a single location in FIG. 1, the noise 110
may comprise any sounds from one or more locations differ-
ent than the audio source 102, and may include reverberations
and echoes. The noise 110 may be stationary, non-stationary,
and/or a combination of both stationary and non-stationary
noise.

Exemplary embodiments of the present invention may uti-
lize level differences (e.g., energy differences) between the
acoustic signals received by the two microphones 106 and
108 independent of how the level differences are obtained.
Ideally, the primary microphone 106 should be much closerto
a mouth reference point (MRP) 112 of the audio source 102
than the secondary microphone 108 resulting in an intensity
level that is higher for the primary microphone 106 and a
larger energy level during a speech/voice segment. However,
in accordance with the present invention, the audio source
102 is located a distance away from the primary and second-
ary microphones 106 and 108. For example, the audio device
104 may be a view-to-talk device (i.e., user watches a display
on the audio device 104 while talking) or comprise a headset
with short form factors. As such, the level difference between
the primary and secondary microphones 106 and 108 may be
very low.

FIG. 15 illustrates positioning of the primary and second-
ary microphones 106 and 108 on the audio device 104,
according to one embodiment. The primary and secondary
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microphone 106 and 108 may be located on a same axis as the
MRP 112. A deviation from this audio source axis should not
exceed =25 degrees in any direction.

An angle 0 defines a cone width, while an angle y defines a
deviation of the microphone array with respect to the MRP
112 direction. As such, y may be constrained by an equation:
Y=0-.

In exemplary embodiments, physical separation between
the primary and secondary microphones 106 and 108 should
be minimized. An approximate effective acoustic distance
may be mathematically represented by:

D min(D1+D2, D1+D3),

whereby for a narrowband system 0.5 cm<D, ;<4 cm and for
a wideband system 1.0 cm<D,,<2 cm.

Alternatively, the effective acoustic distance may be
obtained by measuring the primary and secondary micro-
phone 106 and 108 responses. Initially, a transfer function of
a source at 0=0 degrees to each microphone 106 and 108 may
be determined which may be represented as:

H\(H=IH (f)le*'® and

Hy(A=1H(f)1e*20.

An inter-microphone phase difference may be approximated
by ¢(H)=¢,)-¢,(D). As a result, the effective acoustic dis-
tance may be

c

Dy =_¢l(f)27rf’

where c is the speed of sound in air.

Referring now to FIG. 2, the exemplary audio device 104 is
shown in more detail. In exemplary embodiments, the audio
device 104 is an audio communication device that comprises
a processor 202, the primary microphone 106, the secondary
microphone 108, an audio processing engine 204, and an
output device 206. The audio device 104 may comprise fur-
ther components necessary for audio device 104 operations
but not necessarily utilized with respect to embodiments of
the present invention. The audio processing engine 204 will
be discussed in more detail in connection with FIG. 3.

Upon reception by the microphones 106 and 108, the
acoustic signals are converted into electric signals (i.e., a
primary electric signal and a secondary electric signal). The
electric signals may, themselves, be converted by an analog-
to-digital converter (not shown) into digital signals for pro-
cessing in accordance with some embodiments. In order to
differentiate the acoustic signals, the acoustic signal received
by the primary microphone 106 is herein referred to as the
primary acoustic signal, while the acoustic signal received by
the secondary microphone 108 is herein referred to as the
secondary acoustic signal.

The output device 206 is any device which provides an
audio output to the user. For example, the output device 206
may comprise an earpiece of a headset or handset, or a
speaker on a conferencing device.

FIG. 3 is a detailed block diagram of the exemplary audio
processing engine 204. In exemplary embodiments, the audio
processing engine 204 is embodied within a memory device
or storage medium. In operation, the acoustic signals received
from the primary and secondary microphones 106 and 108
are converted to electric signals and processed through a
frequency analysis module 302. In one embodiment, the fre-
quency analysis module 302 takes the acoustic signals and
mimics the frequency analysis of the cochlea (i.e., cochlear
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domain) simulated by a filter bank. In one example, the fre-
quency analysis module 302 separates the acoustic signals
into frequency sub-bands. A sub-band is the result of a filter-
ing operation on an input signal, where the bandwidth of the
filter is narrower than the bandwidth of the signal received by
the frequency analysis module 302. Alternatively, other filters
such as short-time Fourier transform (STFT), sub-band filter
banks, modulated complex lapped transforms, cochlear mod-
els, wavelets, etc. can be used for the frequency analysis and
synthesis. Because most sounds (e.g., acoustic signals) are
complex and comprise more than one frequency, a sub-band
analysis on the acoustic signal determines what individual
frequencies are present in the complex acoustic signal during
a frame (e.g., a predetermined period of time). According to
one embodiment, the frame is 8 ms long. The results may
comprise signals in a fast cochlea transform (FCT) domain.

Once the sub-band signals are determined, the sub-band
signals are forwarded to an adaptive array processing (AAP)
engine 304. The AAP engine 304 is configured to adaptively
process the primary and secondary signals to create synthetic
directional patterns (i.e., synthetic directional microphone
responses) for the close microphone array (e.g., primary and
secondary microphones 106 and 108). The directional pat-
terns may comprise a forward-facing cardioid pattern based
on the primary acoustic (sub-band) signal and a backward-
facing cardioid pattern based on the secondary (sub-band)
acoustic signal. In exemplary embodiments, the sub-band
signals may be adapted such that a null of the backward-
facing cardioid pattern is directed towards the audio source
102. The AAP engine 304 is configured to process the sub-
band signals using two networks of first-order differential
arrays. In essence, this processing replaces two cardioid or
directional microphones with two omni-directional micro-
phones.

Pattern generation using differential arrays (DA) requires
use of fractional delays whose value may depend on a dis-
tance between the microphones. In the FCT domain, these
patterns may be modeled and implemented by phase shifts on
the sub-band signals (e.g., analytical signals from the micro-
phones—ACS). As such, differential networks may be imple-
mented in the FCT domain with two networks per tap (one
network for each of the two cardioid patterns). Another
advantage of implementing the DA in the FCT domain is that
different fractional delays may be implemented in different
frequency sub-bands. This may be important in systems
where the distance between the microphones is frequency
dependent (e.g., due to the phase distortions introduced by
diffraction in real devices).

An exemplary structure of a differential array is shown in
FIG. 4a. For sound arriving from a back of the array (6=180
deg) an output y,(t) is zero if a delay line 402 introduces a
delay equal to an acoustic delay between the primary and
secondary microphones 106 and 108. This may be repre-
sented by

o &

where c is the speed of sound in air (i.e., 340 m/s). For sound
arriving from a front of the microphone array, the differential
array acts as a differentiator for frequencies whose wave-
length is large compared to the distance d between the two
microphones 106 and 108 (e.g., an approximation error is less
than 1 dB if the wavelength is 4d). For sources arriving from
other directions, differentiator behavior is still present but
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additional broadband attenuation may be applied. The attenu-
ation follows a “cardioid” pattern, which may be represented
mathematically as

A(@) = =[1 + cos(6)].

1
2

FIG. 4b illustrates an exemplary array processing module
410 utilizing a similar differential array structure. In exem-
plary embodiments, the array processing module 410 may be
embodied within the AAP engine 304. The goal of the array
processing module 410 is to implement two cardioid patterns,
one facing front (i.e., forward-facing cardioid pattern) and
one facing back (i.e., backward-facing cardioid pattern). In
exemplary embodiments, two first-order differential arrays
that share the same two microphones (i.e., the primary and
secondary microphones 106 and 108) are used. In one
embodiment, the forward cardioid signal is assumed to be
based on the primary acoustic signal, and may be mathemati-
cally represented by

cy(mk)y=x (k) -wiwox (1K),

where k is an index of a k” frequency tap, and n is a sample
index. Similarly, the backward cardioid signal, assumed to be
based on the secondary acoustic signal, may be mathemati-
cally represented by

(k) =x5(1,k) wo—wyx (1, k).

W, comprises an equalization coefficient. In one embodi-
ment, the equalization coefficient comprises a phase shift or
time delay that aligns the two microphones 106 and 108 by
modeling their phase mismatch. The equalization coefficient
may be provided by an equalization module 412 In some
embodiments, during array processing calibration, w, may be
first obtained by least squares estimation and then applied to
the secondary channel (i.e., channel processing the secondary
acoustic signal) before estimating w, and w,.

In exemplary embodiments, w, and w, comprise delay
coefficients which are applied to create the cardioid signals
and patterns. For a completely symmetrical acoustic setup
with matched microphones 106 and 108, w,=w,, whereby w,
and w, may be determined by assuming that the microphones
are matched (e.g., offline and prior to manufacturing). How-
ever, in practice, the microphones 106 and 108 may have
different phase characteristics requiring the coefficients be
computed independently. In exemplary embodiments, a w,
delay node 414 and a w, delay node 416 apply the coefficients
(w, and w,) to their respective acoustic signals in order to
create the two cardioid patterns.

In accordance with exemplary embodiments, w, and w,
may be derived from experimentation. For example, a signal
may be recorded from various directions (e.g., front, back,
and one side). The microphones are then matched and an
analysis of the back and front signals is performed to deter-
mine w, and w,. Thus, in exemplary embodiments, w, and w,
may be constants set prior to manufacturing.

Referring back to FIG. 3, the cardioid signals (i.e., a signal
implementing the forward-facing cardioid pattern and a sig-
nal implementing the backward-facing cardioid pattern) are
then forwarded to the energy module 306 which computes
energy (power) estimates or spectra associated with the car-
dioid signals. For simplicity, the following discussion
assumes the forward-facing cardioid pattern is based on the
sub-band signals from the primary microphone 106 and the
backward-facing cardioid pattern are based on the sub-band
signals from the secondary microphone 108. The power esti-
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mates are computed based on a cardioid primary signal (¢, ) of
the forward-facing cardioid and cardioid secondary signal
(c,) of a backward facing cardioid during an interval of time
for each frequency band. The power estimate may be based on
bandwidth of the cochlea channel and the cardioid signals. In
one embodiment, the power estimate may be mathematically
determined by squaring and integrating an absolute value of
the frequency analyzed cardioid signals. For example, the
energy level associated with the primary microphone signal
may be determined by

Eiin k)= Y lewin b,

frame

and the energy level associated with the secondary micro-
phone signal may be determined by

Exn k)= Y leatn, WP,

frame

where n represents a time index (e.g., =0, 1, .. . N,,,,,.) and
k represents a frequency index (e.g., k=0, 1, ... K).

Given the calculated energy levels, an inter-microphone
level difference (ILD) may be determined by an ILD module
308. The ILD may be determined by the ILD module 308 in
a non-linear manner by taking a ratio of the energy levels.
This may be mathematically represented by

ILD(k)=E (2, k) Ex(m, ).

Applying the determined energy levels to this ILD equation
results in

> ler(n, b

frame

2 lean, )2

frame

ILD(n, k) =

The ILD between the outputs of the synthetic cardioids
may establish a spatial map where the ILD is maximum in the
front of the microphone array, and minimum in the back of the
microphone array. The map is unambiguous in these two
directions, so if the speech is known to be in either direction
(generally in front) the noise suppression system 310 may use
this feature to suppress noise from all other directions.

For a forward direction the IL.D is, in theory, infinite, and
extends to negative infinity in a backward direction. In prac-
tice, magnitudes squared of the cardioid signals may be aver-
aged or “smoothed” over a frame to compute the ILD.

Iso-ILD regions may describe hyperboloids (e.g., cones if
centers of the forward-facing and backward-facing cardioid
patterns are assumed to be the same) around the axis of the
array. Thus, only two directions have a one-to-one correspon-
dence with the ILD function (i.e. is unique), front and back.
The remaining directions comprise rotational ambiguity. This
ambiguity is commonly known as “cones” of confusion. This
ILD map is different from the ILD map obtained with spread
microphones, where the ILD is maximum for near sources
and zero otherwise. The desired speech source is assumed to
have a maximum ILD.

Once the ILD is determined, the cardioid sub-band signals
are processed through a noise suppression system 310. In
exemplary embodiments, the noise suppression system 310
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comprises a noise estimate module 312, a filter module 314,
a filter smoothing module 316, a masking module 318, and a
frequency synthesis module 320.

In exemplary embodiments, the noise estimate is based on
the acoustic signal from the primary microphone 106 (e.g.,
forward-facing cardioid signal). The exemplary noise esti-
mate module 312 is a component which can be approximated
mathematically by

N k)y=hy (0,K)E (1,5)+(1=hy (2.5 )min[N (- 1,5).E (1,
Kl

according to one embodiment of the present invention. As
shown, the noise estimate in this embodiment is based on
minimum statistics of a current energy estimate of the pri-
mary acoustic signal, E, (n,k) and a noise estimate of a previ-
ous time frame, N(n—1, k). As a result, the noise estimation is
performed efficiently and with low latency.

A(nk) in the above equation is derived from the ILD
approximated by the ILD module 308, as

=0 if ILD(n, k) < threshold

A0m k) =
i ) { ~1if ILD(n, k) > threshold

That is, when ILD is smaller than a threshold value (e.g.,
threshold=0.5) above which desired sound is expected to be,
A, is small, and thus the noise estimate module 312 follows
the noise closely. When ILD starts to rise (e.g., because
speech is present within the large ILD region), A, increases.
As a result, the noise estimate module 312 slows down the
noise estimation process and the desired sound energy does
not contribute significantly to the final noise estimate. There-
fore, some embodiments of the present invention may use a
combination of minimum statistics and desired sound detec-
tion to determine the noise estimate.

A filter module 314 then derives a filter estimate based on
the noise estimate. In one embodiment, the filter is a Wiener
filter. Alternative embodiments may contemplate other filters.
Accordingly, the Wiener filter may be approximated, accord-
ing to one embodiment, as

where P, is a power spectral density of speech or desired
sound, and P, is a power spectral density of noise. According
to one embodiment, P,, is the noise estimate, N(n,k), which is
calculated by the noise estimate module 312. In an exemplary
embodiment, P=FE,(nk)-yN(n,k), where E,(nk) is the
energy estimate associated with the primary acoustic signal
(e.g., the cardioid primary signal) calculated by the energy
module 306, and N(n,k) is the noise estimate provided by the
noise estimate module 312. Because the noise estimate may
change with each frame, the filter estimate may also change
with each frame.

y is an over-subtraction term which is a function of the ILD.
y compensates bias of minimum statistics of the noise esti-
mate module 312 and forms a perceptual weighting. Because
time constants are different, the bias will be different between
portions of pure noise and portions of noise and speech.
Therefore, in some embodiments, compensation for this bias
may be necessary. In exemplary embodiments, y is deter-
mined empirically (e.g., 2-3 dB at a large ILD, and is 6-9 dB
ata low ILD).
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¢ in the above exemplary Wiener filter equation is a factor
which further limits the noise estimate. ¢ can be any positive
value. In one embodiment, non-linear expansion may be
obtained by setting ¢ to 2. According to exemplary embodi-
ments, ¢ is determined empirically and applied when a body
of

falls below a prescribed value (e.g., 12 dB down from the
maximum possible value of W, which is unity).

Because the Wiener filter estimation may change quickly
(e.g., from one frame to the next frame) and noise and speech
estimates can vary greatly between each frame, application of
the Wiener filter estimate, as is, may result in artifacts (e.g.,
discontinuities, blips, transients, etc.). Therefore, an optional
filter smoothing module 316 is provided to smooth the Wiener
filter estimate applied to the acoustic signals as a function of
time. In one embodiment, the filter smoothing module 316
may be mathematically approximated as

M, k)=N(n, ) W(n,k)+(1-h(m,k))Mmn-1,k),

where A, is a function of the Wiener filter estimate and the
primary microphone energy, E,.

As shown, the filter smoothing module 316, at time-sample
n will smooth the Wiener filter estimate using the values of the
smoothed Wiener filter estimate from the previous frame at
time (n-1). In order to allow for quick response to the acoustic
signal changing quickly, the filter smoothing module 316
performs less smoothing on quick changing signals, and more
smoothing on slower changing signals. This is accomplished
by varying the value of A according to a weighed first order
derivative of E,| with respect to time. If the first order deriva-
tive is large and the energy change is large, then A is setto a
large value. If the derivative is small then A, is set to a smaller
value.

After smoothing by the filter smoothing module 316, the
primary acoustic signal is multiplied by the smoothed Wiener
filter estimate to estimate the speech. In the above Wiener
filter embodiment, the speech estimate is approximated by
S(n,k)=c, (n,k) M (n,k), where c,(n,k) is the cardioid primary
signal. In exemplary embodiments, the speech estimation
occurs in the masking module 318.

Next, the speech estimate is converted back into time
domain from the cochlea domain. The conversion comprises
taking the speech estimate, S(n,k), and adding together the
phase shifted signals of the cochlea channels in a frequency
synthesis module 320. Alternatively, the conversion com-
prises taking the speech estimate, S(n.k), and multiplying this
with an inverse frequency of the cochlea channels in the
frequency synthesis module 320. Once conversion is com-
pleted, the signal is output to the user.

It should be noted that the system architecture of the audio
processing engine 204 of FIG. 3 and the array processing
module 410 of FIG. 45 is exemplary. Alternative embodi-
ments may comprise more components, less components, or
equivalent components and still be within the scope of
embodiments of the present invention. Various modules of the
audio processing engine 204 may be combined into a single
module. For example, the functions of the ILD module 308
may be combined with the functions of the energy module
306. As a further example, the functionality of the filter mod-
ule 314 may be combined with the functionality of the filter
smoothing module 316.
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Referring now to FIG. 5, the exemplary AAP engine 304 is
shown in more detail. In exemplary embodiments, the AAP
engine 304 comprises the array processing module 410. How-
ever, the equalization module 412 applies an adaptive equal-
ization coefficient determined based on an adaptation control
module 502 and an adaptation processor 504. The equaliza-
tion coefficient is configured to compensate for microphone
mismatch post-manufacturing.

The exemplary adaptation control module 502 is config-
ured to operate as a switch to activate the adaptation processor
504, which will adjust the equalization coefficient. In one
embodiment, the adaptation may be triggered by identifying
frames dominated by speech using a fixed (non-adaptive)
close-microphone array derived from the primary sub-band
signal (x, (k,n)) and secondary sub-band signal (x,(k,n)). This
second array comprises the same structure as discussed in
connection with FIG. 456 but without the adaptive coefficient
W, The coefficients w, and w, of this array include the phase
shifts due to acoustical properties of the audio device 104 and
exclude particular microphone properties. The power ratio
between the front-facing and back-facing cardioid signals
produced by this array may be tracked and used to determine
if a signal is active in the forward direction, in which case the
adaptive equalization coefficient can be updated. In some
embodiments, the equalization coefficient is only adapted for
taps with high signal-to-noise ratio (SNR). Thus, the adapta-
tion control module 502 may look for both a signal and proper
direction. Adaptation may be performed when the probability
that the observed components correspond to speech coming
from the desired direction (e.g., from the front direction). In
these situations, the adaptation control module 502 may have
avalue of one. However, if a weak signal or no signal is being
received from the front/forward direction, then the value from
the adaption control module 502 may be zero. If adaptation is
determined to be required, then the adaptation control module
502 sends instructions to the adaptation processor 504.

The exemplary adaptation processor 504 is configured to
adjust the equalization coefficient such that a desired speech
signal is cancelled by a backward-facing cardioid pattern.
When the adaptation control module 502 indicates there is a
desired signal coming from the front/forward direction (i.e.,
value=1), the adaptation processor 504 adapts the equaliza-
tion coefficient to essentially cancel the desired signal in
order to create a zero or null in that direction. The adaptation
may be performed for each input sample, per frame, or in a
batch.

In exemplary embodiments, the adaptation is performed
using a normalized least mean square (NLMS) algorithm
having a small step size. NLMS may, in accordance with one
embodiment, minimize a square of a calculated error. The
error may be mathematically determined as E=x,-x,w,"w,,
in accordance with one embodiment. Thus, by setting the
derivative of E to 0, w, may be determined. The output ofthe
adaptation processor 504 (i.e., w,) is then provided to the
adaptive equalization module 412. It should be noted that the
magnitude of w, is kept to a value of one, in exemplary
embodiments. This may cause the convergence to occur
faster. The equalization module 412 may then apply the
equalization coefficient to the secondary sub-band signal.

FIG. 6 is a flowchart 600 of an exemplary method for
providing noise suppression and/or speech enhancement with
close microphones. In step 602, acoustic signals are received
by the primary microphone 106 and the secondary micro-
phone 108. In exemplary embodiments, the microphones are
omni-directional microphones in close proximity to each
other compared to the audio source 102. In some embodi-
ments, the acoustic signals are converted by the microphones
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to electronic signals (i.e., the primary electric signal and the
secondary electric signal) for processing.

In step 604, the frequency analysis module 302 performs
frequency analysis on the primary and secondary acoustic
signals. According to one embodiment, the frequency analy-
sis module 302 utilizes a filter bank to determine frequency
sub-bands for the primary and secondary acoustic signals.

In step 606, adaptive array processing is then performed on
the sub-band signals by the AAP engine 304. In exemplary
embodiments, the AAP engine 304 is configured to determine
the cardioid primary signal and the cardioid secondary signal
by delaying, subtracting, and applying an equalization coef-
ficient to the acoustic signals captured by the primary and
secondary microphones 106 and 108. Step 606 will be dis-
cussed in more detail in connection with FIG. 7.

In step 608, energy estimates for the cardioid primary and
secondary signals are computed. In one embodiment, the
energy estimates are determined by the energy module 306. In
one embodiment, the energy module 306 utilizes a present
cardioid signal and a previously calculated energy estimate to
determine the present energy estimate of the present cardioid
signal.

Once the energy estimates are calculated, inter-micro-
phone level differences (ILD) may be computed in step 610.
In one embodiment, the ILD is calculated based on a non-
linear combination of the energy estimates of the cardioid
primary and secondary signals. In exemplary embodiments,
the ILD is computed by the IL.D module 308.

Once the ILD is determined, the cardioid primary and
secondary signals are processed through a noise suppression
system in step 612. Based on the calculated ILD and cardioid
primary signal, noise may be estimated. A filter estimate may
then computed by the filter module 314. In some embodi-
ments, the filter estimate may be smoothed. The smoothed
filter estimate is applied to the acoustic signal from the pri-
mary microphone 106 to generate a speech estimate. The
speech estimate is then converted back to the time domain.
Exemplary conversion techniques apply an inverse frequency
of the cochlea channel to the speech estimate.

Once the speech estimate is converted, the audio signal
may now be output to the user in step 614. In some embodi-
ments, the electronic (digital) signals are converted to analog
signals for output. The output may be via a speaker, earpieces,
or other similar devices.

Referring now to FIG. 7, a flowchart of an exemplary
method for performing adaptive array processing (step 606) is
shown. In operation, microphones (e.g., microphones 106
and 108) of the microphone array may be mismatched. As
such, the adaptive array processing (AAP) engine 304 adap-
tively updates the equalization coefficient applied by the
array processing module 410 to compensate for the micro-
phone mismatch. In step 702, the acoustic signals are received
by the AAP engine 304. In exemplary embodiments, the
acoustic signals comprise sub-band signals post-processing
by the frequency analysis module 302.

In step 704, a determination is made as to whether to adapt
the equalization coefficient. In exemplary embodiments, the
adaptation control module 502 analyzes the sub-band signals
to determine if adaptation may be needed. The analysis may
comprise, for example, determining if energy is high in a front
direction of the microphone array.

If adaptation is required, then an adaptation signal is sent in
step 706. In exemplary embodiments, the adaptation control
module 502 will send the adaptation signal to the adaptation
processor 504.

The adaptation processor 504 then calculates a new equal-
ization coefficient in step 708. In one embodiment, the adap-
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tation is performed using a normalized least mean square
(NLMS) algorithm having a small step size and no regular-
ization. NLMS may, in accordance with one embodiment,
minimize a square of a calculated error. The new equalization
coefficient is then provided to the equalization module 412.

In step 710, the equalization coefficient is applied to the
acoustic signal. In exemplary embodiments, the equalization
coefficient may be applied to one or more sub-bands of the
secondary acoustic signal to generate an equalized sub-band
signal.

The cardioid signals are then generated in step 712. In
various embodiments, the equalized sub-band signal along
with the sub-band signal from the primary acoustic micro-
phone 106 are delayed via delay nodes 414 and 416, respec-
tively. The results may then be subtracted from the opposite
sub-band signal to obtain the cardioid signals.

The above-described modules can be comprised of instruc-
tions that are stored on storage media. The instructions can be
retrieved and executed by the processor 202. Some examples
ofinstructions include software, program code, and firmware.
Some examples of storage media comprise memory devices
and integrated circuits. The instructions are operational when
executed by the processor 202 to direct the processor 202 to
operate in accordance with embodiments of the present
invention. Those skilled in the art are familiar with instruc-
tions, processor(s), and storage media.

The present invention is described above with reference to
exemplary embodiments. It will be apparent to those skilled
in the art that various modifications may be made and other
embodiments can be used without departing from the broader
scope of the present invention. For example, the microphone
array discussed herein comprises a primary and secondary
microphone 106 and 108. However, alternative embodiments
may contemplate utilizing more microphones in the micro-
phone array. Therefore, these and other variations upon the
exemplary embodiments are intended to be covered by the
present invention.

The invention claimed is:

1. A method for adaptive processing of a close microphone
array in a noise suppression system, comprising:

receiving a primary acoustic signal and a secondary acous-

tic signal;

performing frequency analysis on the primary and second-

ary acoustic signals to obtain primary and secondary
sub-band signals;

applying an adaptive equalization coefficient to a second-

ary sub-band signal;

generating a forward-facing cardioid pattern and a back-

ward-facing cardioid pattern based on the sub-band sig-
nals;

utilizing cardioid signals of the forward-facing cardioid

pattern and backward-facing cardioid pattern to perform
noise suppression; and

outputting a noise suppressed signal.

2. The method of claim 1 further comprising determining
whether to adapt the adaptive equalization coefficient.

3. The method of claim 2 wherein determining whether to
adapt comprises veritying if a desired sound is present in a
forward direction of a second non-adaptive close microphone
array.

4. The method of claim 2 wherein determining whether to
adapt comprises veritying if a desired sound is present in a
forward direction of the close microphone array.

5. The method of claim 4 wherein verifying is based on
energy level of the acoustic signals.

6. The method of claim 4 wherein verifying is based on
signal-to-noise ratio of the acoustic signals.
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7. The method of claim 1 further comprising adapting the
adaptive equalization coefficient.

8. The method of claim 7 wherein adapting comprises
determining an error and applying a normalized least mean
square function to the error to determine a new adaptive
equalization coefficient.

9. The method of claim 1 wherein utilizing the cardioid
signals to perform noise suppression comprises determining
an energy spectrum for each cardioid signal.

10. The method of claim 1 wherein utilizing the cardioid
signals to perform noise suppression comprises determining
an inter-microphone level difference between the cardioid
signals of the forward-facing and backward-facing cardioid
patterns.

11. The method of claim 1 wherein utilizing the cardioid
signals to perform noise suppression comprises determining a
noise estimate based in part on the cardioid signals.

12. The method of claim 11 further comprising determin-
ing a gain mask based in part on the noise estimate.

13. The method of claim 12 further comprising applying
the gain mask to the primary acoustic signal to suppress noise.

14. A system for adaptive processing of a close microphone
array in a noise suppression system, comprising:

a frequency analysis module configured to perform fre-
quency analysis on primary and secondary acoustic sig-
nals to obtain primary and secondary sub-band signals;

an adaptive array processing engine configured to apply an
adaptive equalization coefficient to a secondary sub-
band signal and to generate a forward-facing cardioid
pattern and a backward-facing cardioid pattern based on
the sub-band signals;

anoise suppression system configured to use cardioid sig-
nals of the forward-facing cardioid pattern and back-
ward-facing cardioid pattern to perform noise suppres-
sion; and

an output device configured to output a noise suppressed
signal.

15. The system of claim 14 wherein the adaptive array
processing engine comprises an adaptation control config-
ured to determine whether to adapt the adaptive equalization
coefficient.
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16. The system of claim 14 wherein the adaptive array
processing engine comprises an adaptation processor config-
ured to determine a new adaptive equalization coefficient.

17. The system of claim 14 wherein the noise suppression
system comprises an inter-microphone level difference mod-
ule configured to determine an inter-microphone level differ-
ence between the cardioid signals of the forward-facing and
backward-facing cardioid patterns.

18. The system of claim 14 wherein the noise suppression
system comprises a noise estimate module configured to
determine a noise estimate based in part on the cardioid
signals.

19. The system of claim 18 wherein the noise suppression
system comprises a filter module configured to determine a
gain mask based in part on the noise estimate.

20. The method of claim 19 wherein the noise suppression
system comprises a masking module configured to apply the
gain mask to the primary acoustic signal to suppress noise.

21. A machine readable medium having embodied thereon
a program, the program providing instructions for a method
for adaptive processing of a close microphone array in a noise
suppression system, comprising:

receiving a primary acoustic signal and a secondary acous-

tic signal;

performing frequency analysis on the primary and second-

ary acoustic signals to obtain primary and secondary
sub-band signals;

applying an adaptive equalization coefficient to a second-

ary sub-band signal;

generating a forward-facing cardioid pattern and a back-

ward-facing cardioid pattern based on the sub-band sig-
nals;

utilizing cardioid signals of the forward-facing cardioid

pattern and backward-facing cardioid pattern to perform
noise suppression; and

outputting a noise suppressed signal.
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