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(57) ABSTRACT

Systems and methods for utilizing inter-microphone level
differences (ILD) to attenuate noise and enhance speech are
provided. In exemplary embodiments, primary and second-
ary acoustic signals are received by omni-directional micro-
phones, and converted into primary and secondary electric
signals. A differential microphone array module processes
the electric signals to determine a cardioid primary signal and
a cardioid secondary signal. The cardioid signals are filtered
through a frequency analysis module which takes the signals
and mimics a cochlea implementation (i.e., cochlear domain).
Energy levels of the signals are then computed, and the results
are processed by an IL.D module using a non-linear combi-
nation to obtain the ILD. In exemplary embodiments, the
non-linear combination comprises dividing the energy level
associated with the primary microphone by the energy level
associated with the secondary microphone. The ILD is uti-
lized by a noise reduction system to enhance the speech ofthe
primary acoustic signal.
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SYSTEM AND METHOD FOR UTILIZING
OMNI-DIRECTIONAL MICROPHONES FOR
SPEECH ENHANCEMENT

CROSS-REFERENCE TO RELATED
APPLICATION

The present application claims the priority benefit of U.S.
Provisional Patent Application No. 60/850,928, filed Oct. 10,
2006, and entitled “Array Processing Technique for Produc-
ing Long-Range ILD Cues with Omni-Directional. Micro-
phone Pair;” the present application is also a continuation-in-
part of U.S. patent application Ser. No. 11/343,524, filed Jan.
30,2006 and entitled “System and Method for Utilizing Inter-
Microphone Level Differences for Speech Enhancement,”
which claims the priority benefit of U.S. Provisional Patent
Application No. 60/756,826, filed Jan. 5, 2006, and entitled
“Inter-Microphone Level Difference Suppresor,” all of which
are herein incorporated by reference.

BACKGROUND OF THE INVENTION

1. Field of Invention

The present invention relates generally to audio processing
and more. particularly to speech enhancement using inter-
microphone level differences.

2. Description of Related Art

Currently, there are many methods for reducing back-
ground noise and enhancing speech in an adverse environ-
ment. One such method is to use two or more microphones on
an audio device. These microphones are in prescribed posi-
tions and allow the audio device to determine a level differ-
ence 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 the different directions.

In order to take advantage of the level difference between
two omni-directional microphones, a speech source needs to
be closer to one of the microphones. That is, in order to obtain
a significant level difference, a distance from the source to a
first microphone needs to be shorter than a distance from the
source to a second microphone. As such, a speech source must
remain in relative closeness to the microphones, especially if
the microphones are in close proximity as may be required by
mobile telephony applications.

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

Disadvantageously, directional microphones have numer-
ous physical drawbacks. Typically, directional microphones
are large in size and do not fit well in small telephones or
cellular phones. Additionally, directional microphones are
difficult to mount as they required ports in order for sounds to
arrive from a plurality of directions. Slight variations in
manufacturing may result in a mismatch, resulting in more
expensive manufacturing and production costs.

Therefore, it is desirable to utilize the characteristics of
directional microphones in a speech enhancement system,
without the disadvantages of using directional microphones,
themselves.
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2
SUMMARY OF THE INVENTION

Embodiments of the present invention overcome or sub-
stantially alleviate prior problems associated with noise sup-
pression and speech enhancement. In general, systems and
methods for utilizing inter-microphone level differences
(ILD) to attenuate noise and enhance speech are provided. In
exemplary embodiments, the ILD is based on energy level
differences of a pair of omni-directional microphones.

Exemplary embodiments of the present invention use a
non-linear process to combine components of the acoustic
signals from the pair of omni-directional microphones in
order to obtain the ILD. In exemplary embodiments, a pri-
mary acoustic signal is received by a primary microphone,
and a secondary acoustic signal is received by a secondary
microphone (e.g., omni-directional microphones). The pri-
mary and secondary acoustic signals are converted into pri-
mary and secondary electric signals for processing.

A differential microphone array (DMA) module processes
the primary and secondary electric signals to determine a
cardioid primary signal and a cardioid secondary signal. In
exemplary embodiments, the primary and secondary electric
signals are delayed by a delay node. The cardioid primary
signal is then determined by taking a difference between the
primary electric signal and the delayed secondary electric
signal, while the cardioid secondary signal is determined by
taking a difference between the secondary electric signal and
the delayed primary electric signal. In various embodiments
the delayed primary electric signal and the delayed secondary
electric signal are adjusted by a gain. The gain may be a ratio
between a magnitude of the primary acoustic signal and a
magnitude of the secondary acoustic signal.

The cardioid signals are filtered through a frequency analy-
sis module which takes the signals and mimics the frequency
analysis of the cochlea (i.e., cochlear domain) simulated in
this embodiment by a filter bank. 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. Energy levels associated with the cardioid primary
signal and the cardioid secondary signals are then computed
(e.g., as power estimates) and the results are processed by an
ILD module using a non-linear combination to obtain the
ILD. In exemplary embodiments, the non-linear combination
comprises dividing the power estimate associated with the
cardioid primary signal by the power estimate associated with
the cardioid secondary signal. The ILD may then be used as a
spatial discrimination cue in a noise reduction system to
suppress unwanted sound sources and enhance the speech.

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 illustrates an exemplary implementation of the
DMA module, frequency analysis module, energy module,
and the ILD module.

FIG. 4b is an exemplary implementation of the DM A mod-
ule.

FIG. 5 is a block diagram of an alternative embodiment of
the present invention.
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FIG. 6 is a polar plot of a front-to-back cardioid directivity
pattern and ILD diagram produced according to embodi-
ments of the present invention.

FIG. 7 is a flowchart of an exemplary method for utilizing
ILD of omni-directional microphones for speech enhance-
ment.

FIG. 8 is a flowchart of an exemplary noise reduction
process.

DESCRIPTION OF EXEMPLARY
EMBODIMENTS

The present invention provides exemplary systems and
methods for utilizing inter-microphone level differences
(ILD) of at least two microphones to identify frequency
regions dominated by speech in order to enhance speech and
attenuate background noise and far-field distracters. Embodi-
ments 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. Advantageously, exemplary embodi-
ments are configured to provide improved noise suppression
on small devices and in applications where the main audio
source is far from the device. 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. 1a and FIG. 15, environments in which
embodiments of the present invention may be practiced are
shown. A user provides an audio (speech) source 102 to an
audio device 104. The exemplary audio device 104 comprises
two microphones: a primary microphone 106 relative to the
audio source 102 and a secondary microphone 108 located a
distance, d, away from the primary microphone 106. In exem-
plary embodiments, the microphones 106 and 108 are 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. 1a and FIG. 15,
the noise 110 may comprise any sounds from one or more
locations different than the audio source 102, and may
include reverberations and echoes.

Embodiments of the present invention exploit level difter-
ences (e.g., energy differences) between the acoustic signals
received by the two microphones 106 and 108 independent of
how the level differences are obtained. In FI1G. 1a, because the
primary microphone 106 is much closer to the audio source
102 than the secondary microphone 108, the intensity level is
higher for the primary microphone 106 resulting in a larger
energy level during a speech/voice segment, for example. In
FIG. 15, because directional response of the primary micro-
phone 106 is highest in the direction of the audio source 102
and directional response of the secondary microphone 108 is
lower in the direction of the audio source 102, the level
difference is highest in the direction of the audio source 102
and lower elsewhere.

The level difference may then be used to discriminate
speech and noise in the time-frequency domain. Further
embodiments may use a combination of energy level difter-
ences and time delays to discriminate speech. Based on bin-
aural cue decoding, speech signal extraction, or speech
enhancement may be performed.

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 receiving 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.
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The audio processing engine 204 will be discussed in more
detail in connection with FIG. 3.

As previously discussed, the primary and secondary micro-
phones 106 and 108, respectively, are spaced a distance apart
in order to allow for an energy level differences between
them. 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 be 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, according to one embodiment of the
present invention. In exemplary embodiments, the audio pro-
cessing engine 204 is embodied within a memory device. In
operation, the acoustic signals (i.e., X, and X,) received from
the primary and secondary microphones 106 and 108 are
converted to electric signals and processed through a differ-
ential microphone array (DM A) module 302. The DMA mod-
ule 302 is configured to use DMA theory to create directional
patterns for the close-spaced microphones 106 and 108. The
DMA module 302 may determine sounds and signals in a
front and back cardioid region about the audio device 104 by
delaying and subtracting the acoustic signals captured by the
microphones 106 and 108. Signals (i.e., sounds) received
from these cardioid regions are hereinafter referred to as
cardioid signals. In one example, sounds from a audio source
102 within the cardioid region are transmitted by the primary
microphone 106 as a cardioid primary signal. Sounds from
the same audio source 102 are transmitted by the secondary
microphone 108 as a cardioid secondary signal.

For a two-microphone system, the DMA module 302 can
create two different directional patterns about the audio
device 104. Each directional pattern is a region about the
audio device 104 in which sounds generated by an audio
source 102 within the region may be received by the micro-
phones 106 and 108 with little attenuation. Sounds generated
by audio sources 102 outside of the directional pattern may be
attenuated.

In one example, one directional pattern created by the
DMA module 302 allows sounds generated from an audio
source 102 within a front cardioid region around the audio
device 104 to be received, and a second pattern allows sounds
from a second audio source 102 within a back cardioid region
around the audio device 104 to be received. Sounds from
audio sources 102 beyond these regions may also be received
but the sounds may be attenuated.

The cardioid signals from the DMA module 302 are then
processed by a frequency analysis module 304. In one
embodiment the frequency analysis module 304 takes the
cardioid signals and mimics the frequency analysis of the
cochlea (i.e., cochlear domain) simulated by a filter bank. In
one example, the frequency analysis module 304 separates
the cardioid signals into frequency bands. Alternatively, other
filters such as short-time Fourier transform (STFT), sub-band
filter banks, modulated complex lapped transforms, cochlear
models, 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 indi-
vidual frequencies are present in the complex acoustic signal
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during a frame (e.g., a predetermined period of time). In one
embodiment, the frame is 8 ms long.

Once the frequencies are determined, the signals are for-
warded to an energy module 306 which computes energy
level estimates during an interval of time (i.e., power esti-
mates). The power estimate may be based on bandwidth of the
cochlea channel and the cardioid signal. The power estimates
are then used by the inter-microphone level difference (ILD)
module 308 to determine the ILD.

In various embodiments, the DMA module 302 sends the
cardiod signals to the energy module 306. The energy module
306 computes the power estimates prior to the analysis of the
cardiod signals by the frequency analysis module 304.

Referring to FIG. 4a, one implementation of the DMA
module 302, frequency analysis module 304, energy module
306, and the ILD module 308 is provided. In this implemen-
tation, the acoustic signals received by the microphones 106
and 108 are processed by the DMA module 302. The exem-
plary DMA module 302 delays the primary acoustic signal,
X, via a delay node 404, z~™*. Similarly, the DMA module
302 delays the secondary acoustic signal, X,, via a second
delay node 404, z7™2.

In exemplary embodiments, a cardioid primary signal (Cy)
is mathematically determined in the frequency domain (Z
transform) as

C X —zvgX,

while the cardioid secondary signal (C,) is mathematically
determined as

Cp=gXo-z"2X].

The gain factor, g, is computed by the gain module 406 to
equalize the signal levels. Prior art systems can suffer loss of
performance when the microphone signals have different lev-
els. The gain module is further discussed herein.

In various embodiments, the cardioid signals can be pro-
cessed through the frequency analysis module 304. The filter
coefficient may be applied to each microphone signal. As a
result, the output of the frequency analysis module 304 may
comprise a filtered cardioid primary signal, aC/(t,w) and a
filtered cardioid secondary signal, BC/t,»), where t repre-
sents the time index (t=0, 1, . . . N) and w represents the
frequency index (w=0, 1, ... K).

The energy module 306 takes the signals from the fre-
quency analysis module 304 and calculates the power esti-
mates associated with the cardioid primary signal (C,) and the
cardioid secondary signal (C,). In exemplary embodiments,
the power estimates may be mathematically determined by
squaring and integrating an absolute value of the output of the
frequency analysis module 304. Power estimates of the sig-
nals from the cardioid primary signal and the cardioid sec-
ondary signal are referred to herein as components. For
example, the energy level associated with the primary micro-
phone signal may be determined by

Ef(z,w)=f ICs (7, W) dr,
frame
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and the energy level associated with the secondary micro-
phone signal may be determined by

Eb(t,w):f |G, W) dY.

frame

Given the calculated energy levels, the ILD may be deter-
mined by the ILD module 308. In exemplary embodiments,
the ILD is determined in a non-linear manner by taking a ratio
of'the energy levels, such as

ILD(t,0)=E (1,0)/E,(1,0)

Applying the determined energy levels to this ILD equation
results in

f|cf(z', w)|?dr’

ILD(t, w) ffmmJCb(”’ TR

By nonlinearly combining the energy level (i.e., compo-
nent) of the cardioid primary signal with the energy level (i.e.,
component) of the cardioid secondary signal, sounds from
audio sources 102 within a front-to-back cardioid region (de-
picted in FIG. 6) about the audio device 104 may be effec-
tively received. The spatial extent over which the signal can
be retrieved can be specified and controlled by the ILD region
selected. In contrast, if the cardioid primary signal and the
cardioid secondary signal are combined linearly (e.g., the
signals are subtracted,) sounds from audio sources 102 within
a hypercardioid region may be effectively received. The
hypercardioid region may be larger (broader) than the front-
to-back cardioid ILD region selected, thus the non-linear
combination via ILD can produce a narrower and more spa-
tially selective beam.

Once the ILD is determined, the signals are processed
through a noise reduction system 310. Referring back to FI1G.
3, in exemplary embodiments, the noise reduction system 310
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.

According to an exemplary embodiment of the present
invention, a Wiener filter is used to suppress noise/enhance
speech. In order to derive the Wiener filter estimate, however,
specific inputs are needed. These inputs comprise a power
spectral density of noise and a power spectral density of the
primary acoustic signal.

In exemplary embodiments, the noise estimate is based
only on the acoustic signal from the primary microphone 106.
The exemplary noise estimate module 312 is a component
which can be approximated mathematically by

N(t,0)=h(t,0)E | (,0)+(1-h;(t,0))min[N(t-1,w), E (1,
)]
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, (t,w) and a noise estimate of a previ-
ous time frame, N(t-1,w). As a result, the noise estimation is
performed efficiently and with low latency.

A, (t,m) in the above equation is derived from the ILD

approximated by the ILD module 308, as

=0 if ILD(1, w) < threshold

A4z, =
1t @) {:1 it ILD(, @) > threshold

That is, when ILD at the primary microphone 106 is smaller
than a threshold value (e.g., threshold=0.5) above which
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speech is expected to be, A, is small, and thus the noise
estimator 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 speech energy does
not contribute significantly to the final noise estimate. There-
fore, exemplary embodiments of the present invention may
use a combination of minimum statistics and voice activity
detection 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 and P, is a
power spectral density of noise. According to one embodi-
ment, P, is the noise estimate, N(t,w), which is calculated by
the noise estimate module 312. In an exemplary embodiment,
P=E,(t,0)-yN(t,»), where E,(t,w) is the energy estimate
associated with the primary acoustic signal (e.g., the cardioid
primary signal) calculated by the energy module 306, and
N(t,m) is the noise estimate provided by the noise estimate
module 312. Because the noise estimate changes with each
frame, the filter-estimate will also change with each frame.

v is an over-subtraction term which is a function of the IL.D.
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).

¢ in the above exemplary Wiener filter equation is a factor
which further limits the noise estimate. ¢ can be any positive
value. In one embodiment, nonlinear expansion may be
obtained by setting ¢ to 2. According to exemplary embodi-
ments, ¢ is determined empirically and applied when a body
of

W=

P
(PS +SPn)

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(t,0)=h(t,0) W (t,0)+(1-A(t,0)M(t-1,0),

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 (t) will
smooth the Wiener filter estimate using the values of the
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smoothed Wiener filter estimate from the previous frame at
time (t-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(t,w)=C{t,0)*M(t,w), where C(t,w) 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(t,w), and adding together the
phase shifted signals of the cochlea channels in a frequency
synthesis module 320. Once conversion is completed, the
signal is output to the user.

It should be noted that the system architecture of the audio
processing engine 204 of FIG. 3 is exemplary. Alternative
embodiments may comprise more components, less compo-
nents, 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 functionalities of the fre-
quency analysis module 304 and energy module 306 may be
combined into a single module. Furthermore, the functions of
the ILD module 308 may be combined with the functions of
the energy module 306 alone, or in combination with the
frequency analysis module 304. As a further example, the
functionality of the filter module 314 may be combined with
the functionality of the filter smoothing module 316.

Referring now to FIG. 4, a practical implementation of the
DMA module 302 according to one embodiment of the
present invention is shown. In exemplary embodiments,
microphone differences are compensated by using a filter
412, F(z), that equalizes the microphones 106 and 108. Since
the filter 412 is a non-causal filter, in some embodiments, a
delay is applied to the primary microphone signal with a delay
node 414, D(z). The application of the delay node 414 results
in an alignment of the two channels.

To implement a fractional delay, allpass filters 416 and 418
(e.g., A (z) and A,(z)) are applied to the signals. However, the
application of the allpass filters 416 and 418 introduces a
delay. As a result, two more delay nodes 420 and 422 (e.g.,
D, (z) and D,(Z)) are required.

A secondary acoustic signal magnitude may be modified to
match a magnitude ofthe primary acoustic signal by applying
a gain which is computed by the gain module 406. The gain
module 406 computes the magnitude of both signals (e.g., X,
and X,) and derives the gain, g, as the ratio between the
magnitude of the primary acoustic signal to the magnitude of
the secondary acoustic signal. The gain can then be used to
calculate the cardioid primary signal and the cardioid second-
ary signal.

Since the allpass filters 416 and 418 produce a desired
fractional delay up to one-half the Nyquist frequency, the
processing is applied at twice the system sampling rate.

As aresult, sampling rate conversion (SRC) nodes 424 and
426 is provided. The outputs of the SRC nodes 424 and 426
are the cardioid primary and cardioid secondary signals, C,
and C,.
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FIG. 5 is a block diagram of an alternative embodiment of
the present invention. In this embodiment, the acoustic sig-
nals from the microphones 106 and 108 are processed by a
frequency analysis module 304 prior to processing by a DMA
module 302. According to the present embodiment, the fre-
quency analysis module 304 takes the acoustic signals (i.e.,
X, and X,) and mimics a cochlea implementation using a
filter bank, such as a fast Fourier transform. Alternatively,
other filters such as short-time Fourier transform (STFT),
sub-band filter banks, modulated complex lapped transforms,
cochlear models, wavelets, etc. can be used for the frequency
analysis and synthesis. The output of the frequency analysis
module 304 may comprise a plurality of signals (e.g., one per
sub-band or tap.)

The secondary acoustic signal magnitude is modified to
match the magnitude of the primary acoustic signal by com-
puting the magnitude of both signals and deriving the gain, g,
as the ratio between the magnitude of the primary acoustic
signal to the magnitude of the secondary acoustic signal.
Subsequently, the signals may be processed through the
DMA module 302. In the present embodiment, phase shifting
of the signals (e.g., using &%) is utilized to achieve a frac-
tional delay of the signals.

The remainder of the process through the energy module
306 and the ILD module 308 is similar to the process
described in connection with FIG. 4a, but on a per sub-band
or tap basis.

FIG. 6 is a polar plot of a front-to-back cardioid directivity
pattern 602 and ILD diagram produced according to exem-
plary embodiments of the present invention. The cardioid
directivity pattern 602 illustrates a range in which the acoustic
signals may be received. As shown, by using the non-linear
combination process and delay nodes (e.g., 420 and 422), the
range of the cardioid directivity pattern 602 may be extended
in the forward and backward directions (i.e., along the
x-axis). The extension in the forward and backward directions
allows significant ILD cues to be obtained from acoustic
sources further away from the microphones 106 and 108. As
a result, the omni-directional microphones 106 and 108 can
achieve acoustic characteristics that mimic those of direc-
tional microphones.

Referring now to FIG. 7, a flowchart 700 of an exemplary
method for utilizing ILD of omni-direction microphones for
noise suppression and speech enhancement is shown. In step
702, acoustic signals are received by the primary microphone
106 and the secondary microphone 108. In exemplary
embodiments, the microphones are omni-directional micro-
phones. In some embodiments, the acoustic signals are con-
verted by the microphones to electronic signals (i.e., the pri-
mary electric signal and the secondary electric signal) for
processing.

Differential array analysis is then performed in step 704 on
the acoustic signals by the DMA module 302. In exemplary
embodiments, the DMA module 302 is configured to deter-
mine the cardioid primary signal and the cardioid secondary
signal by delaying, subtracting, and applying a gain factor to
the acoustic signals captured by the microphones 106 and
108. Specifically, the DMA module 302 determines the car-
dioid primary signal by taking a difference between the pri-
mary electric signal and a delayed secondary electric signal.
Similarly, the DMA module 302 determines the cardioid sec-
ondary signal by taking a difference between the secondary
electric signal and a delay primary electric signal.

In step 706, the frequency analysis module 304 performs
frequency analysis on the cardioid primary and secondary
signals. According to one embodiment, the frequency analy-
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sis module 304 utilizes a filter bank to determine individual
frequencies present in the complex cardioid primary and sec-
ondary signals.

In step 708, energy estimates for the cardioid primary and
secondary signals are computed. In one embodiment, the
energy estimates are determined by the energy module 306.
The exemplary energy module 306 utilizes a present cardioid
signal and a previously calculated energy estimate to deter-
mine the present energy estimate of the present cardioid sig-
nal.

Once the energy estimates are calculated, inter-micro-
phone level differences (ILD) are computed in step 710. 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 ILD module 308.

Once the ILD is determined, the cardioid primary and
secondary signals are processed through a noise reduction
system in step 712. Step 712 will be discussed in more detail
in connection with FIG. 8. The result of the noise reduction
processing is then output to the user in step 714. In some
embodiments, the electronic signals are converted to analog
signals for output. The output may be via a speaker, earpieces,
or other similar devices.

Referring now to FIG. 8, a flowchart of the exemplary noise
reduction process (step 712) is provided. Based on the calcu-
lated ILD, noise is estimated in step 802. According to
embodiments of the present invention, the noise estimate is
based only on the acoustic signal received at the primary
microphone 106. The noise estimate may be based on the
present energy estimate of the acoustic signal from the pri-
mary microphone 106 and a previously computed noise esti-
mate. In determining the noise estimate, the noise estimation
is frozen or slowed down when the ILD increases, according
to exemplary embodiments of the present invention.

In step 804, a filter estimate is computed by the filter
module 314. In one embodiment, the filter used in the audio
processing engine 208 is a Wiener filter. Once the filter esti-
mate is determined, the filter estimate may be smoothed in
step 806. Smoothing prevents fast fluctuations which may.
create audio artifacts. The smoothed filter estimate is applied
to the acoustic signal from the primary microphone 106 in
step 808 to generate a speech estimate.

In step 810, the speech estimate is converted back to the
time domain. Exemplary conversion techniques apply an
inverse frequency of the cochlea channel to the speech esti-
mate. Once the speech estimate is converted, the audio signal
may now be output to the user.

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. Therefore, these and other
variations upon the exemplary embodiments are intended to
be covered by the present invention.
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The invention claimed is:

1. A system for enhancing speech, comprising:

aprimary and secondary microphone configured to receive
a primary acoustic signal and a secondary acoustic sig-
nal;

a differential microphone array (DMA) module configured
to determine a cardioid primary signal and a cardioid
secondary signal based on a primary electric signal con-
verted from the primary acoustic signal and secondary
electric signal converted from the secondary acoustic
signal, the differential microphone array module being
further configured to determine the cardioid primary
signal based at least in part on delaying at least one of the
primary electric signal and the secondary electric signal;
and

an inter-microphone level difference module configured to
non-linearly combine components of the cardioid pri-
mary signal and the cardioid secondary signal to obtain
an inter-microphone level difference.

2. The system of claim 1 wherein the DMA module is
configured to determine the cardioid primary signal by taking
a difference between a delayed primary electric signal and a
delayed and level-equalized secondary electric signal.

3. The system of claim 1 wherein the DMA module is
configured to determine the cardioid primary signal by deter-
mining a gain and taking a difference between a primary
electric signal and a delayed secondary electric signal
adjusted by the gain.

4. The system of claim 3 wherein the gain is the ratio
between a magnitude of the primary acoustic signal and a
magnitude of the secondary acoustic signal.

5. The system of claim 1 wherein the DMA module is
configured to determine the cardioid secondary signal by
taking a difference between the secondary electric signal and
a delayed primary electric signal.

6. The system of claim 1 further comprising a frequency
analysis module configured to determine frequencies for the
cardioid primary signal and the cardioid secondary signal.

7. The system of claim 1 further comprising an energy
module configured to determine energy estimates for a frame
of the cardioid primary signal and the cardioid secondary
signal.

8. The system of claim 1 further comprising a noise esti-
mate module configured to determine a noise estimate for the
primary acoustic signal based on an energy estimate of the
cardioid primary signal and the inter-microphone level dif-
ference.

9. The system of claim 1 further comprising a filter module
configured to determine a filter estimate to be applied to the
primary acoustic signal.

10. The system of claim 9 further comprising a filter
smoothing module configured to smooth the filter estimate
prior to applying the filter estimate to the primary acoustic
signal.

11. The system of claim 1 further comprising a masking
module configured to determine a speech estimate.

12. The system of claim 11 further comprising a frequency
synthesis module configured to convert the speech estimate
into a time domain for output.

13. The system of claim 1, wherein the DMA module
determines the cardioid primary signal and a cardioid second-
ary signal of a sub-band of the primary electric signal.

14. The system of claim 1 wherein the DMA module is
configured to determine the cardioid secondary signal by
taking a difference between a level-equalized secondary elec-
tric signal and a delayed primary electric signal.
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15. A method for enhancing speech, comprising:

receiving a primary acoustic signal at a primary micro-

phone and a secondary acoustic signal at a secondary
microphone;
determining a cardioid primary signal and a cardioid sec-
ondary signal based on a primary electric signal con-
verted from the primary acoustic signal and a secondary
electric signal converted from the secondary acoustic
signal;
determining the cardioid primary signal further based at
least in part on delaying at least one of the primary
electric signal and the secondary electric signal; and

non-linearly combining components of the cardioid pri-
mary signal and cardioid secondary signal to obtain an
inter-microphone level difference.

16. The method of claim 15 wherein determining the car-
dioid primary signal comprises taking a difference between a
delayed primary electric signal and a delayed secondary elec-
tric signal.

17. The method of claim 15 wherein determining the car-
dioid primary signal comprises determining a gain and taking
a difference between a primary electric signal and a delayed
secondary electric signal adjusted by the gain.

18. The method of claim 17 wherein the gain is the ratio
between a magnitude of the primary acoustic signal and a
magnitude of the secondary acoustic signal.

19. The method of claim 15 wherein determining the car-
dioid secondary signal comprises taking a difference between
the secondary electric signal and a delayed primary electric
signal.

20. The method of claim 15 wherein non-linearly combin-
ing comprises dividing the component of the cardioid primary
signal by the component of the cardioid secondary signal.

21. The method of claim 15 further comprising determin-
ing an energy estimate for each of the acoustic signals during
a frame.

22. The method of claim 15 further comprising determin-
ing a noise estimate based on an energy estimate of the pri-
mary acoustic signal and the inter-microphone level differ-
ence.

23. The method of claim 22 further comprising determin-
ing a filter estimate based on the noise estimate of the primary
acoustic signal, the energy estimate of the primary acoustic
signal, and the inter-microphone level difference.

24. The method of claim 23 further comprising producing
a speech estimate by applying the filter estimate to the pri-
mary acoustic signal.

25. The method of claim 23 further comprising smoothing
the filter estimate.

26. The method of claim 15 wherein the cardioid primary
signal and the cardioid secondary signal are each of a sub-
band of the primary electric signal.

27. The method of claim 15 wherein determining the car-
dioid primary signal comprises taking a difference between a
delayed primary electric signal and a level-equalized second-
ary electric signal.

28. A non-transitory computer readable storage medium
having embodied thereon a program, the program being
executable by a processor to perform a method for enhancing
speech, the method comprising:

receiving a primary acoustic signal at a primary micro-

phone and a secondary acoustic signal at a secondary
microphone;

determining a cardioid primary signal and a cardioid sec-

ondary signal based on a primary electric signal con-
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verted from the primary acoustic signal and a secondary non-linearly combining components of the cardioid pri-
e}ectric signal converted from the secondary acoustic mary signal and the cardioid secondary signal to obtain
signal; an inter-microphone level difference.

determining the cardioid primary signal further based at
least in part on delaying at least one of the primary
electric signal and the secondary electric signal; and L
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