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Docket No.: PERS-0024-US

METHOD AND DEVICE FOR
ACOUSTIC MANAGEMENT CONTROL OF MULTIPLE MICROPHONES

CROSS REFERENCE TO RELATED APPLICATIONS

[0001] This Application is a Non-Provisional and claims the priority benefit of
Provisional Application No. 60/916,271 filed on May 4, 2007, the entire disclosure of

which is incorporated herein by reference.

FIELD

[0002] The present invention pertains to sound reproduction, sound recording,
audio communications and hearing protection using earphone devices designed to
provide variable acoustical isolation from ambient sounds while being able to
audition both environmental and desired audio stimuli. Particularly, the present
invention describes a method and device for controlling a voice communication
system by monitoring the user’s voice with an ambient sound microphone and an ear
canal microphone

BACKGROUND

[0003] People use portable communication devices primarily for voice
communications and music listening enjoyment. A mobile device or headset
generally includes a microphone and a speaker. In noisy conditions, background
noises can degrade the quality of the listening experience. Noise suppressors
attempt to attenuate the contribution of background noise in order to enhance the
listening experience.
[0004] In an earpiece, multiple microphones can be used to provide additional noise
suppression. A need however exists for acoustic management control of the multiple
microphones.

SUMMARY

[0005] Embodiments in accordance with the present provide a method and device

for acoustic management control of multiple microphones.
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[0006] In a first embodiment, a method for acoustic management control suitable for
use in an earpiece can include the steps of capturing an ambient acoustic signal from
at least one Ambient Sound Microphone (ASM) to produce an electronic ambient
signal, capturing in an ear canal an internal sound from at least one Ear Canal
Microphone (ECM) to produce an electronic internal signal, measuring a background
noise signal from the electronic ambient signal or the electronic internal signal, and
mixing the electronic ambient signal with the electronic internal signal in a ratio
dependent on the background noise signal to produce a mixed signal.

[0007] The method can include increasing an internal gain of the electronic internal
signal while decreasing an external gain of the electronic ambient signal when the
background noise levels increase. The method can similarly include decreasing an
internal gain of the electronic internal signal while increasing an external gain of the
electronic ambient signal when the background noise levels decrease. Frequency
weighted selective mixing can also be performed when mixing the signals. The
mixing can include filtering the electronic ambient signal and the electronic internal
signal based on a characteristic of the background noise signal, such as a level of
the background noise level, a spectral profile, or an envelope fluctuation.

[0008] In a second embodiment, a method for acoustic management control
suitable can include the steps of capturing an ambient acoustic signal from at least
one Ambient Sound Microphone (ASM) to produce an electronic ambient signal,
capturing in an ear canal an internal sound from at least one Ear Canal Microphone
(ECM) to produce an electronic internal signal, detecting a spoken voice signal
generated by a wearer of the earpiece from the electronic ambient sound signal or
the electronic internal signal, measuring a background noise level from the electronic
ambient signal or the electronic internal signal when the spoken voice is not
detected, and mixing the electronic ambient signal with the electronic internal signal
as a function of the background noise level to produce a mixed signal.

[0009] In a third embodiment, an earpiece for acoustic management control can
include an Ambient Sound Microphone (ASM) configured to capture ambient sound
and produce an electronic ambient signal, an Ear Canal Receiver (ECR) to deliver
audio content to an ear canal to produce an acoustic audio content, an Ear Canal

Microphone (ECM) configured to capture internal sound in an ear canal and produce
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an electronic internal signal, and a processor operatively coupled to the ASM, the
ECM and the ECR. The processor can be configured to measure a background noise
signal from the electronic ambient signal or the electronic internal signal, and mix the
electronic ambient signal with the electronic internal signal in a ratio dependent on
the background noise signal to produce a mixed signal.

[0010] The processor can filter the electronic ambient signal and the electronic
internal signal based on a characteristic of the background noise signal using filter
coefficients stored in memory or filter coefficients generated algorithmically. An echo
suppressor operatively coupled to the processor can suppress in the mixed signal an
echo of spoken voice generated by a wearer of the earpiece when speaking. The
processor can also generate a voice activity level for the spoken voice and applies
gains to the electronic ambient signal and the electronic internal signal as a function
of the background noise level and the voice activity level.

BRIEF DESCRIPTION OF THE DRAWINGS

[0011] FIG. 1 is a pictorial diagram of an earpiece in accordance with an exemplary
embodiment;

[0012] FIG. 2 is a block diagram of the earpiece in accordance with an exemplary
embodiment;

[0013] FIG. 3 is a block diagram for an acoustic management module in accordance
with an exemplary embodiment;

[0014] FIG. 4 is a schematic for the acoustic management module of FIG. 3
illustrating a mixing of an external microphone signal with an internal microphone
signal as a function of a background noise level and voice activity level in
accordance with an exemplary embodiment;

[0015] FIG. 5 is a more detailed schematic of the acoustic management module of
FIG. 3 illustrating a mixing of an external microphone signal with an internal
microphone signal based on a background noise level and voice activity level in
accordance with an exemplary embodiment;

[0016] FIG. 6 is a block diagram of a method for an audio mixing system to mix an

external microphone signal with an internal microphone signal based on a
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background noise level and voice activity level in accordance with an exemplary
embodiment;
[0017] FIG. 7 is a block diagram of a method for calculating background noise
levels in accordance with an exemplary embodiment;
[0018] FIG. 8 is a block diagram for mixing an external microphone signal with an
internal microphone signal based on a background noise level in accordance with an
exemplary embodiment;
[0019] FIG. 9 is a block diagram for an analog circuit for mixing an external
microphone signal with an internal microphone signal based on a background noise
level in accordance with an exemplary embodiment; and
[0020] FIG. 10 is a table illustrating exemplary filters suitable for use with an
Ambient Sound Microphone (ASM) and Ear Canal Microphone (ECM) based on
measured background noise levels (BNL) in accordance with an exemplary
embodiment.

DETAILED DESCRIPTION

[0021] The following description of at least one exemplary embodiment is merely
illustrative in nature and is in no way intended to limit the invention, its application, or
uses.

[0022] Processes, techniques, apparatus, and materials as known by one of
ordinary sKkill in the relevant art may not be discussed in detail but are intended to be
part of the enabling description where appropriate, for example the fabrication and
use of transducers.

[0023] In all of the examples illustrated and discussed herein, any specific values,
for example the sound pressure level change, should be interpreted to be illustrative
only and non-limiting. Thus, other examples of the exemplary embodiments could
have different values.

[0024] Note that similar reference numerals and letters refer to similar items in the
following figures, and thus once an item is defined in one figure, it may not be
discussed for following figures.
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[0025] Note that herein when referring to correcting or preventing an error or
damage (e.g., hearing damage), a reduction of the damage or error and/or a
correction of the damage or error are intended.

[0026] Various embodiments herein provide a method and device for automatically
mixing audio signals produced by a pair of microphone signals that monitor a first
ambient sound field and a second ear canal sound field, to create a third new mixed
signal. An Ambient Sound Microphone (ASM) and an Ear Canal Microphone (ECM)
can be housed in an earpiece that forms a seal in the ear of a user. The third mix
signal can be auditioned by the user with an Ear Canal Receiver (ECR) mounted in
the earpiece, which creates a sound pressure in the occluded ear canal of the user.
Alternatively, or additionally, the third mixed signal can be transmitted to a remote
voice communications system, such as a mobile phone, personal media player,
recording device, walky-talky radio, etc. Before the ASM and ECM signals are mixed,
they can be subjected to different filters and at optional additional gains.

[0027] The characteristic responses of the ASM and ECM filter can differ based on
characteristics of the background noise. In some exemplary embodiments, the filter
response can depend on the measured Background Noise Level (BNL). A gain of a
filtered ASM and a filtered ECM signal can also depend on the BNL. The (BNL) can
be calculated using either or both the conditioned ASM and/or ECM signal(s). The
BNL can be a slow time weighted average of the level of the ASM and/or ECM
signals, and can be weighted using a frequency-weighting system, e.g. to give an A-
weighted SPL level (i.e. the high and low frequencies are attenuated before the level
of the microphone signals are calculated).

[0028] For example, at low BNLs (e.g. <60 dBA), the ECM signal can be attenuated
relative to the ASM signal. At medium BNL, a mixture of ASM and ECM signal can
be performed. Moreover the ASM filter can attenuate low frequencies of the ASM
signal, and the ECM filter can attenuate high frequencies of the ECM signal. At high
BNL (e.g. >85 dB), the ASM filter can attenuate low frequencies of the ASM signal,
and the ECM filter can attenuate high frequencies of the ECM signal. In another
embodiment, the ASM and ECM filters can be adjusted by the spectral profile of the
background noise measurement. For instance, if there is a large Low Frequency
noise in the ambient sound field of the user, then the ASM filter can attenuate the
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low-frequencies of the ASM signal, and boost the low-frequencies of the ECM signal
using the ECM filter.

[0029] At least one exemplary embodiment of the invention is directed to an
earpiece for voice operated control. Reference is made to FIG. 1 in which an
earpiece device, generally indicated as earpiece 100, is constructed and operates in
accordance with at least one exemplary embodiment of the invention. As illustrated,
earpiece 100 depicts an electro-acoustical assembly 113 for an in-the-ear acoustic
assembly, as it would typically be placed in the ear canal 131 of a user 135. The
earpiece 100 can be an in the ear earpiece, behind the ear earpiece, receiver in the
ear, open-fit device, or any other suitable earpiece type. The earpiece 100 can be
partially or fully occluded in the ear canal, and is suitable for use with users having
healthy or abnormal auditory functioning.

[0030] Earpiece 100 includes an Ambient Sound Microphone (ASM) 111 to capture
ambient sound, an Ear Canal Receiver (ECR) 125 to deliver audio to an ear canal
131, and an Ear Canal Microphone (ECM) 123 to assess a sound exposure level
within the ear canal. The earpiece 100 can partially or fully occlude the ear canal 131
to provide various degrees of acoustic isolation. The assembly is designed to be
inserted into the user’s ear canal 131, and to form an acoustic seal with the walls of
the ear canal at a location 127 between the entrance to the ear canal and the
tympanic membrane (or ear drum) 133. Such a seal is typically achieved by means
of a soft and compliant housing of assembly 113. Such a seal creates a closed cavity
131 of approximately 5cc between the in—ear assembly 113 and the tympanic
membrane 133. As a result of this seal, the ECR (speaker) 125 is able to generate a
full range bass response when reproducing sounds for the user. This seal also
serves to significantly reduce the sound pressure level at the user’'s eardrum
resulting from the sound field at the entrance to the ear canal 131. This seal is also a
basis for a sound isolating performance of the electro-acoustic assembly.

[0031] Located adjacent to the ECR 125, is the ECM 123, which is acoustically
coupled to the (closed or partially closed) ear canal cavity 131. One of its functions
is that of measuring the sound pressure level in the ear canal cavity 131 as a part of
testing the hearing acuity of the user as well as confirming the integrity of the
acoustic seal and the working condition of the earpiece 100. In one arrangement, the
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ASM 111 can be housed in the ear seal 113 to monitor sound pressure at the
entrance to the occluded or partially occluded ear canal. All transducers shown can
receive or transmit audio signals to a processor 121 that undertakes audio signal
processing and provides a transceiver for audio via the wired or wireless
communication path 119.

[0032] The earpiece 100 can actively monitor a sound pressure level both inside
and outside an ear canal and enhance spatial and timbral sound quality while
maintaining supervision to ensure safes sound reproduction levels. The earpiece 100
in various embodiments can conduct listening tests, filter sounds in the environment,
monitor warning sounds in the environment, present notification based on identified
warning sounds, maintain constant audio content to ambient sound levels, and filter
sound in accordance with a Personalized Hearing Level (PHL).

[0033] The earpiece 100 can generate an Ear Canal Transfer Function (ECTF) to
model the ear canal 131 using ECR 125 and ECM 123, as well as an Outer Ear
Canal Transfer function (OETF) using ASM 111. For instance, the ECR 125 can
deliver an impulse within the ear canal and generate the ECTF via cross correlation
of the impulse with the impulse response of the ear canal. The earpiece 100 can also
determine a sealing profile with the user’s ear to compensate for any leakage. It also
includes a Sound Pressure Level Dosimeter to estimate sound exposure and
recovery times. This permits the earpiece 100 to safely administer and monitor sound
exposure to the ear.

[0034] Referring to FIG. 2, a block diagram 200 of the earpiece 100 in accordance
with an exemplary embodiment is shown. As illustrated, the earpiece 100 can include
the processor 121 operatively coupled to the ASM 111, ECR 125, and ECM 123 via
one or more Analog to Digital Converters (ADC) 202 and Digital to Analog
Converters (DAC) 203. The processor 121 can utilize computing technologies such
as a microprocessor, Application Specific Integrated Chip (ASIC), and/or digital
signal processor (DSP) with associated storage memory 208 such a Flash, ROM,
RAM, SRAM, DRAM or other like technologies for controlling operations of the
earpiece device 100. The processor 121 can also include a clock to record a time
stamp.
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[0035] As illustrated, the earpiece 100 can include an acoustic management module
201 to mix sounds captured at the ASM 111 and ECM 123 to produce a mixed
sound. The processor 121 can then provide the mixed signal to one or more
subsystems, such as a voice recognition system, a voice dictation system, a voice
recorder, or any other voice related processor or communication device. The
acoustic management module 201 can be a hardware component implemented by
discrete or analog electronic components or a software component. In one
arrangement, the functionality of the acoustic management module 201 can be
provided by way of software, such as program code, assembly language, or machine
language.

[0036] The earpiece 100 can measure ambient sounds in the environment received
at the ASM 111. Ambient sounds correspond to sounds within the environment such
as the sound of traffic noise, street noise, conversation babble, or any other acoustic
sound. Ambient sounds can also correspond to industrial sounds present in an
industrial setting, such as, factory noise, lifting vehicles, automobiles, an robots to
name a few.

[0037] The memory 208 can also store program instructions for execution on the
processor 206 as well as captured audio processing data and filter coefficient data.
The memory 208 can be off-chip and external to the processor 208, and include a
data buffer to temporarily capture the ambient sound and the internal sound, and a
storage memory to save from the data buffer the recent portion of the history in a
compressed format responsive to a directive by the processor. The data buffer can
be a circular buffer that temporarily stores audio sound at a current time point to a
previous time point. It should also be noted that the data buffer can in one
configuration reside on the processor 121 to provide high speed data access. The
storage memory can be non-volatile memory such as SRAM to store captured or
compressed audio data.

[0038] The earpiece 100 can include an audio interface 212 operatively coupled to
the processor 121 and acoustic management module 201 to receive audio content,
for example from a media player, cell phone, or any other communication device,
and deliver the audio content to the processor 121. The processor 121 responsive to

detecting spoken voice from the acoustic management module 201 can adjust the
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audio content delivered to the ear canal. For instance, the processor 121 (or acoustic
management module 201) can lower a volume of the audio content responsive to
detecting a spoken voice. The processor 121 by way of the ECM 123 can also
actively monitor the sound exposure level inside the ear canal and adjust the audio
to within a safe and subjectively optimized listening level range based on voice
operating decisions made by the acoustic management module 201.

[0039] The earpiece 100 can further include a transceiver 204 that can support
singly or in combination any number of wireless access technologies including
without limitation Bluetooth™, Wireless Fidelity (WiFi), Worldwide Interoperability for
Microwave Access (WiIMAX), and/or other short or long range communication
protocols. The transceiver 204 can also provide support for dynamic downloading
over-the-air to the earpiece 100. It should be noted also that next generation access
technologies can also be applied to the present disclosure.

[0040] The location receiver 232 can utilize common technology such as a common
GPS (Global Positioning System) receiver that can intercept satellite signals and
therefrom determine a location fix of the earpiece 100.

[0041] The power supply 210 can utilize common power management technologies
such as replaceable batteries, supply regulation technologies, and charging system
technologies for supplying energy to the components of the earpiece 100 and to
facilitate portable applications. A motor (not shown) can be a single supply motor
driver coupled to the power supply 210 to improve sensory input via haptic vibration.
As an example, the processor 121 can direct the motor to vibrate responsive to an
action, such as a detection of a warning sound or an incoming voice call.

[0042] The earpiece 100 can further represent a single operational device or a
family of devices configured in a master-slave arrangement, for example, a mobile
device and an earpiece. In the latter embodiment, the components of the earpiece
100 can be reused in different form factors for the master and slave devices.

[0043] FIG. 3 is a block diagram of the acoustic management module 201 in
accordance with an exemplary embodiment. Briefly, the Acoustic management
module 201 facilitates monitoring, recording and transmission of user-generated
voice (speech) to a voice communication system. User-generated sound is detected
with the ASM 111 that monitors a sound field near the entrance to a user’s ear, and

10
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with the ECM 123 that monitors a sound field in the user’s occluded ear canal. A new
mix signal 323 is created by filtering and mixing the ASM and ECM microphone
signals. The filtering and mixing process is automatically controlled depending on the
background noise level of the ambient sound field to enhance intelligibility of the new
mixed signal 323. For instance, when the background noise level is high, the
acoustic management module 201 automatically increases the level of the ECM 123
signal relative to the level of the ASM 111 to create the new signal mix 323.

[0044] As illustrated, the ASM 111 is configured to capture ambient sound and
produce an electronic ambient signal 426, the ECR 125 is configured to pass,
process, or play acoustic audio content 402 (e.g., audio content 321, mixed signal
323) to the ear canal, and the ECM 123 is configured to capture internal sound in the
ear canal and produce an electronic internal signal 410. The acoustic management
module 201 is configured to measure a background noise signal from the electronic
ambient signal 326 or the electronic internal signal 410, and mix the electronic
ambient signal 326 with the electronic internal signal 410 in a ratio dependent on the
background noise signal to produce the mixed signal 323. The acoustic management
module 201 filters the electronic ambient signal 426 and the electronic internal 410
signal based on a characteristic of the background noise signal using filter
coefficients stored in memory or filter coefficients generated algorithmically.

[0045] In practice, the acoustic management module 201 mixes sounds captured at
the ASM 111 and the ECM 123 to produce the mixed signal 323 based on
characteristics of the background noise in the environment such as a level of the
background noise level, a spectral profile, or an envelope fluctuation. In noisy
ambient environments, the voice captured at the ASM 111 includes the background
noise from the environment, whereas, the internal voice created in the ear canal 131
captured by the ECM 123 has less noise artifacts, since the noise is blocked due to
the occlusion of the earpiece 100 in the ear. It should be however noted that the
background noise can enter the ear canal if the earpiece 100 is not completely
sealed. Accordingly, the acoustic management module 201 monitors the electronic
internal signal 410 for background noise (e.g., spectral comparison with electronics
ambient signal). It should also be noted that voice generated by a user of the
earpiece 100 is captured at both the external ASM 111 and the internal ECM 123.

11
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[0046] At low background noise levels, the acoustic management module 201
amplifies the electronic ambient signal 426 from the ASM 111 relative to the
electronic internal signal 410 from the ECM 123 in producing the mixed signal 323.
At medium background noise levels, the acoustic management module 201
attenuates low frequencies in the electronic ambient signal 426 and attenuates high
frequencies in the electronic internal signal 410. At high background noise levels, the
acoustic management module 201 amplifies the electronic internal signal 410 from
the ECM 123 relative to the electronic ambient signal 426 from the ASM 111 in
producing the mixed signal. As will be discussed ahead, the acoustic management
module 201 can additionally apply frequency specific filters (see FIG. 10) based on
the characteristics of the background noise.
[0047] FIG. 4 is a schematic of the acoustic management module 201 illustrating a
mixing of the electronic ambient signal 426 with the electronic internal signal 410 as
a function of a background noise level (BNL) and a voice activity level (VAL) in
accordance with an exemplary embodiment. As illustrated, the acoustic management
module 201 includes an Automatic Gain Control (AGC) 302 to measure background
noise characteristics. The acoustic management module 201 also includes a Voice
Activity Detector (VAD) 306. The VAD 306 can analyze either or both the electronic
ambient signal 426 and the electronic internal signal 410 to estimate the VAL. As an
example, the VAL can be a numeric range such as 0 to 10 indicating a degree of
voicing. For instance, a voiced signal can be predominately periodic due to the
periodic vibrations of the vocal cords. A highly voiced signal (e.g., vowel) can be
associated with a high level, and a non-voiced signal (e.g., fricative, plosive,
consonant) can be associated with a lower level.
[0048] The acoustic management module 201 includes a first gain (G1) 304 applied
to the AGC processed electronic ambient signal 426. A second gain (G2) is applied
to the VAD processed electronic internal signal 410. The acoustic management
module 201 applies the first gain (G1) and the second gain (G2) 308 as a function of
the background noise level and the voice activity level to produce the mixed signal
323, where

G1 = fBNL) + AVAL) and G2 = f(BNL) + f(VAL)

12
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[0049] As illustrated, the mixed signal is the sum 310 of the G1 scaled electronic
ambient signal and the G2 scaled electronic internal signal. The mixed signal 323
can then be transmitted to a second communication device (e.g. second cell phone,
voice recorder, etc.) to receive the enhanced voice signal. The acoustic management
module 201 can also play the mixed signal 323 back to the ECR for loopback
listening. The loopback allows the user to hear himself or herself when speaking, as
though the earpiece 100 and associated occlusion effect were absent. The loopback
can also be mixed with the audio content 321 based on the background noise level,
the VAL, and audio content level. The acoustic management module 201 can also
account for an acoustic attenuation level of the earpiece, and account for the audio
content level reproduced by the ECR when measuring background noise
characteristics.

[0050] FIG. 5 is a more detailed schematic of the acoustic management module 201
illustrating a mixing of an external microphone signal with an internal microphone
signal based on a background noise level and voice activity level in accordance with
an exemplary embodiment. In particular, the gain blocks for G1 and G2 of FIG. 4 are
a function of the BNL and the VAL and are shown in greater detail. As illustrated, the
AGC produces a BNL that can be used to set a first gain 322 for the processed
electronic ambient signal 311 and a second gain 324 for the processed electronic
internal signal 312. For instance, when the BNL is low (<70 dBA), gain 322 is set
higher relative to gain 324 so as to amplify the electronic ambient signal 311 in
greater proportion than the electronic internal signal 312. When the BNL is high (>85
dBA), gain 322 is set lower relative to gain 324 so as to attenuate the electronic
ambient signal 311 in greater proportion than the electronic internal signal 312. The
mixing can be performed in accordance with the relation:

Mixed signal = (1-)* electronic ambient signal + (f)=electronic internal signal

where (1-p).is an internal gain, (p) is an external gain, and the mixing is performed
with 0 < B < 1.

[0051] As illustrated, the VAD produces a VAL that can be used to set a third gain
326 for the processed electronic ambient signal 311 and a fourth gain 324 for the

13

Exhibit 1006
Page 13 of 42



Docket No.: PERS-0024-US

processed electronic internal signal 312. For instance, when the VAL is low (e.g., O-
3), gain 326 and gain 328 are set low so as to attenuate the electronic ambient signal
311 and the electronic internal signal 312 when spoken voice is not detected. When
the VAL is high (e.g., 7-10), gain 326 and gain 328 are set high so as to amplify the
electronic ambient signal 311 and the electronic internal signal 312 when spoken
voice is detected.

[0052] The gain scaled processed electronic ambient signal 311 and the gain
scaled processed electronic internal signal 312 are then summed at adder 320 to
produce the mixed signal 323. The mixed signal 323, as indicated previously, can be
transmitted to another communication device, or as loopback to allow the user to
hear his or her self.

[0053] FIG. 6 is a block diagram of a method for an audio mixing system to mix an
external microphone signal with an internal microphone signal based on a
background noise level and voice activity level in accordance with an exemplary
embodiment.

[0054] As illustrated the mixing circuitry 616 (shown in center) receives an estimate
of the background noise level 612 for mixing either or both the right earpiece ASM
signal 602 and the left earpiece ASM signal 604 with the left earpiece ECM signal
606. (The right earpiece ECM signal can be used similarly.) An operating mode 614
selects a switching (e.g., 2-in, 1-out) between the left earpiece ASM signal 604 and
the right earpiece ASM signal 602. As indicated earlier, the ASM signals and ECM
signals can be first amplified with a gain system and then filtered with a filter system
(the filtering may be accomplished using either analog or digital electronics). The
audio input signals 602, 604, 606 are therefore taken after this gain and filtering
process.

[0055] The Acoustic Echo Cancellation (AEC) system 610 can be activated with the
operating mode selection system 614 when the mixed signal audio output 628 is
reproduced with the ECR 125 in the same ear as the ECM 123 signal used to create
the mixed signal audio output 628. The acoustic echo cancellation platform 610 can
also suppress an echo of a spoken voice generated by the wearer of the earpiece
100. This ensures against acoustic feedback (“howlback”).

14
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[0056] The Voice Activated System (VOX) 618 in conjunction with a de-bouncing
circuit 622 activates the electronic switch 626 to control the mixed signal output 628
from the mixing circuitry 616; the mixed signal is a combination of the left ASM signal
604 or right ASM signal 602, with the left ECM 606 signal. Though not shown, the
same arrangement applies for the other earphone device for the right ear, if present.
In a contra-lateral operating mode, as selected by operating mode selection system
614, the ASM and ECM signal are taken from opposite earphone devices, and the
mix of these signal are reproduced with the ECR in the earphone that is contra-
lateral to the ECM signal, and the same as the ASM signal.

[0057] For instance, in the contra-lateral operating mode, the ASM signal from the
Right earphone device is mixed with the ECM signal from the left earphone device,
and the audio signal corresponding to a mix of these two signals is reproduced with
the Ear Canal Receiver (ECR) in the Right earphone device. The mixed signal audio
output 628 therefore contains a mix of the ASM and ECM signals when the user’s
voice is detected by the VOX. This mixed signal audio signal can be used in
loopback as a user Self-Monitor System to allow the user to hear their own voice as
reproduced with the ECR 125, or it may be transmitted to another voice system, such
as a mobile phone, walky-talky radio etc. The VOX system 618 that activates the
switch 626 may be one a number of VOX embodiments.

[0058] In a particular operating mode, specified by unit 614, the conditioned ASM
signal is mixed with the conditioned ECM signal with a ratio dependant on the BNL
using audio signal mixing circuitry and the method described in either FIG 8 or FIG 9.
As the BNL increases, then the ASM signal is mixed with the ECM signal with a
decreasing level. When the BNL is above a particular value, then a minimal level of
the ASM signal is mixed with the ECM signal. When the VOX switch 626 is active,
the mixed ASM and ECM signals are then sent to mixed signal output 628. The
switch de-bouncing circuit 622 ensures against the VOX 618 rapidly closing on and
off (sometimes called chatter). This can be achieved with a timing circuit using digital
or analog electronics. For instance, with a digital system, once the VOX has been
activated, a time starts to ensure that the switch 626 is not closed again within a
given time period, e.g. 100 ms. The delay unit 624 can improve the sound quality of
the mixed signal audio 104 by compensating for any latency in voice detection by the
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VOX system 618. In some exemplary embodiments, the switch debouncing circuit
626 can be dependent by the BNL. For instance, when the BNL is high (e.g. above
85 dBA), the de-bouncing circuit can close the switch 626 sooner after the VOX
output 620 determines that no user speech (e.g. spoken voice) is present.

[0059] FIG. 7 is a block diagram of a method for calculating background noise
levels in accordance with an exemplary embodiment. Briefly, the background noise
levels can be calculated according to different contexts, for instance, if the user is
talking while audio content is playing, if the user is talking while audio content is not
playing, if the user is not talking but audio content is playing, and if the user is not
talking and no audio content is playing. For instance, the system takes as it’s inputs
either the ECM or ASM signal, depending on the particular system configuration. If
the ECM signal is used, then the measured BNL accounts for an acoustic attenuation
of earpiece and a level of reproduced audio content.

[0060] As illustrated, modules 622-628 provide exemplary steps for calculating a
base reference background noise level. The ECM or ASM audio input signal 622 can
be buffered 623 in real-time to estimate signal parameters. An envelope detector 624
can estimate a temporal envelope of the ASM or ECM signal. A smoothing filter 625
can minimize abruptions in the temporal envelope. (A smoothing window 626 can be
stored in memory). An optional peak detector 627 can remove outlier peaks to further
smooth the envelope. An averaging system 628 can then estimate the average
background noise level (BNL_1) from the smoothed envelope.

[0061] If at step 629, it is determined that the signal from the ECM was used to
calculate the BNL_1, an audio content level 632 (ACL) and noise reduction rating
633 (NRR) can be subtracted from the BNL_1 estimate to produce the updated BNL
631. This is done to account for the audio content level reproduced by the ECR 125
that delivers acoustic audio content to the earpiece 100, and account for an acoustic
attenuation level (i.e. Noise Reduction Rating 633) of the earpiece. For example, if
the user is listening to music, the acoustic management module 201 takes into
account the audio content level delivered to the user when measuring the BNL. If the
ECM is not used to calculate the BNL at step 629, the previous real-time frame
estimate of the BNL 630 is used.
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[0062] At step 636, the acoustic management module 201 updates the BNL based
on the current measured BNL and previous BNL measurements 635. For instance,
the updated BNL can be a weighted estimate 634 of previous BNL estimates
according to BNL = 2*previous BNL + (1-w)*current BNL, where O<W<1. The BNL
can be a slow time weighted average of the level of the ASM and/or ECM signals,
and may be weighted using a frequency-weighting system, e.g. to give an A-
weighted SPL level.

[0063] FIG. 8 is a block diagram for mixing an external microphone signal with an
internal microphone signal based on a background noise level to produce a mixed
output signal in accordance with an exemplary embodiment. The block diagram can
be implemented by the acoustic management module 201 or the processor 121. In
particular, FIG. 8 primarily illustrates the selection of microphone filters based on the
background noise level. The microphone signals are used to condition the external
and internal microphone signals before mixing.

[0064] As shown, the filter selection module 645 can select one or more filters to
apply to the microphone signals before mixing. For instance, the filter selection
module 645 can apply an ASM filter 648 to the ASM signal 647 and an ECM filter
651 to the ECM signal 652 based on the background noise level 642. The ASM and
ECM filters can be retrieved from memory based on the characteristics of the
background noise. An operating mode 646 can determine whether the ASM and
ECM filters are look-up curves 643 from memory or filters whose coefficients are
determined in real-time based on the background noise levels.

[0065] Prior to mixing with summing unit 649, the ASM signal 647 is filtered with
ASM filter 648, and the ECM signal 652 is filtered with ECM filter 651. The filtering
can be accomplished by a time-domain transversal filter (FIR-type filter), an IIR-type
filter, or with frequency-domain multiplication. The filter can be adaptive (i.e. time
variant), and the filter coefficients can be updated on a frame-by-frame basis
depending on the BNL. The filter coefficients for a particular BNL can be loaded from
computer memory using pre-defined filter curves 643, or can be calculated using a
predefined algorithm 644, or using a combination of both (e.g. using a interpolation
algorithm to create a filter curve for both the ASM filter 648 and ECM filter 651 from

predefined filters).
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[0066] Examples of filter response curves for three different BNL are shown in FIG.
10, which is a table illustrating exemplary filters suitable for use with an Ambient
Sound Microphone (ASM) and Ear Canal Microphone (ECM) based on measured
background noise levels (BNL).

[0067] The basic trend for the ASM and ECM filter response at different BNLs is
that at low BNLs (e.g. <60 dBA), the ASM signal is primarily used for voice
communication. At medium BNL; ASM and ECM are mixed in a ratio depending on
the BNL, though the ASM filter can attenuate low frequencies of the ASM signal, and
attenuate high frequencies of the ECM signal. At high BNL (e.g. >85 dB), the ASM
filter attenuates most al the low frequencies of the ASM signal, and the ECM filter
attenuates most all the high frequencies of the ECM signal. In another embodiment
of the Acoustic Management System, the ASM and ECM filters may be adjusted by
the spectral profile of the background noise measurement. For instance, if there is a
large Low Frequency noise in the ambient sound field of the user, then the ASM filter
can reduce the low-frequencies of the ASM signal accordingly, and boost the low-
frequencies of the ECM signal using the ECM filter.

[0068] FIG. 9 is a block diagram for an analog circuit for mixing an external
microphone signal with an internal microphone signal based on a background noise
level in accordance with an exemplary embodiment.

[0069] In particular, FIG. 9 shows a method for the filtering of the ECM and ASM
signals using analog electronic circuitry prior to mixing. The analog circuit can
process both the ECM and ASM signals in parallel; that is, the analog components
apply to both the ECM and ASM signals. In one exemplary embodiment, the input
audio signal 661 (e.g., ECM signal, ASM signal) is first filtered with a fixed filter 662.
The filter response of the fixed filter 662 approximates a low-pass shelf filter when
the input signal 661 is an ECM signal, and approximates a high-pass filter when the
input signal 661 is an ASM signal. In an alternate exemplary embodiment, the filter
166 is a unity-pass filter (i.e. no spectral attenuation) and the gain units G1, G2 etc
instead represent different analog filters. As illustrated, the gains are fixed, though
they may be adapted in other embodiments. Depending on the BNL 669, the filtered
signal is then subjected to one of three gains; G1 663, G2 664, or G3 665. (The
analog circuit can include more or less than the number of gains shown.)
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[0070] For low BNLs (e.g. when BNL < L1 670, where L1 is a predetermined level
threshold 671), a G1 is determined for both the ECM signal and the ASM signal. The
gain G1 for the ECM signal is approximately zero; i.e. no ECM signal would be
present in the out signal 166. For the ASM input signal, G1 would be approximately
unity for low BNL.

[0071] For medium BNLs (e.g. when BNL < L2 672, where L2 is a predetermined
level threshold 673), a G2 is determined for both the ECM signal and the ASM signal.
The gain G2 for the ECM signal and the ASM signal is approximately the same. In
another embodiment, the gain G2 can be frequency dependent so as to emphasize
low frequency content in the ECM and emphasize high frequency content in the ASM
signal in the mix. For high BNL; G3 154 is high for the ECM signal, and low for the
ASM signal. The switches 666, 667, and 668 ensure that only one gain channel is
applied to the ECM signal and ASM signal. The gain scaled ASM signal and ECM
signal are then summed at junction 674 to produce the mixed output signal 675.
[0072] While the present invention has been described with reference to exemplary
embodiments, it is to be understood that the invention is not limited to the disclosed
exemplary embodiments. The scope of the following claims is to be accorded the
broadest interpretation so as to encompass all modifications, equivalent structures
and functions of the relevant exemplary embodiments. Thus, the description of the
invention is merely exemplary in nature and, thus, variations that do not depart from
the gist of the invention are intended to be within the scope of the exemplary
embodiments of the present invention. Such variations are not to be regarded as a
departure from the spirit and scope of the present invention.
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CLAIMS

What is claimed is,
1. A method for acoustic management control suitable for use in an earpiece, the
method comprising the steps of:

capturing an ambient acoustic signal from at least one Ambient Sound
Microphone (ASM) to produce an electronic ambient signal;

capturing in an ear canal an internal sound from at least one Ear Canal
Microphone (ECM) to produce an electronic internal signal;

measuring a background noise signal from the electronic ambient signal or the
electronic internal signal; and

mixing the electronic ambient signal with the electronic internal signal in a ratio

dependent on the background noise signal to produce a mixed signal.

2. The method of claim 1, comprising

increasing an internal gain of the electronic internal signal as background noise
levels increase, while

decreasing an external gain of the electronic ambient signal as the background

noise levels increase.

3. The method of claim 1, comprising

decreasing an internal gain of the electronic internal signal as background noise
levels decrease, while

increasing an external gain of the electronic ambient signal as the background

noise levels decrease.

4. The method of claim 1, where the step of mixing includes filtering the electronic
ambient signal and the electronic internal signal based on a characteristic of the
background noise signal,

where the characteristic is a level of the background noise level, a spectral

profile, or an envelope fluctuation
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5. The method of claim 4, wherein the filtering is performed by a High-Pass Filter for the
electronic ambient signal and a Low-Pass Filter for the electronic internal signal.

6. The method of claim 4, where filter coefficients for a particular background noise
level or spectral profile are loaded from memory containing pre-defined filter curves.

7. The method of claim 4, where filter coefficients are algorithmically determined for a
particular background noise level or spectral profile.

8. The method of claim 4, comprising

at low background noise levels, amplifying the electronic ambient signal from the
ASM relative to the electronic internal signal from the ECM in producing the mixed
signal,

at medium background noise levels, attenuating low frequencies in the electronic
ambient signal and attenuating high frequencies in the electronic internal signal, and

at high background noise levels, amplifying the electronic internal signal from the
ECM relative to the electronic ambient signal from the ASM in producing the mixed

signal.

9. The method of claim 1, where the mixing is performed in accordance with the
relation:

mixed signal = (1- )= electronic ambient signal + (p3)*electronic internal signal,
where (1- ) is an internal gain, (p) is an external gain, and the mixing is performed with
O<p<l.

10. The method of claim 1, further comprising

estimating a voice activity level from the electronic internal signal or the
electronic ambient signal; and

scaling the electronic internal signal and the electronic ambient signal in
accordance with the voice activity level.
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11. The method of claim 10, wherein the mixing is performed by
applying a first gain (G1) to the electronic ambient signal, and
applying a second gain (G2) to the electronic internal signal,
where the fist gain and second gain are a function of the background noise level and
the voice activity level, according to the relation:
G1 =f(BNL) + AVAL) and G2 = f(BNL) + f(VAL)

12. The method of claim 10, where the step of measuring a background noise level
includes

accounting for an acoustic attenuation level of the earpiece, and

accounting for an audio content level reproduced by an Ear Canal Receiver
(ECR) that delivers acoustic audio content to the earpiece.

13. A method for acoustic management control suitable for use in an earpiece, the
method comprising the steps of:
capturing an ambient acoustic signal from at least one Ambient Sound Microphone

(ASM) to produce an electronic ambient signal;

capturing in an ear canal an internal sound from at least one Ear Canal
Microphone (ECM) to produce an electronic internal signal;

detecting a spoken voice signal generated by a wearer of the earpiece from the
electronic ambient sound signal or the electronic internal signal;

measuring a background noise level from the electronic ambient signal or the
electronic internal signal when the spoken voice is not detected; and

mixing the electronic ambient signal with the electronic internal signal as a
function of the background noise level to produce a mixed signal.

14. The method of claim 13, comprising

delivering audio content to the ear canal by way of an Ear Canal Receiver
(ECR); and

adjusting the mixing based on a level of the audio content, the background noise
level, and an acoustic attenuation level of the earpiece.
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15. The method of claim 14, wherein the audio content is at least one among a phone

call, a voice message, a music signal, and the spoken voice.

16. The method of claim 13, comprising

suppressing in the mixed signal an echo of the spoken voice generated by the
wearer of the earpiece, and

producing a modified electronic internal signal containing primarily the spoken

voice.

17. The method of claim 16, wherein the suppressing is performed by way of a

normalized least mean squares algorithm.

18. The method of claim 13, comprising
generating a voicing activity level of the spoken voice, and
mixing the electronic ambient signal with the electronic internal signal as a

function of the voice activity level and the background noise level.

19. An earpiece for acoustic management control, comprising:
an Ambient Sound Microphone (ASM) configured to capture ambient sound and
produce an electronic ambient signal,
an Ear Canal Receiver (ECR) to deliver audio content to an ear canal to produce an
acoustic audio content;
an Ear Canal Microphone (ECM) configured to capture internal sound in an ear canal
and produce an electronic internal signal; and
a processor operatively coupled to the ASM, the ECM and the ECR where the
processor is configured to
measure a background noise signal from the electronic ambient signal or
the electronic internal signal; and
mix the electronic ambient signal with the electronic internal signal in a

ratio dependent on the background noise signal to produce a mixed signal.
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21. The earpiece of claim 19, wherein the processor filters the electronic ambient signal
and the electronic internal signal based on a characteristic of the background noise
signal using filter coefficients stored in memory or filter coefficients generated
algorithmically.

21. The earpiece of claim 20, further comprising a transceiver operatively coupled to the
processor to transmit the mixed signal to a second communication device, where the

processor also plays the mixed signal back to the ECR for loopback listening.

22. The earpiece of claim 20, further comprising an echo suppressor operatively
coupled to the processor to suppress an echo of spoken voice generated by a wearer of
the earpiece when speaking.

23. The earpiece of claim 22, further comprising a voice activity detector operatively
coupled to the echo suppressor to detect a spoken voice generated by the user in the

presence of the background noise.

24. The earpiece of claim 22, where the processor generates a voice activity level for
the spoken voice and applies gains to the electronic ambient signal and the electronic

internal signal as a function of the background noise level and the voice activity level.
25. The earpiece of claim 23, further comprising a control unit operatively coupled to the

voice activity detector to freeze weights of a Least Mean Squares (LMS) system in the
echo suppressor during the spoken voice.
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ABSTRACT

An earpiece (100) and a method (640) for acoustic management of multiple
microphones is provided. The method can include capturing an ambient acoustic signal
from an Ambient Sound Microphone (ASM) to produce an electronic ambient signal,
capturing in an ear canal an internal sound from an Ear Canal Microphone (ECM) to
produce an electronic internal signal, measuring a background noise signal, and mixing
the electronic ambient signal with the electronic internal signal in a ratio dependent on
the background noise signal to produce a mixed signal. The mixing can adjust an
internal gain of the electronic internal signal and an external gain of the electronic
ambient signal based on the background noise characteristics. The mixing can account
for an acoustic attenuation level and an audio content level of the earpiece. Other
embodiments are provided.
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This Acknowledgement Receipt evidences receipt on the noted date by the USPTO of the indicated documents,
characterized by the applicant, and including page counts, where applicable. It serves as evidence of receipt
similar to a Post Card, as described in MPEP 503.

New Applications Under 35 U.S.C. 111

If a new application is being filed and the application includes the necessary components for a filing date (see
37 CFR 1.53(b)-(d) and MPEP 506), a Filing Receipt (37 CFR 1.54) will be issued in due course and the date
shown on this Acknowledgement Receipt will establish the filing date of the application.

National Stage of an International Application under 35 U.S.C. 371

If a timely submission to enter the national stage of an international application is compliant with the conditions
of 35 U.S.C. 371 and other applicable requirements a Form PCT/DO/EO/903 indicating acceptance of the
application as a national stage submission under 35 U.S.C. 371 will be issued in addition to the Filing Receipt,
in due course.

New International Application Filed with the USPTO as a Receiving Office

If a new international application is being filed and the international application includes the necessary
components for an international filing date (see PCT Article 11 and MPEP 1810), a Notification of the
International Application Number and of the International Filing Date (Form PCT/RO/105) will be issued in due
course, subject to prescriptions concerning national security, and the date shown on this Acknowledgement
Receipt will establish the international filing date of the application.
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PTO/SB/06 (12-04)
Filing Date: 5/5/2008 Approved for use through 7/31/2006. OMB 0651-0032
U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE
Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it displays a valid OMB control number.

PATENT APPLICATION FEE DETERMINATION RECORD Application or Docket Number
titute for Fi PTO-875
Substitute for Form PTO-8 12/115,349
APPLICATION AS FILED - PART | OTHER THAN
(Column 1) (Column 2) SMALL ENTITY OR SMALL ENTITY
FOR NUMBER FILED NUMBER EXTRA RATE ($) FEE (8) RATE (8) FEE ($)

BASIC FEE
(37 CFR 1.16(a), (b). or (¢)) N/A N/A N/A 75 N/A
SEARCH FEE
(37 CFR 1.16(k), (i), or (m)) N NA NIA 255 NIA
EXAMINATION FEE
(37 CFR 1.16(0), (p). or (q)) NiA NiA NIA 105 NIA
TOTAL CLAIMS
(37 CFR 1.16(i)) 25 minus 20 = 5 X5 26 125 OR g
INDEPENDENT CLAIMS n
(37 CFR 1.16(h)) 3 minus 3 = 0 X$105 0 X$210

If the specification and drawings exceed 100
APPLICATION SIZE sheets of paper, the application size fee due is
FEE $260 ($130 for small entity) for each additional
(37 CFR 1.16(s)) ’ 50 sheets or fraction thereof. See 35  U.S.C,

41(a)(1)(G) and 37 CFR 1.16(s).

MULTIPLE DEPENDENT CLAIM PRESENT (37 CFR 1.16(j)) 185 370
* If the difference in column 1 is less than zero, enter "0" in column 2. _ TOTAL 560 TOTAL 0

APPLICATION AS AMENDED - PART Ii

_ OTHER THAN
(Column 1) (Column 2) (Column 3) SMALL ENTITY OR SMALL ENTITY
CLAIMS HIGHEST '
ADDI- ADDI-
REMAINING NUMBER PRESENT
< AFTER PREVIOUSLY EXTRA RATE (9) PEOEN(‘;')' RATE () E?EN(‘;
s AMENDMENT PAID FOR
w Total A " - = - OR _
E (37 CFR 1.16(i)) Minus = X = X =
Z | Independent |, . . _ _ _
S |7 cFR 1160 Minus = X = on | % =
< | Application Size Fee (37 CFR 1.16(s))
FIRST PRESENTATION OF MULTIPLE DEPENDENT CLAIM (37 CFR 1.16())) N/A OR N/A
TOTAL TOTAL
ADD'T FEE OR  ADDT FEE
(Column 1) (Column 2) (Column 3) . OR
CLAIMS HIGHEST
ADDI- ADDI-
REMAINING NUMBER PRESENT
[ AFTER PREVIOUSLY EXTRA RATE () 'T:'EOEN’;L RATE () :EEN(‘;')'
= AMENDMENT PAID FOR ®
ig
Total N P P _ & OR _
& | (7 crr 11600 Minus |** = X = . X =
z Independent
w ® i e = = =
'S | (37 CFR 1.16(h) Minus X o
< Application Size Fee (37 CFR 1.16(s))
FIRST PRESENTATION OF MULTIPLE DEPENDENT CLAIM (37 CFR 1.16()) N/A OR N/A
TOTAL TOTAL
ADD'T FEE OR  ADDT FEE

If the entry in column 1 is less than the entry in column 2, write “0" in column 3.
If the “Highest Number Previously Paid For” IN THIS SPACE is less than 20, enter “20".

*** If the “Highest Number Previously Paid For” IN THIS SPACE is less than 3, enter “3".
The “Highest Number Previously Paid For" (Total or Independent) is the highest number found in the appropriate box in column 1.

This collection of information is required by 37 CFR 1.16. The information is required to obtain or retain a benefit by the public which is to file (and by the

USPTO to process) an application. Confidentiality is governed by 35 U.S.C. 122 and 37 CFR 1.14, This collection is estimated to take 12 minutes to complete,

including gathering, preparing, and submitting the completed application form to the USPTO. Time will vary depending upon the individual case. Any comments

on the amount of time you require to complete this form and/or suggestions for reducing this burden, should be sent to the Chief Information Officer, U.S. Paten’
~and Trademark Office, U.S. Department of Commerce, P.O. Box 1450, Alexandria, VA 22313-1450. DO NOT SEND FEES OR COMPLETED FORMS TO THIS

ADDRESS. SEND TO: Commissloner for Patents, P.O. Box 1450, Alexandria, VA 22313-1450.

-

-

If you need assistance in completing the form, call 1-800-PTO-9199 and select option 2.
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