
(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(19) World Intellectual Property Organization
International Bureau

(43) International Publication Date (10) International Publication Number
30 July 2009 (30.07.2009) PCT WO 2009/094390 A2

(51) International Patent Classification: (74) Agent: MARSH FISCHMANN & BREYFOGLE LLP;
H04R 25/00 (2006.01) A61B 5/05 (2006.01) Russell T. Manning, 8055 E. Tufts Avenue, #450, Denver,
H04R 3/00 (2006.01) A61B 5/12 (2006.01) Colorado 80237 (US).
H04R 1/08 (2006.01)

(81) Designated States (unless otherwise indicated, for every
(21) International Application Number: kind of national protection available): AE, AG, AL, AM,

PCT/US2009/031581 AO, AT,AU, AZ, BA, BB, BG, BH, BR, BW, BY, BZ, CA,
CH, CN, CO, CR, CU, CZ, DE, DK, DM, DO, DZ, EC, EE,

(22) International Filing Date: 2 1 January 2009 (21.01.2009) EG, ES, FI, GB, GD, GE, GH, GM, GT, HN, HR, HU, ID,
IL, IN, IS, JP, KE, KG, KM, KN, KP, KR, KZ, LA, LC, LK,

(25) Filing Language: English LR, LS, LT, LU, LY, MA, MD, ME, MG, MK, MN, MW,
MX, MY, MZ, NA, NG, NI, NO, NZ, OM, PG, PH, PL, PT,

(26) Publication Language: English RO, RS, RU, SC, SD, SE, SG, SK, SL, SM, ST, SV, SY,TJ,
TM, TN, TR, TT, TZ, UA, UG, US, UZ, VC, VN, ZA, ZM,

(30) Priority Data: ZW

61/022,390 2 1 January 2008 (21.01.2008) US

(84) Designated States (unless otherwise indicated, for every
(71) Applicant (for all designated States except US): OTO¬ kind of regional protection available): ARIPO (BW, GH,

LOGICS, LLC [US/US]; 5445 Airport Boulevard, Boul GM, KE, LS, MW, MZ, NA, SD, SL, SZ, TZ, UG, ZM,
der, Colorado 80301 (US). ZW), Eurasian (AM, AZ, BY, KG, KZ, MD, RU, TJ, TM),

European (AT,BE, BG, CH, CY, CZ, DE, DK, EE, ES, FI,
(72) Inventor; and FR, GB, GR, HR, HU, IE, IS, IT, LT, LU, LV, MC, MK,
(75) Inventor/Applicant (for US only): BASINGER, David MT, NL, NO, PL, PT, RO, SE, SI, SK, TR), OAPI (BF, BJ,

L. [US/US]; 1155 Centennial Drive, Loveland, Colorado CF, CG, CI, CM, GA, GN, GQ, GW, ML, MR, NE, SN,
80538 (US). TD, TG).

[Continued on next page]

(54) Title: AUTOMATIC GAIN CONTROL FOR IMPLANTED MICROPHONE

LINEAR 10 CURVE

210

INPUT dBV

FIG.3

(57) Abstract: An implantable hearing instrument is provided that reduces the response to unnaturally high vibrations (e.g., due
to a patient's own voice), without necessarily or substantially affecting the response to desired signals. The implantable hearing
instrument system is operative to selectively alter/lower the gain of signals that have a magnitude above a predetermined threshold.
Signals having unnaturally large amplitudes (e.g., due to a patient's own voice) are amplified less than desired signals, so that a
patient may experience a more representative sound.



Published:
— without international search report and to be republished

upon receipt of that report



CROSS REFERENCE

This application claims the benefit of the filing date of U.S. Provisional

Application No. 61/022,390, entitled: "Automated Gain Control for Implanted

Microphone," having a filing date of January 21, 2008, the entire contents of which are

incorporated by reference herein.

BACKGROUND

In the class of hearing aid systems generally referred to as implantable hearing

instruments, some or all of various hearing augmentation componentry is positioned

subcutaneously ons within, or proximate to a patient's skull, typically at locations

proximate the mastoid process. In this regard, implantable hearing instruments may be

generally divided into two sub-classes, namely serni-implantable and fully implantable.

In a semi-implantable hearing instrument, one or more components such as a microphone,

signal processor, and transmitter may be externally located to receive, process, and

inductively transmit an audio signal to implanted components such as a transducer. In a

fully implantable hearing instrument, typically all of the components, e.g., the

microphone, signal processor, and transducer, are located subcutaneously. In either

arrangement, an implantable transducer is utilized to stimulate a component of the

patient's auditory system (e.g., auditory ossicles and/or the cochlea).

By way of example, one type of implantable transducer includes an

electromechanical transducer having a magnetic coil that drives a vibratory actuator. The

actuator is positioned to interface with and stimulate the ossicular chain of the patient via

physical engagement. (See e.g., U.S. Patent No. 5,702,342). In this regard one or more

bones of the ossicular chain are made to mechanically vibrate, which causes the ossicular

chain to stimulate the cochlea through its natural input, the so-called oval window

As may be appreciated, a hearing instrument that proposes to utilize an implanted

microphone will require that the microphone be positioned at a location that facilitates the

receipt of acoustic signals. For such purposes, an implantable microphone may be

positioned (e.g., in a surgical procedure) between a patient's skull and skin, for example,

at a location rearward and upward of a patient's ear (e.g., in the mastoid region).



For a wearer a hearing instrument including an implanted microphone (e.g.,

middle ear transducer or cochlear implant stimulation systems), the skin and tissue

covering the microphone diaphragm may increase the vibration sensitivity of the

instrument to the point where body sounds (e.g., chewing) and the wearer's own voice,

conveyed via bone conduction, may saturate internal amplifier stages and thus lead to

distortion. Also, in systems employing a middle ear stimulation transducer, the system

may produce feedback by picking up and amplifying vibration caused by the stimulation

transducer.

Certain proposed meihods intended to mitigate vibration sensitivity may

potentially also have an undesired effect on sensitivity to airborne sound as conducted

through the skin. It is therefore desirable to have a means of reducing system response to

vibration (e.g., caused by biological sources and/or feedback), without affecting sound

sensitivity. It is also desired not to introduce excessive noise during the process of

reducing the system response to vibration. These are the goals of the present invention.

SUMMARY

For a wearer of an implantable hearing instrument (e.g., middle ear or cochlear

stimulation systems) that incorporates an implantable microphone, undesirable vibration

(e.g., non-ambient vibration) carried by the wearer's tissue (e.g., skull and/or soft tissue)

may be detected and amplified by the implantable microphone to an undesirable degree.

For instance, operation of a middle ear transducer used with a hearing instrument may

create vibration that is transmitted by the skull to the microphone. In this case, detection

and amplification of the vibration can lead to objectionable feedback. Unwanted

vibration (e.g., in the skull or other tissue) can also arise naturally from talking or

chewing. In both cases, undesired vibrations may be transmitted to the site of the

implanted microphone where a component of ihese undesired vibrations may be received

by a microphone diaphragm and amplified

It is therefore one objective to reduce the response of such hearing instruments to

unnaturally high vibrations (e.g., due to a patient's own voice), without necessarily or

substantially affecting the response of the microphone to desired signals. Another

objective is to map the entire output of a microphone having a relatively larger dynamic

range into a signal processor having a relatively smaller dynamic range. Yet another



objective is to improve the signal-to-noise ratio of an output signal of a microphone, to

enhance the sound quality that a patient receives.

These and additional objectives are achieved by systems and methods (i.e.,

utilities) presented herein where an implantable hearing instrument system is operative to

selectively alter/lower the gain of signals that have a magnitude above a predetermined

threshold. In other words, unnaturally large vibrations (e.g., due to a patient's own voice)

are amplified less than desired signals, so that a patient may experience a more

representative sound.

According to one aspect of the present invention, an implantable hearing

instrument system is provided thai includes an AGC circuit. The AGC circuit may be any

circuit that adjusts the gain of a signal from a microphone dependent on a characteristic of

that signal. For example the AGC may amplify a signal by a first value when the signal

is below a predetermined threshold, and amplify the signal by a second value that is less

than the first value when the signal is above the threshold. Additionally, the AGC may

apply a non-linear function to the signal, such that larger signals are amplified relatively

less than smaller signals.

According to a further aspect of the present invention, an implantable hearing

instrument system is provided that includes an AGC circuit that amplifies a signal

dependent upon the frequency content of the signal. For example, the AGC may be

configured to reduce the amplification for signals that are above a predetermined

threshold and in a predetermined frequency range (e.g., the frequency range of a patient's

own voice). In this regard, larger signals that are due to a patient's own voice may be

suppressed, while other large signals (e.g., outside the predetermined frequency range)

may be unaffected.

According to a still further aspect of the present Invention, an implantable hearing

instrument system is provided that includes an AGC circuit that is configured to map the

dynamic range of a microphone into the dynamic range of a signal processor. In one

embodiment this is achieved by reducing the gain that is applied by the AGC to relatively

large signals (e.g.. signals above a predetermined threshold) so that the output signal of

the microphone is "compressed." Additionally, the AGC may be configured to

communicate information about the gain applied to the signals to a signal processor, so



that the signal processor may account for the gain applied when conditioning the signals

to be output to a transducer.

According to another aspect of the invention, an implantable hearing instrument is

provided that is operative to identify own voice events and dynamically adjust the gain of

a microphone input signal provided to a signal processor of the device. In one

arrangement an output of an accelerometer is monitored to determine an own voice event.

If a signal characteristic exceeds a predetermined value, an own voice event is identified

and gain applied to a microphone output signal may be reduced In one particular

arrangement, an accelerometer output signal is compared to the microphone output signal

to determine the own voice event. In another arrangement, only a predetermined

frequency range of the accelerometer output signal is monitored to determine the own

voice event. In a yet further arrangement, a non-linear gain is applied across the

frequency range of the microphone output signal.

According to another aspect of the present Invention, an implantable hearing

instrument system is provided that includes an AGC circuit coupled to a microphone,

wherein the microphone is physically separated from the AGC. In this embodiment, the

output signal of the microphone is amplified at a location near the microphone. In this

regard, the signal-to-noise ratio may be improved when electromagnetic interferences are

present in the coupling between the microphone and the AGC circuit. Additionally, the

signal may also be attenuated prior to being fed into the AGC circuit.

BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 illustrates a fully implantable hearing instrument.

Fig. 2 illustrates one embodiment of a soft tissue mount of a microphone.

Fig, 3 illustrates a linear input output curve of one combination of a microphone

and DSP.

Fig. 4 illustrates a block diagram of one embodiment of a fully implantable

hearing instrument.

Fig. 5 illustrates a non-linear gain input output curve of one embodiment of a fully

implantable hearing instrument.

Fig. 6 illustrates a block diagram of another embodiment of a fully implantable

hearing instrument.



Fig. 7 illustrates a non-linεar gain input output curve of another embodiment of a

fully implantable hearing instrument.

Fig. 8 illustrates a microphone and accelerometer for use in identifying o voice

events.

DETAILED DESCRIPTION

Reference will now be made to the accompanying drawings, which at least assist

in illustrating the various pertinent features of the present invention. In this regard, the

following description of a hearing aid device is presented for purposes of illustration and

description. Furthermore, the description is not intended to limit the invention to the form

disclosed herein. Consequently, variations and modifications commensurate with the

following teachings, and skill and knowledge of the relevant art, are within the scope of

the present invention. The embodiments described herein are further intended to explain

the best modes known of practicing the invention and to enable others skilled in the art to

utilize the invention in such, or other embodiments and with various modifications

required by the particular application(s) or use(s) of the present invention.

Figures 1 and 2 illustrate one application of the present invention. As illustrated,

the application comprises a fully implantable hearing instrument system. As will be

appreciated, certain aspects of the present invention may be employed in conjunction with

semi-implantable hearing instruments as well as other fully implantable hearing

instruments (e.g., cochlear implant systems), and therefore the illustrated application is

for purposes of illustration and not limitation.

In the system illustrated in Figures 1 and 2. a biocompatible implant housing 100

is located subcutaneously on a patienfs skull. The implant housing 100 includes a signal

receiver 118 (e.g., comprising a coil element) and is interconnected to a microphone

assembly 130 via a signal wire 124, which is typically a multi -conductor cable. The

implant housing 100 may be utilized to house a number of components of the implantable

hearing instrument. For instance, the implant housing 100 may house an energy storage

device and a signal processor Various additional processing logic and/or circuitry

components may also be included in the implant housing 100 as a matter of design

choice. In the present arrangement, the signal processor within the implant housing 100

is electrically interconnected via a signal wire 106 to a transducer 108.



The transducer 108 is supportably connected to a positioning system 110, which

in turn, is connected to a bonε anchor 116 mounted within the patient's mastoid process

(e.g., via a hole drilled through the skull). The transducer 108 includes a connection

apparatus 112 for connecting the transducer 108 to an auditory component of the patient.

In the present embodiment, the transducer is connected to the ossicular chain 120

However, it will be appreciated that connection to another auditory component (e.g., oval

window, round window, cochlea, etc.) is possible and within the scope of the present

invention. In a connected state, the connection apparatus 112 provides a communication

path for acoustic stimulation of a portion of the ear, such as the ossicles 120, e.g., through

transmission of vibrations to the incus 122 or other ossicles bone.

The microphone assembly 130 may be spaced from the implant housing 100 such

that it need not be mounted to the skull of a patient. Such spacing may facilitate vibration

attenuation. Stated otherwise, mounting the microphone assembly 130 relative to soft

tissue of the patient may isolate the microphone assembly 130 from one or more sources

of non-ambient vibrations (e.g., skull-borne vibrations). The microphone assembly 130

includes a diaphragm 132 that is positioned to receive ambient acoustic signals through

overlying tissue, a microphone transducer (not shown) for generating an output signal

indicative of the received ambient acoustic signals, and a housing 134 for supporting the

diaphragm 132 relative to the transducer. As shown, the wire 124 interconnecting the

implant housing 100 and the microphone assembly 130 is routed subcutaneously behind

the ear of the patient. However, it will be appreciated that in other embodiments other

microphone assemblies may be utilized including, without limitation, skull mounted

microphones and/or microphones that are integrated into the implant housing 100.

During normal operation, acoustic signals are received subcutaneously at the

diaphragm 132 of the microphone assembly 130. The microphone converts sound

pressure levels into proportional electric signals. Microphones are generally specified

according to the transfer function involved which is commonly on the order of -

55dBV/0.1pa. The microphone will usually also include some electrical noise floor and

is often specified at its equivalent input noise (EIN). For example, the microphone may

have an ElN of 2SdBSPL. Converting sound pressures to a proportional electrical value

requires the following equation:

dBVout = dBSPLin -(74dB (-55dBV/0.1pa))



where O.lpa is equivalent to 74dBSPL. For example, 2SdBSPL converts to 2SdBSPL-

(74dBSPL+(55dBV/.lpa)) = -104dBV. This is also the electrical equivalent of the stated

EEM level in dBV. Therefore, a 2SdBSPL EIN converts to -109dBV. This provides the

lower limit of the microphone's performance. The upper limit of the microphone is at

least 11SdBSPL or -19dBV. This implies a dynamic range 206 of -109dBV - (-19dBV)

::: 9OdB for the microphone. See Fig. 3

The microphone assembly 130 generates an output signal that is indicative of the

received acoustic signals. The output signal is provided to the implant housing 100 via

the signal wire 124. Upon receipt of the output signal, a signal processor within the

implant housing 100 processes the signals to provide a processed audio drive signal via a

signal wire 106 to the transducer 108. As will be appreciated, the signal processor may

utilize digital processing techniques to provide frequency shaping, amplification,

compression, and other signal conditioning, including conditioning based on patient-

specific fitting parameters. The audio drive signal causes the transducer 108 to transmit

vibrations at acoustic frequencies to the connection apparatus 112 to effect the desired

sound sensation via mechanical stimulation of the incus 122 of the patient.

If the dynamic range 205 of the DSP is 8OdB, some portion 210 of the microphone

signal must be lost or removed or clipped before the dynamic range of the microphone

will "fit" into the DSP. Clipping the microphone signals that are above the maximum

input requirement for the DSP will cause distortion and other unwanted sounds to the

patient.

The microphone diaphragm is exposed directly to overlying patient tissue, which

creates a mass loading effect. This mass loading creates a high sensitivity to mechanical

vibrations and other externally induced mechanical movements that deflect the diaphragm

and result in large microphone output signals (i.e., electrical signals). Such vibrations

may be caused by the user's own voice, operation of the implanted transducer, and/or the

positional movement of the user. For instance, walking induces a low frequency pulse on

the microphone diaphragm and normal daily movements such as showering, hair brushing

or simply rubbing/scratching can result in very large output signals.

Norma! vibrations that are induced in the skull due to the users " vocalizations can

be mitigated, at least in part, by measuring non-acoustic vibrations with a transducer (e.g.,

accelerometer, second microphone diaphragm, etc.) and subtracting the transducer signal



from the microphone output signal. The signal remaining after applying this cancellation

technique is proportional to the acoustic sounds that generated the microphone output

signal.

Use of such a cancellation technique is adequate under most normal circumstances.

However, in some non-normal circumstances microphone saturation and/or clipping can

occur. Such non-normal circumstances include unusually loud vocalizations or external

stimulus (e.g., a gunshot). In most applications, the microphone and its amplifier, if any,

has a large dynamic range and is amplified for normal operation in such a way ihat the

highest expected signal (e.g., norma! acoustic levels) arriving from the microphone at the

signal processor of the hearing instrument will be near the highest amplitude that signal

processor can accept without saturating. This optimizes the available dynamic range of

the hearing instrument.

Unusually large vibrations or other non-normal circumstances produce

microphone output signals that are higher than the signal processor can accept. This

saturates the input of the signal processor in such a way that no normal acoustic

information can be analyzed. One solution to prevent this situation has been to lower the

gain of the microphone amplifier such that the output signal cannot saturate the signal

processor. However a reduction of the gain of the microphone output signal may make it

difficult for a user to perceive low amplitude acoustic sounds.

I addition to problems associated with saturation of the signal processor, some

patients may experience an unusually loud sound due to vibrations caused by their own

voice. For example, some patients may experience a sound that is in the range of 90 -

110 dB, which is approaching the level of a gunshot. Clearly, this is an undesirable

operation for the wearer of an implantable hearing instruiΗεnt. Again, one remedy is to

attenuate the signal from the microphone for all acoustic signals. However, this has

drawbacks in speech recognition and/or general sound perception.

A hearing aid of any kind has a primary function: to enable the patient to hear and

understand speech. This allows the user to participate in everyday human interactions

normally. Speech is generally i the range of 55-7SdBSPL, It is also useful to hear low

level sounds. That is, shuffling papers, the click of a knob, and other such low level

sounds are useful auditory feedback and assist in everyday situations. Such low level



sounds are generally in the range of 20-3OdBSPL. Collectively, these sound levels may

be termed useful sound levels.

Loud sounds (e.g., gun shots, hammering, etc.) are generally above IGOdB SPL

Such sounds, while helpful to alert a hearing aid user of environmental conditions, need

not be 12OdBSPL in order to perform the warning function. To summarize, it is desirable

to enhance sounds from about 2OdBSPL to about 9SdBSPL. Sounds above 9SdBSPL

have limited utility to the patient and therefore can be selectively reduced as can the

unusually loud own voice response some patients encounter. These sound ranges are

approximate and it will be appreciated that this range could in either direction for

particular applications and requirements.

Presented herein is a system and method for dynamically altering the gain of a

microphone output signal to allow for enhancing the gain applied to useful sounds while

reducing the gain applied to loud sounds. Generally, a feedback circuit nonlinearly alters

the gain of a microphone output signal. The system allows for sharp attenuation of gain

during non-normal circumstances without attenuating gain during normal circumstances.

The perceived sound produced by this arrangement is similar to how the inner ear reacts

to large amplitude sounds. In a normal hearing person, the tensor tympani muscle adds

tension to the ossicular chain to muffle vibrations that are being transmitted to the stapes

footplate. This is similar in that the effect is essentially an attenuation in the gain of a

normal ear. The system also allows for mapping the dynamic range of the microphone

into the dynamic range of the signal processor to reduce or eliminate clipping.

In one embodiment, the gain of the hearing system is dynamically varied by an

automatic gain control (AGC) circuit, which automatically adjusts the gain of an

amplifier based on a characteristic of an input signal. Fig. 4 is a block diagram that

illustrates an exemplary implantable microphone and hearing instrument system that

includes an AGC circuit. In operation, a signal is input to a controllable gain amplifier

164 from an implantable microphone 160 through a conductor 162. The amplifier 164 is

operable to amplify the signal received from the implantable microphone 160 by a factor

that is dependent upon a control signal the amplifier receives from a gain control voltage

node 178. To form the control signal, the output of the amplifier 164 is first fed to a

detector circuit 170. The detector circuit 170 is operable to sense the magnitude (e.g.. a

root-mean-square (RMS) value, an absolute value, etc.) of the output signal from the



amplifier 164. The detector circuit 170 may then output the sensed value to a subtracter

366 where the signal is subtracted from a reference voltage 168. The output of the

subtracter 166 is then fed into the amplifier 164 through the gain control voltage node

178 In this regard, the gain of the amplifier 164 may be controlled by comparing the

output signal on the node 172 with the reference voltage 168, The output signal from the

amplifier 164 is also fed through an analog-to-digital (AvT)) converter 174, a signal

processor 176, and then to an auditory stimulator, such as the transducer 108 shown in

Figure 1

Fig. 5 illustrates a transfer function for an exemplary implantable hearing

instrument system that includes an ΛGC circuit, such as the system shown in Figure 3.

The horizontal axis represents the input signal of the amplifier 164 (i.e., the node 162 of

Figure 3), while the vertical axis represents the output signal of the amplifier 164 (i.e., the

node 172 of Figure 3). As can be seen, the gain of the amplifier is a first value (e.g.,

slope) when the input is below a certain reference level (i.e. the threshold point 208),

which is indicated by the portion of the line 200. In one arrangement, the threshold point

208 is programmably adjustable. When the input is greater than the threshold point 208,

the gain of the amplifier 164 is reduced to a second value (e.g., slope) that is less than the

first value, indicated by the portion of the line 204 that has a slope that is less than the

portion of the line 200 As can be appreciated, this configuration permits very large

signals (e.g., unnaturally loud signals due to a patient's own voice) to be amplified at a

lower amplification level than smaller signals. Furthermore, lowering the amplification

for larger signals may permit the full dynamic range 205 of the microphone 160 to "fit"

into the dynamic range 206 of the signal processor 176, which has the effect of reducing

distortion, and ultimately producing a higher quality sound for the patient. For instance,

the 110 dB dynamic range of the exemplary microphone may be compressed into the 80

dB dynamic range of the signal processor. Although the transfer function shown in Fig. 5

is a piecewise linear function, those having skill in the art will readily recognize that other

functions may be implemented in accordance with the present invention. As an example,

a nonlinear transfer function may be used.

As shown in Figure 3, the output of the detector 170 may also be fed to the signal

processor 176, This may be desirable so that the signal processor 176 may compensate

for the gain that was applied to the signal In this regard, the signal processor 176 may be



able to produce a more representative sound by using the information provided by the

output of the detector 170.

The detector 170 may also be operable to sense not only the magnitude of the

output of the amplifier, but also the frequency content. For example, the detector 170

may be configured to sense signals that are in the frequency range of a patient's voice

(e.g., 0 - 4 kHz) To achieve this, one or more filters may be used (e.g., a low pass filter

positioned between the node 172 and the detector 170 shown in Figure 3). Sn one

arrangement, a notch filler may be utilized that is set to the upper and lower frequency

ranges of a user's voice. In this regard, the AGC may be used primarily to lower the

amplification of a patient's own voice, while not affecting the amplification of other

larger signals,

In another embodiment, the signal processor 176 may be used to implement the

filtering function. For example, in response to an unnaturally loud sound at a relatively

narrow frequency (e.g., due to a patient's own voice), the AGC 164 may attenuate, or

reduce the amplification of all frequency bands to prevent saturation. When the

attenuated signal is then fed to the signal processor 176, the signal processor 176 may-

sense the frequency content of the unnaturally loud sound, and correspondingly increase

the amplification of other signals outside of that frequency band. In this manner, only

signals due to the patient's own voice, or other undesirable signals, are suppressed, As

can be appreciated, the AGC function in this embodiment is shared by the AGC hardware

164 and the signal processor 176,

Fig. 6 illustrates another block diagram of an exemplary implantable hearing

instrument system that includes an AGC circuit. Various components that are common to

those discussed in reference to Figure 3 are numbered alike. Accordingly, only

differences in the present system are discussed herein. In this embodiment, the pedant

microphone 160 is coupled to the amplifier 164 through a cable 162. The cable 162 may

pick up unwanted electromagnetic interference (EMI) signals. The useful signals

originating from the microphone can be very small, on the order of, for example, <lm

volt. Such small signals can, in some instances, be drown out by EMI interface. To

reduce the effect of these unwanted signals, an amplifier 161 in the pendant enclosure 163

may first amplify the signal from the microphone 160. By amplifying the signal prior to

it leaving the pendant enclosure 163. the difference between the microphone output



signals and the EMI noise signals is increased. Furthermore, the output signal may also

bε attenuated prior to being fed to the processor or AGC to prevent saturation This

serves the function of increasing the signal~to~noise ratio (SNR) of the signal that enters

the amplifier 164, which improves the sound quality of the system.

In an alternate arrangement, a non-linear gain functionality may me implemented in

another in a standard voltage divider network. That is, a pseudo AGC function can be

realized by a variable attenuator instead of utilizing an amplifier. In this method, all signals

are optionally amplified first The resulting signal is then fed to a voltage divider network in

which one of the resistors/impedances is varied depending on the signal amplitude or power

A resistor divide network attenuates relatively low signal levels by a small amount and large

signal levels by a large amount or vice versa. The input output curve for such a system is

illustrated in Fig. 7

As noted above, it is sometimes desirable to cancel noise signals form the microphone

output signal. Generally a vibration response of an accelerometεr is matched to the vibration

response of the microphone to achieve cancellation The cancellation compares the signal of

the microphone and accelerometer and attempts to cancel any common signals. An example

of such a system is set forth in U.S. Patent Mo. 11/565,001 entitled 'DuaI Feedback Control

System For Implantable Hearing Instrument" the entire contents of which are incorporated

herein by reference. Own voice however, will be a common signal and under some

conditions (e.g., patient dependent) will be greater than the airborne sound. The airborne

sound will contain essentially the same content, own voice, as the vibration signal. The

algorithm may not be able to distinguish between the airborne and tissue borne. It may be

necessary to sense the presence of own voice and reduce the signal level input into the DSP.

The patient would then hear his own voice at a reduced volume and consequently all other

sounds will be reduced. Alternatively, the system may reduce the volume/amplification only

in the frequency range of the voice of the user. In such an arrangement, the volume of sounds

outside this frequency range are not reduced.

Figure 8 illustrates a microphone assembly that is operative to provide a signal

indicative of acceleration/vibration that may subsequently be removed from a combined

response from a microphone diaphragm, which includes an acceleration response and an

ambient sound response. As shown, the microphone assembly 8 utilizes a first diaphragm

10 that is positioned to be responsive to acoustic signals and acceleration/vibration



received through overlying tissue and generate a first output indicative of the acoustic and

acceleration signals. More specifically, the microphone diaphragm 10 deflects relative to

a first enclosed space 3OA. This deflection results in a pressure fluctuation that is

monitored by a first microphone element 32A. Accordingly, the microphone element

32A generates a first electrical output corresponding to the movement of the microphone

diaphragm 10.

The microphone assembly also includes a cancellation diaphragm 18 that is mass

loaded with a cancellation mass 16 (e.g., proof mass). The cancellation diaphragm is a

vibration sensitive element (e.g., accεlerometer) that is disposed inside of the microphone

housing 20 such that it is substantially isolated from ambient acoustic signals. The mass

loading allows the cancellation diaphragm 18 to deflect in response to acceleration forces

applied to the housing 20. Specifically, the cancellation diaphragm deflects relative to a

second enclosed space 3OB in response to acceleration. This deflection results in a

pressure fluctuation irs the second enclosed space 30B that is monitored by a second

microphone element 32B. Accordingly the second microphone element 32B generates a

second electrical output corresponding to the movement of the cancellation diaphragm 18.

Generally, the first microphone diaphragm is directed toward the '"wanted" sound. For

example, the first diaphragm may be disposed towards overlying tissue to receive ambient

acoustic sounds. The second microphone diaphragm is directed toward an unwanted sound

source. For example, the second microphone diaphragm may be directed inward to detect the

users own voice or other non-ambient vibrations. Both microphone diaphragms may detect both

sources of sound but each receives the majority of its signal from the source it is directed toward.

This enables the unwanted sound to be subtracted from the wanted or ambient signal. Jf,

however, the unwanted sound becomes sufficiently loud as to dominate both microphones, then

the cancellation will no longer faithfully reproduce the speech, Instead it will simply amplify the

unwanted sound. Such an arrangement is possible if the users own voice dominates both

microphones. In this situation, the AGC circuitry can be utilized such that if the microphones

sense essentially the same level of signal and these signals are sufficiently loud then the

amplification will be compressed (switched to a lesser amplification mode) under these

conditions.

In an alternate arrangement, the output signal of the second microphone diaphragm

(or other accelerometer) may be monitored to identify when large amplitude non-ambient



signals are present. If the non-ambient signals exceed a predetermined threshold, it may be

assumed the user is speaking and the amplification of the input signal may be reduced based

on the presumed 0W voice event. Further, such monitoring (which may be done within Hie

DSP) may be frequency based such that only identified signals within a predetermined

frequency range result in a change (e.g., reduction) in amplification.

While the invention has been illustrated and described in detail in the drawings

and foregoing description, such illustration and description is to be considered as

exemplary and not restrictive in character. For example, certain embodiments described

hereinabove may be combinable with other described embodiments and/or arranged in

other ways (e.g., process elements may be performed in other sequences). Accordingly, it

should be understood that only the preferred embodiment and variants thereof have been

shown and described and that all changes and modifications that come within the spirit of

the invention are desired to be protected.



CLAIMS

What is Claimed:

1. An implantable hearing system, comprising:

an implantable microphone operative to generate microphone output responses;

an amplifier operative to receive said microphone output responses and generate

amplifier output responses, wherein said amplifier output responses are dependent upon a

characteristic of said microphone output responses;

a signal processor operative to receive said amplifier output responses and farther

operative to process said amplifier output responses and generate signal processor output

responses; and

an implantable auditory stimulation device operative to stimulate an auditory

component of a patient in accordance with said signal processor output responses,

2. The implantable hearing system of Claim I wherein said amplifier

comprises:

an AGC circuit.

3. The implantable hearing system of Claim 2, wherein said characteristic of

said microphone output responses includes an amplitude characteristic.

4. The implantable hearing system of Claim 3, wherein said AGC circuit is

operative to selectively lower the gain for amplifying microphone output responses

having a magnitude above a predetermined threshold.

5 The implantable hearing system of Claim 3, wherein said AGC circuit is

operative to amplify microphone output responses by a first value when said microphone

output responses are below a threshold, and to amplify said microphone output responses

by a second value less than said first value when said microphone output responses are

above said threshold.



6. The implantable hearing system of Claim 3, wherein an amplification level

for said AGC circuit is a nonlinear function of the amplitude of said microphone output

7 . The implantable hearing system of Claim 1, wherein said characteristic of

said microphone output responses is a frequency characteristic.

8 The implantable hearing system of Claim 7, wherein said amplifier is

operative to amplify microphone output responses in a first frequency band by a first

factor, and to amplify microphone output responses in a second frequency band by a

second factor which is greater than said first factor.

9 . The implantable hearing system of Claim 8, wherein said first frequency

band is predetermined dependent upon a characteristic of the voice of a patient.

11. The implantable hearing system of Claim 1, wherein said microphone

includes a first dynamic range and said signal processor includes a second dynamic range

less than said first dynamic range, and wherein said amplifier is operative to compress

said first dynamic range to substantially fit said second dynamic range.

12. The implantable hearing system of Claim 1 wherein said amplifier is

operative to provide a gain indicator signal to said signal processor, and wherein said

signal processor is operative to process said amplifier output responses dependent upon

said gain indicator signal.



13. A method for use in an implantable hearing instrument, comprising:

receiving an output signal from an implanted microphone;

identifying a first characteristic of said output signal;

based on said first characteristic, amplifying said microphone output signal by ai

least one of a plurality of gain settings to produce an amplified signal, wherein said

plurality of gain setting comprise at least two different gain settings;

inputting said amplified signal into a signal processor;

processing said amplified signal to generate a transducer drive signal; and

using said transducer drive signal to actuate an implantable auditory stimulation

device operative to stimulate an auditory component.

14. The method of Claim 13, wherein identifying said first characteristic

comprises:

identifying a magnitude of said output signal

15. The method of Claim 14, further comprising:

identifying a magnitude of a predetermined frequency range of said output signal.

16. The method of Claim 13, wherein amplifying comprises :

utilizing a non-linear function to amplify said microphone output signal

17. The method of Claim 13, wherein amplifying comprises:

amplifying a first frequency portion of said microphone output signal associated

with a voice of a user using a first gain setting and amplifying at least a second frequency

portion of said microphone output signal with a second gain setting, where said second

gain setting is larger than said first gain setting.

18. The method of Claim 13. wherein amplifying comprises compressing an

output range of said microphone output signal.



19. A method for use in an implantable hearing instrument, comprising:

receiving an microphone output signal from an implanted microphone;

receiving an output signal from an acceleroraeter;

upon identifying a identifying a first characteristic of interest in said

aeceierometer adjusting a gain setting;

amplifying said microphone output signal using said gain setting to produce an

amplified signal;

processing said amplified signal to generate a transducer drive signal; and

using said transducer drive signal to actuate an implantable auditory stimulation

device operative to stimulate an auditor}' component,

20. The method of Claim 19, wherein identifying a first characteristic

comprises:

comparing said output signal of said aceelerometer to said microphone output

signal.

21. The method of Claim 19, wherein identifying a first characteristic

comprises:

monitoring a predetermined frequency band of said output signal of said

aceelerometer.

22. The method of Claim 21, wherein said predetermined frequency band

comprises a frequency band associated with a voice of a user of the hearing instrument



23 A method for use in an implantable hearing instrument, comprising:

receiving an microphone output signal from an implanted microphone;

identifying an own voice event;

amplifying the microphone ouiput signal in a first frequency band by a first factor;

amplifying the microphone output signal in a second frequency band by a second

factor which is greater than said first factor, wherein amplifying generates a non-lmearly

amplified signal;

processing said amplified signal to generate a transducer drive signal; and

using said transducer drive signal to actuate an implantable auditory stimulation

device operative to stimulate an auditory component.

24. The method of Claim 23, wherein identifying an own voice event

comprises:

monitoring an aecelerometer output signal to identify a non-ambient signal having

at least a predetermined magnitude.
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