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(54) Title: ROBOT HEARING SYSTEM

G4) ZFBEDOLH: ORy FEEIRXF L
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A...DIRECTION IN WHICH SOUND SOURCE EXISTS
B...DISTANCE TO SOUND SOURCE

30...0THER MODULES

C...SOUND SOURCE 1

D...SOUND SOURCE 2

...SOUND SOURCE 3

1

< (57) Abstract: A hearing system (10) of a robot, especially the one of human or animal type, capable of collecting sound from

an external target and actively hearing it without being influenced by the noise produced by, e.g. a drive mechanism in the robot.

The system comprises a pair of external microphones (16) provided at the ear parts outside the sound-insulating shell (13), a pair of
oo internal microphones (17) for collecting noise provided inside the shell, noise removers (23, 24) for removing noise signals from an
inside noise source from the acoustic signals from the external microphones, pitch extracting sections (25, 26) for extracting acoustic
W) data (DL, DR) about the time, frequency and power from the left and right acoustic signals from the noise removers by frequency
=i analysis, a left/right channel relating section (27) for determining the direction from which sound comes on the basis of the harmonic
&> structure involving the pitches of the left/right acoustic data extracted by the pitch extracting section, and a sound source separating

section (28) for separating acoustic data into acoustic data sets of respective sound sources according to the information on the sound
direction determination.
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ABSTRACT

An earsct including a housing positionable with respect to an car of a person, a
microphone disposed with respect to the housing for insertion into the ear of a pesson,
the microphone operable to detect a change in air pressure within the car while the
person speaks and to produce an electrical microphone signal corresponding to the
internally detected change in air pressure and a speaker disposed with respect to the
housing and operable to produce a sound corresponding to an electrical speaker
signal. The earset also includes a circuit coupled to receive the microphone signal and
the speaker signal and operable to produce a corrected microphone signal, the
feedback component resulting from the detection by the microphone of the sound

produced by the speaker to produce a corrected microphone signal.
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method of performing it, known to us:
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ELD ' 'EN
The present invention generally relates 1o a sensor placed with respect to an ear.
More particularly, the sensor is used to detect physical or mental actions of a person such as
speech, thoughts, movements of the tongue with respect to the otal cavily, biological
functions, etc. and provides an output which can be converted into system control

functions. Furthermore, the sensor is used to detect speech and other oral vocalizations of 2

- person with a microphone as well as to deliver sound to the ear of the person with a

_speaker, while feedﬁack from the speaker to the microphone is reduced.

BACKGROUND OF THE INVENTION

An apparatus and method for detecting thougms is disclosed in U.S. Patent No.
6,024,700, the entire disclosure of which is incorporated by reference. The thought may
lead to a detectable air pressure or sound at one or both ears of a user which can be detected
by a detector, such as a microphone. Exemplary outputs from such system and method for .
detecting thoughts may be one or plural discrete outputs, such as discrete ouputs
representing respective alphanumeric characters, directions, etc.

An apparatus and method for detecting physical action, such as mouth and fongus
movement, is disclosed in U.S. Patent Application Scrial No, 09/706,091, filed November
3, 2000, the entire disclosure of which is incorporated by referenéé The physical action
leads to a detectable air pressure or sound at one or both ears of a user.

Sounds produced by a person’s ears sometimes are referred to as autoaccoustic.
Autoaccoustic sounds have been used in the past for diagnostics, €.g., to indicate ear
function or a condition of the ear: For example, in response (o a sound input to the ear, the

ear has been found to provide a detectable autoaccoustic output.

la
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At present there are available controllers to enable a handicapped person, who
cannot use arms or legs, to operate a molonized wheelchair. Such a controller includes a
track-ball or joystick type device that is inserted into the mouth of an individual; and the
individual operates the controller using mouth and/or tonguc movements to provide
mechanical inputs. Such device is difficult to operate and is problematic if it falls from the
mouth or irritates the mouth.

Other controllers exist to enable handicapped individuals to perform functions with
mechanical assists. Operation of such controllers typically requires a signal, such as an
incident electromagnetic signal, e.g., infrared or ultraviolet light/radiation, which is directed
at the individﬁal; then, by a specified action or activity the individual can modulate the
incident electromagnetic signal, e.g., by blinking the eyes, moving the head, or some such
action, The need for incident electromagnetic signal is disadvantageous for several reasons:
an extra piece of equipment is required to provide that signal, the signal must be properly
directed or aligned, the detector and the modulated signal must be properly aligned, the
signal should not have a detrimental affect on the user (such as causing eye injury), ete.

At present there are availablc voice recognition software programs which recejive an
input signal representative of human speech and convert that signal into text format or carry
out a cornmand upon interpreting the speech. The input signal is generated by a
microphone disposed in front of the speaker's mouth.

Furthermore, wireless mobile telephones, also referred to as a cellular telephones,
have become exceedingly popular communication devices. However, the vast majority of
cellular telephones contain a transceiver (e.g., a radio frequency , or RF, transceiver) for
establishing a communication link with a remote location, such as a cell phone tower, In
order to carry out a conversation with another person using the wireless telephone, the user
must hold the telephone adjacent the ear and mouth of the user. This presents the
disadvantage of occupying the use of at least one of the user's hands. In many situations,
hands free use of the wireless telephone is desirable. The.same istiue for receivers, or
handsets, found in hard-wired telephone systems. For example, the user of a hard-wired

telephone system may wish to type on a computer while speaking on the phone. In

- addition, medical professionals and others have expressed concems relating to the health of

wireless telephone users who engage in prolonged use of an RF transceiver adjacent their
head.
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There are many commercially available headsets available to users of wireless
and/or hard-wired telephone systems. These headsets are intended to assist the user in
carrying out a conversation without the use of the user’s hands and to locate the
telephone (and any RF transceiver) away from the user’s head. These headsets typically
include an ear piece containing a speaker. The ear piece can be removably placed with
respect to the user’s ear and broadcasts sounds to the user’s ear. The headsets also
typically include a microphone disposed on a support member that positions the
microphone with respect to the user’s mouth. The microphone is used to detect speech
and other vocalizations emanating from the mouth of the user. The detected sounds are
converted into an electrical signal and transmitted by the telephone to a backbone
telecommunications network and on to the telephone of another person. In this manner

the vser can carry out a fully duplexed conversation with the other person.

However, the headsets can be cumbersome to use. More particularly, care must
be taken to ensure that the microphone is properly positioned and that the microphone
maintains that position. The need to adjust the headset during a conversation can be
distracting to the user. In addition, improper positioning of the microphone may lead to
poor and/or unreliable detection of the user’s speech. This problem is compounded by
the common occurrence of the microphone detecting environmental noise, such as the
sound of a passing vehicle, conversations taking place near the user and the like. The

detected environmental noise is ultimately transmitted by the telephone.

Accordingly, there exists a need in the art for an easy to use telephone headset
that accurately detects the user’s speech, even when speaking at a low volume, and

reduces the detection of environmental noise.

SUMMARY OF THE INVENTION
According to a first aspect of the invention, there is provided an earset
comprising:
a housing positionable with respect to an car of a person;
a microphone disposed with respect to the housing for insertion into the ear of a
person, the microphone operable to detect a change in air pressure within the ear while
the person speaks and to produce an electrical microphone signal corresponding to the

internally detected change in air pressure;

Exhibit 1009
Page 1840 of 2198



\O
S
O
@\
e
)
[
S s
O
ﬂ-
ﬁ-
)
O
S
) 10
O
N
15
20
25
30

a speaker disposed with respect to the housing and operable to produce a sound
corresponding to an electrical speaker signal input to the speaker; and
a circuit coupled to receive the microphone signal produced by the microphone
and the electrical speaker signal as input to the speaker, and operable to produce a
corrected microphone signal having a reduced feedback component of the microphone
signal, the feedback component resulting from the detection by the microphone of the
sound produced by the speaker wherein the circuit includes:
an amplifier for amplifying the microphone signal produced by
the microphone;
an amplifier for amplifying the electrical speaker signal received
by the circuit and outputting an electrical feedback indication signal; and
a combining means for combining the amplified microphone

signal and the feedback indication signal to produce the corrected microphone signal,

According fo a second aspect of the invention, there is provided in combination, a
communications system including the earset according to the first aspect, and further
comprising a communication device coupled to receive the corrected microphene signal
and transmit an output corresponding to the corrected microphone signal to a remote
location, and the communication device adapted to receive a signal from which the

spwaker signal is produced by the communication device.

Acocording to a third aspect of the invention, there is provided a method of
detecting speech of a person, comprising the steps of:

placing a microphone at least partially within an car of the person;

detecting a change in air pressure within the ear of the person using the
microphone, the change in air pressure corresponding to the speech of the person;

producing an electrical microphone signal corresponding to the internally
detected change in air pressure;

placing a speaker with respect to the ear of the person;

generating a sound with the speaker corresponding to an electrical speaker si gnal-
input to the speaker; and

generating a corrected microphone signat by reducing a feedback component of

the microphone signal, the feedback component resulting from the detection by the
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microphone of the sound generated by the speaker and wherein reducing the feedback
includes:;
amplifying the microphone signal produced by the microphone;
amplifying the electrical speaker signal to generate an electrical
5 fecdback indication signal; and
combining the amplified microphone signal and the feedback

indication signal to produce the corrected microphone signal.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1A is a block level diagram illustrating a system by which air pressure

10 fluctuations are detected and used to provide a control function which corresponds to the
detected air pressure according to the present invention;
FIG. 1B is a block level diagram illustrating a system by which air pressure
fluctuations are detected and processed, and in the illustrated embodiment, processed by
a voice recognition software program to interpret speech of a person;
15 FIG. 1C is a block level diagram illustrating a system by which air pressure
fluctuations are detected and re-transmitted by a communications device;
FIG. 1D is a block level diagram illustrating a system by which air pressure

fluctuations are detected and used by a medical diagnostics device;

4a
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FIG. 1E is a block diagram illustrating a system having a sensor with an internal
microphone and an external microphone;

FIG. 2A is a schematic view of an ear;

FIG. 2B is a cross-sectional view of a sensor embodiment for monitoring air
pressure changes within the ear of a person;

FIG. 2C 15 a graph illustrating an exemplary electrical signal produced by a sensor
according to the present invention;

FIG. 3A is a flow char diagram illustrating a method of detecting changes in air
pressure and providing a control instruction in response to the detected changes according
to the present invention;

FIG. 3B is a flow chart diagram illustrating another method of detecting changes in
air pressure and providing a control instruction in response to the detected changes
according to the present invention;

FIG. 4 is a flow chart diagram illustrating a method of monitoring according to the
present invention;

FIG. 5 is a flow chart diagram illustrating a method of processing an electrical
signal corresponding to a mouth/tongue action, a thought, speech and/or another type of
initiating action;

FIG. 6 is a graph illustrating the conversion of an analog electrical signal to digital
signal data according to the present invention;

FIG. 7 is a flow chart diagram illustrating a method of analyzing the digital signal
data according to the present invention;

FIG. 8 is a graph illustrating a method of analyzing the digital signal data with the
flow chart of FIG. 7 according to the present invention;

FIG. 9 is a flow chart diagram illustrating a method of processing the digital signal
data according to the present invention; ’

FIG. 10 is a system diagram showing a system. including parts and functions of the
mvention,

FIG. 11 is a graph representing exemplary raw signal information detected by a
sensor used in the invention to detect air pressure changes;

FIG. 12 is a graph of frequency filtered signal information of FIG. 11, the frequency

fillering to remove noise, for example;

Exhibit 1009
Page 1843 0of 2198



10

2006200446 02 Feb 2006

1s

20

25

30

FIG. 13 is a graph representing power spectrum window slicing of the curve of FIG.
12;

FIG. 14 is a graph of such power spectrum;

FIG. 15 is a block diagram itlustrating a2 communications system according to an
embodiment of the present invention;

FIG. 16 is a cross-sectional view of an ear microphone assembly, or earset, disposed
with respect to the ear of a person, and the ear also shown in cross-section;

FIG. 17 is a block diagram of the car microphone assembty;

FIG. 18 is a block diagram of an ear microphone assembly according to another
aspect of the invention; and

FIG. 19 is a flow chart of a method of processing signals generated by the ear
microphone assembly of FIG. 17.

DETAILER DESCRIPTION OF THE INVENTION

The following is a detailed description of the present invention made in conjunction
with the attached figures, wherein like reference numerals will refer to like elements
throughout. To illustrate the present invention in a clear and concise manner, the drawings
may not necessarily be to scale and ceratin features may be shown in somewhat schematic
form.

One embodiment of the present invention is directed to an apparatus and method for
detecting physical and/or mentat actions of a person (such as actions occusring in
association with the thoughts of the person, the speech of the person and/or movemerits
associated with the oral cavity) by monitoring air pressure changes in or near a person's ear
over a period of time. As an example, motion of the.tongue in the oral cavity can be
detected or sensed to provide a useful output. As another example, the action can be
rdental, as in thinking a thought, which produces a detectable air pressure change within
and/or adjacent the car.as discussed in greater detail in U.S. Patent No. 6,024,700. More
specifically, the thought causes a reaction in the human anatomy which effectuates a change
in the ear (perhaps by muscle contraction), thereby producing a detectable change in air
pressure in or near the ¢ar canal. An exemplary output may contain information analogous
to an information signal produced by a computer mouse, the click buttons on the mouse, a

computer joystick, or the like.
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The present invention has been found to be more aesthetically pleasing and
comfortable to the user and detects less environmental, or ambient, noise than the systems
disclosed in the above-mentioned U.S, Patent No. 6,024,700 and in U.S. Patent Application
Serial No. 09/706,091. As will be described in morc detail below, the sensor of the present
invention includes a microphone disposed with respect to an ear or within an ear of a uger
and detects air pressure changes within the ear. This microphone will be referred to herein
s an internal microphone. The air pressure changes may be caused by one or more factors,
including vibrations of the ear drum, vibrations of bone within the ear, vibrations of other
anatomical structures within the ear and vibrations conducted by the bones and/or tissue of
the user to the ear and which invoke an air pressure change in the ¢ar. As a result, the
sensor can be used to detect a person’s speech when the person is speaking at a normal
level or at an extremely low volume (e.g,, at a decibel, or volume, level lower than that
which is ordinarity not sufficicntly detectable by a microphene placed in front of the
person’s mouth or detectable by another individual located near the person speaking). The
term speech, as used herein, is intended to include spoken words and utterances, singing
and other vocalizations produced by a person. Such detected speech can be used for many
puspeses including, for example, processing the detected speech with voice recognition
software or re-transmnitting the detected speech with a communications device such as a
celular telephone (thereby allowing separation of the speech input device from the RF
transceiver).

It is noted that the term air pressure changes is used in its broadest sense and
includes, for example, sound waves (whether audible to the user or not), pressure
fluctuations, vibrations, resonations and the like. In addition, the term air pressure changes
as used herein includes vibrations conducted by the bones and tissue of the user that are
carried to ear. These conducted vibrations can vibrate a housing that supports the internal
microphone leading to sound detection by the internal microphone. The conducted
vibrations may also cause anatomical parts of the ear to resonate, and/or amplify sounds,
thereby leading to sound detection by the internal microphone. The air pressure changes
tay be caused by one or more factors, including vibrations of the ear drum, vibrations of
bone within the ear, vibrations of other anatomical structures within the ear and vibrations
conducted by the bones and/or tissue of the user 1o the ear and which invoke an air pressure

change in the ear.
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In addition to the internal microphone, the present invention can also inctude an
external microphone. The extemal microphone detects air pressure changes, or sounds,
originating outside the user's ear. As described below in more detail, these sounds are
converted into electrical signals and compared with electrical signals corresponding to the
sounds detected by the internal microphone. The respective signals can be processed to
discem air pressure changes within the ear from cxtcrnally produced ambient noise, speech
and the like.

The present invention can also be used as a medical diagnostic tool by detecting and
monitoring various biological processes, including a person's heartbeat, breathing and
gastronomical events, which cause detectable changes in air prc;sure in or near the ear.
Therefore, by monitoring air pressure adjacent or within the ear, a person's heartbeat,
breathing and any irregularities associated therewith can be studied. The sounds detected
by the scnsor of the present invention can be amplified to a level to be studied by medical
personnel and/or processed by a device programmed to analyze such biclogicat functions.

The present invention is able to provide an output having a continuity charactetistic,
e.g., similar to the signal produced by moving a computer mouse along a surface. The
electrical signal produced by the sensor can contain discemnable information which was
generated by two or three dimensional movements of certain body parts, particularly
movements of the tongue, jaw, and oral and nasal cavities. The resulting signal output
from the sensor is analogous to the signal produced by a computer joystick that has up,
down, left, right, front and back signal outputs. Intensity or other components of the signal
can be used as a measure of the action's speed characteristics.

By measuring air pressure in both ears with separate sensors, at least two electrical
signals can be produced and processed, resulting in a two dimensionai (or stereophonic)
information pattern. The information derived from each sensor, along with similaritics and
differences in the data streams, can be used to discern additional information from the
person. In some cases, the additional information will improve.the generation of control
commands, detection of thoughts, recognition of speech, detection of biological processes
and other functions of the systems described herein.

The invention may be used for many additional purposes. One exemplary use is to
provide an input to a computer or to some other electrical or electronic device. An

exemplary input is an electrical signal, but it will be appreciated that the signal generated by
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the sensor used to detect air pressure changes may be other than electrical, or an electrical
signal generated by the sensor can be converted into a form which is not electrical.
Example alternative signal types include, for cxample, an optical signal, a fluidic signal, a
radio frequency (RF) signal, etc. The input may control the compuier or other device or it
may be used for some other purpose. To facilitate and to avoid complexity of the
description of the invention herein, the invention is described with respect to a use to
provide an electrical input to a computer, for example, a personal computer or some other
computer, whether of the digital or analog type, to control the operation of the computer. It
will be appreciated that the invention may be used for many other purposes.

One example of a use of the invention in combination with a computer which is
controlied using the invention is to provide functions and capabilities for a handicapped
person. Far example, the invention may be used to enable a handicapped individual or a
noprhandicapped individual to control operation of a piece of machinery in a manufacturing
facility, to control operation of a motorized wheelchair or similar device, to confrol
operation of a video game, etc. These are only examples, and it will be appreciated that the
invention may bc used for many other purposes.

In the present invention there is no need for the individual to be subjected to a
stimulus signal, such as an incident acoustic or electromagnetic signal. Rather, in the
present invention, actions of the individual (e.g., a tongue mavement involving clicking of
the tongue against the teeth or pallet) are used to create air pressure or sounds at one or both
ears of the individual, which can be detected or sensed and used as an output of the
inverntion to be provided as an input to a computer or to some other device. Thus, the
present invention presents an unstimufated signal, namely a signal that is produced by
action of the individual without the need for a stimulus to be directed at the individual.

In accordance with an embodiment of the invention a sensor senses or detects air |
pressure, a change in air pressure or a sound that is produced by an ear of an individual.
These pressure ¢changes may be produced by the person’s ear drum or other anatomical
structure within the ear. In addition, the pressure changes may originate in other parts of
the person’s body and conducted to the ear by bone or tissue where a vibfaiion or air
pressure change is produced and detected by the sensor.

To facilitate the description hercin, the event of sensing or detecting will be referred

to as detecting and that which is detected will be referred to as a change within the ear.
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Also, to facilitate the description herein, the action causing the detectabie change will be
described as an "initiating action.” The initiating action can be one or more physical or
mental actions, including, but not limited to, thinking a thought, speaking, movement of the
tongue in the oral cavity {sometimes referred to as “tongue action™), other movements or
actions in or associated with the oral or nasal cavities, clicking or other actions of the
tonigue against the teeth or pallet, exhaling or inhaling by the lungs, beating of the beart and
actions of the nose. As an example, tongue movements lead to the detectable air pressure.
These movements can be two dimensional {e.g., up/down, left/right, in/out, etc.) or three
dimensional (any combination of front and back, left and right and up and down) which
generale a corresponding output by the sensor, even if that output is one dimensional in the
case of one sensor or two dimensional in the case of two sensors (one for each ear).

The present invention monitors changes within the human ear which oceiir
instantaneously, or nearly instantaneously, in response to the initiating action to provide a
substantially real-time detection and control system. In addition, the monitoring of the
changes is passive and thus avoids potential health and/or environmental concerns related
to subjecting the body to electrical signals and/or radiation. Furthermore, the changes in
the ear uniquely correspond to one of a variety of initiating actions (e.g., have unique signal
signatures) which allows a plurality of different initiating actions to be detected and
distinguished for a system requiring multiple control functions. '

According to one aspect of the present invention, the sensor is in electrical
communication with processing circuitry and senses changes of the ear and converts the . .
sensed changes into an electrical signal. The electrical signal is then processed to provide a
control instruction or some other useful cutput, such as an output similar to that produced
by a computer mouse or joystick which corresponds to the particular initiating action.
Exemplary control functions may include, but are not limited to; controlling a video game
display, controlling a piece of medical equipment such as a wheelchair, and controlling
computer-functions to effectuate a handless mouse, keyboard, joystick, etc.

Tumming now to the figures, FIG. 1A is a block level diagram which iflustrates a
system 10 for detecting initiating actions and providing an output which corresponds to the
detected action. The system L0 includes a pressure sensor 12 coupled to processing
circuitry 14. The sensor 12 includes an internal car microphone as described in more detail

below. The sensor 12 detects changes within the ear that result from an initiating action by

cel
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the person wearing the sensor 12. The processing circuitry 14 includes a data acquisition
circuit 16, such as a computer sound card. Other example data acquisition circuits include
a PCI9118HG data acquisition card manufactured by Adlink Technology or a DAQI250
data acquisition card manufactured by Ines Company Gmbh inn Germany. The data
acquisition circuit can include an analog 1o digital (A/D) converter for converting an analog
signal into digital signal data. A buffer 17 can be provided to store portions of sigaals from
data acquisition circuit 16 (as those signals may be relatively continuocus) until a filtration
and signal detection can be carried out as are described further below. The processing
circuitry 14 also includes a processor 18 for receiving the digital signal data from the data
acquisition cireuil 16 and buffer 17 and performing various signal processing functions on
the digital signal data to detect the occurrence of an initiating action and determine the type
of initiating action. The system 10 also includes an output peripheral 20 coupled to the
processor 18 for executing one or more control instructions provided by the processor 18
which correspond to the initiating action. One skilled in the art will recognize that,
depending on the application, the analog to digital converter function and the buffering
function can be omitted or performed by software.

FIG. 1B is a block level diagram which illustrates another embodiment of a system
22 for detecting initiating actions and providing an output which corresponds to the
detected action. The system 22 includes the sensor 12 having an internal microphone
(described in greater detail below). The electrical signal produced by the sensor 12 is
optionally amplified with an amplifier 24. However, in some applications, the amplifier 24
is not needed depending on the equipment receiving and processing the electrical signal
output by the sensor 12,

The electrical signal is then received by an interface adapter 26. The interface
adapter 26 can be a mechanical connection such as an electrical connector to be received by
a corresponding jack on the device which ultimately receives and processes the electrical
signal output by the sensor 12. The interface adapler 26 can also include more complex
instrumentation, such as a universal serial bus (USB) adapter. As one skilled in the art will
appreciate, depending on the processor, device or application receiving the electrical signal
produced by the sensor 12, the interface adapter 26 is optional or can be any device for
establishing physical and/or logical connection between the sensor 12 and the device to

receive the electrical signal produced by the sensor 12.
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The electrical signal is then received by a computer interface 28. The computer
interface 28, as with the amplifier 24 and the interface adapier 26, is optional depending on
the configuration of the system 22. The computer interface 28 can be a mechanical
connection such as a jack or receptacle, or can be more complex instrumentation, such as a
sound board for a computer. In one embodiment, the amplifier 24 and/or the interface
adapter 26 are omitted and the signal produced by the seaser 12 is input fo processing
circuitry 14' via a conventional computer sound board, the sound board being used to
convert the analog signal produced by the sensor 12 into a digital signal.

The electrical signal is then processed by processing circuitry 14'. The processing
circuitry 14' can take on the form of the processing circuitry 14 illustrated in FIG, 1A and
can optionally include such devices such as an analog to digital converter, a buffer, and/or a
processor 18'. The processor 18 can be configured to execute logic for a variety of
applications that make use of the signal generated by the sensor 12.

In the illusirated embodiment, the processor 18" is programmed to execute a voice
recognition software program. As is known in the art, voice recognition software converts
spoken language into text which can be electronically manipulated such as with a word
processing program. The text can be output to an output peripheral 20. For example, the
text can be displayed on a display or printed by a printer. The text can also be stored for
later retrieval by a storage device 30 on a computer-readable medium inclu ding, but not
limited to, magnetic and optical storage devices. Alternatively, the electricat signal itself or
recognized speech derived therefrom can be used to control machinery such as a self-
powered wheelchair, a robotic arm, a computer, transportation vehicles, domestic and
industrial appliances or machinery, and the like.

FIG. 1C is a block Ievel diagram which illustrates a system 32 for detecting
initiating actions and providing an output which corresponds to the detected action. The
system 32 includes the sensor 12 having at least an internal microphone 34. The sensor 12
and intemal, microphone 24 will be described in more detail below. The sensor 12 outputs
an electrical signal which is optionally amplified by amplifier 24. Next, the electrical
signal is received by a communication device 36 via an appropriate interface adapter 26, if
needed. The communications device can be, for example, a telephone which is either hard-
wired to a telephone system or, as shown in the illustrated embodiment, is a wireless

telephone such as a cellular phone, Alternatively, the communications device 36 can be a
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radio, portable computing device, or the like. In one embodiment, the signal generated by
the sensor 12 is input into a personal computer, personal digital assistant (PDA} or the like
and is transmitted to another location or device via a network (c.g., a LAN, a WAN, the
Internet, etc.). In another arrangements, the communications device can be replaced with
5 other types of devices such as a recorder for recording the user's speech for later retrieval or

an amplification system for broadcasting the speech to a live audience.

In addition, the sensor 12 can include a speaker 38 used to transmit (i.¢., broadcast)
sounds to the user, In this way, the sensor 12 and communication device 34 can be used as
a bi-directional comununication apparatus.

10 FIG. 1D is a block level diagram which illustrates a system 40 for detecting

2006200446 02 Feb 2006

initiating actions and providing an output which corresponds (o the detected action. The
system 40 includes the sensor 12, which preferably includes the internal microphone 34
(FIG. 2B) described in mote detail below. The sensor 12 is connected to a medical
diagnostics device 42 via, if desired, an amplifier 24, interface adapter 26 and computer

15 interface 28. The medical diagnostics device 42 has an audio output 44 (e.g., speaker,
stethoscope attachment, etc.) so that detections of air pressure by the sensor 12
corresponding to biological processes (heart beat, breath sounds, gastronomic sounds, etc.)
of a patient can be heard and studied by medical personnel. To help the medical personnel
lisien to the biological processes, the medieal diagnostics device can optionally include

2¢ filters (in hardware or software) to isolate these sounds before broadcasting the sounds o
the medical personnel. In another embodiment, the medical diagnostics device 42 has a
video output 46 (e.g., an LCD or CRT screen} to display a video representation of the
detected air pressure changes. For instance, the sound generated by the heart within the
patient's ear and detected by the senser 12 can be converted into a graph (e.g., amplitude

25 versus time} and displayed on the video output 46 in similar fashion to display of an
electrocardiogram.

The medical diagnostics device 42 can also include a recording device 48 {e.g., a
digital or analog data storage medium) to store detections of the patient's biclogical
processes. The recorded sounds can be compared to subseguent detections. This

30 comparison can be made by a person or by software programmed to isolate differences

between the first and second detections.
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The medical diagnostics device 42 can also include a processor 50 which executes
programumed logic {(¢.g., software) to analyze the detected air pressure changes. The
software can be programmed to search the signal produced by the sensor for patterns,
irregnlarities (including those normally undetectable by a human), differences from a
baseline detection and so forth,

In addition, data acquired by the medical diagnostics device 42 from the sensor 12,
or data calculated by the medical diagnostics device 42, can be transmitted to other
locations, For example, the medical diagnostics device 42 can be placed in an ambulance
and transmit information about a patient to a destination hospital. As an altemative
example, the data conld be gathered by one medical worker and transmitted to another
medical worker, such as a specialist located in another city.

In another embodiment, the sensor can be located remotely from the medical
diagnostic device 42, For example, a person could use the sensor 12 from a location such
as his/her home. The information detected by the sensor 12 could then be transmitted to a
remote medical diagnostics device 42. The transmission could be carried out over a
telephone or other communications device as discussed above with respect to the system 32
illustrated in FIG. 1C. Altemnatively, the signal generated by the sensor 12 can be input to a
personal computer, a PDA or the like and transmitted to the medical diagnostics device 42
via a network (e.g., a LAN, a WAN, the Internet, etc.).

FIG. 1E is a block diagram which illustrates a system 52 for detecting initiating
actions and providing an output which corresponds to the detected action. The system 52
includes the sensor 12, preferably having the internal sensor 34. In the illustrated
embodiment of the sensor 12, the sensor 12 has an additional pressure detector, or external
microphone 54. The use of the external microphone 54 is optional. As will be described in
more detail with respect to FIG. 2B below, the internal microphone 34 is disposed on a .
housing 150 (FIG. 2B) to be inserted at least part way into the ear of a person. That is, the
internal microphone 34 is insert at least into a cavity defined by an external portion of the
ear (described below in more detail with respect to FIG. 2ZA). As a result, the internal
microphone 34 detects air pressure changes located within the ear. These air pressure
changes are the result of initiating actions and, in part, to externally generated sound, such
as other people's speech, environmental noise and the like. The external microphone 54 is

disposed on the bousing 150 (FIG. 2B) and generally points away from the person wearing
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the sensor 12. As a result, the extermnal microphone 54 detects air pressure changes located
outside the ear. These air pressure changes are the result of externally generated noise
(other people's speech, environmentat noise, etc.) and, in part, to initiating actions of the
person wearing the sensor 12 and particularly the speech of that person.

The internal microphone 34 is connected to processing circuitry 14" or another
device used to receive the electrical signals respectively produced by the microphones 34
and 54 in response to sensed air pressure changes. Each microphone 34 and 54 s
connected to the processing circuitry 14" using separate and distinet inputs, or channels. In
one embodiment, the internal microphone 34 is copnected to the left channel input of a
computer sound card, or computer interface 28a, via an amplifier 24a and an interface
adapter 26a. The external microphone 54 is connected to the right channel input of the
computer sound card, or computer interface 28b, via an amplifier 24b and an interface
adapter 26b.

The processing of the unique signals generated by the microphones 34 and 54 will
be described in mare detail below with respect to FIG, 3B. The unique signals can be used
to distinguish between user produced initiating actions and externally produced sounds. In
alternative configurations of the system 52, the system 52 can be adapted to cancel
externally generated noise from the detections of the internal microphone 34.

Testing has shown that when the user speaks (or produces an air pressure change in
the ear from another type of initiating action), the strength of the signal generated by the
internal microphone 34 corresponding to the speech (or initiating action) is usually stronger
than the strength of the signal generated by the external microphone 54 that corresponds to
the same speech (or initiating action). Testing has also shown that when a sound is
generated by a source other than the user {e.g., another person speaking), the strength of the
signal generated by the external microphone 54 corresponding to the sound is usnally
stronger than the strength of the signal generated by the internal microphene 34- that
carresponds to the sound. These sound energy differentials, or relative signal strengths, can
be used to determine whether the source of the detected air pressure change is from the user
or external to the user,

Far instance, if the user is speaking, the internal microphone 34 may detect the
user's speech and external noise (¢.g., the hum of an air conditioner and a computer). In

this example, the external microphone 54 may detect the.user’s speech, but to a smaller
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degree than the internal microphone 34. The external microphone 54 will also detect
external noise and that extemnal noise will be detected to a larger degree by the external
microphone 54 than by the internal microphone 34. Accordingly, the processing circuitry
14" can be programmed to compare the signals and discem that the source of the speech is
from the user. In addition, the processing circuitry 14" can be programmed 1o isolate the
user's speech by comparing the two signais to identify the speech component and the noise
component. As aresult, a relatively noise-free speech signal can be produced whick can be
used in connection with voice recognition software as indicated above. In alternative
embodiments, the foregoing technique can be used fo distinguish between the user's speech
and another individual's speech. Both person's speech can then be analyzed as desired. As
one skilled in the art will appreciate, the foregoing technique can be applied to the detection
of other type of initiating actions, including thoughts, movements related to the oral eavity,
biological processes and the like.

Referring to FIGs. 2A and 2B, an external view and a cross-sectional view of an car
100 are respectively illustrated. FIG. 2B also shows the sensor 12 in cross-section,
According to Henry Gray's famous text "Anatomy", the human ear is divided into three
parts, including the external ear 102, the middle ear (or tympanum} 104 and the internal ear
(or labyrinth) 106. The middle ear 104 and the internal ear 106 will not be described in
great detail herein. The external ear 102 includes an expanded portion, or a pinna 108 (also
referred to as an auricle), and an ear canal 110 {also referred 1o as a meatus or auditory
canal). The pinna 108 serves to collect vibrations of the air surrounding the person's head.
The ear canal 110 conducts those vibrations to the tympanum, or ear drum 112,

The pinna 108 has a generally ovoid form with a larger end directed upward and
having an outer surface that is irregularly concave and directed slightly forward. The pinna
108 has a number of eminences and depressions. Typically, the ear 100 has a prominent
and curved rim, or helix 114. Generally parallel to the helix 114 is another curved
prominence, or antihelix 116. The antihelix 116 bifrucates to form a triangular depression,
or a fossa of the antihelix 118 (also referred to as a fossa triangularis). A narrow, curved
depression located between the helix 114 and antihelix 116 is referred to as fossa of the
helix, or scapha 120. The antihelix 116 also curves around a deep, capacious cavity, or the
concha 122 (the concha 122 being divided by the commencement of the helix 114, or crus

helicis, into an upper part, termed the cymba conchae, and a lower part, termed the cavum
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conchae). The concha 122 leads inward to an opening of the ear canal 110, In front of the
concha 122 and projecting backward (usually over the opening of the ear canal 110) is a
pointed eminence, or tragus 124. Opposite the tragus 124 is a tubercle, or antitragns 126.
A notch-like depression, or incisura intertragica 128, is disposed between the tragus 124
and antitragus 126. A lobule 130 is present under the tragus 124 and antitragus 126.

The ear canal 110 is an oval cylindrical passage extending from a botiom of the
concha 122 to the ear drum 112. The ear canal 110 is about an inch and a half in length
when measured from the tragus 124 to the ear drum 112. When measured from the boitom
of the concha 122 to the ear drum 112, the ear canal is about an inch long. The ear canal
110 forms a gradual "S-shaped" curve and is directed, at first, inward, forward and slightly

upward (i.e., pars externa). The ear canal 110 then passes inward and backward (i.e., pass

. mediza) and then passes inward, forward and slightly downward (i.e., pars interna).

It is not certain what physical, chemical or neural mechanism causes or generates
the changes in air pressure in or near the ear or sounds to come from the ear in response to
various initiating actions of the user. However, due to the connection of the oral cavity to
the ear via the eustachian tube, movements and speech may cause an air pressure, a change
in air pressure or an air flow to or from the ear leading to a detectable air pressure which
can be detected by the sensor 12. Regardless of the exact physical, chemical or neural
mechanism, empirical testing has confirmed that the initiatiiag actions desciibed hersin
generate pressure changes in or ncar the car of the person and that the air pressure changes
have substantially their own signature and are thus substantially unique for a given
initiating action of an individual. Consequently, the air pressurc changes can be monitored
near the ear and used to detect the imtiating action of a user.

In addition, some initiating actions, such as movements of the tongue, can produce a
detectable pressure wave that has a strength corresponding to the direction, speed and/or
intensity of the movement. Although the invention may use a single sensor 12 in one ear

100, two sensors 12 (one in each ear 100) can be used to obtain additional infonmation
whereby each sensor 12 detects different information and/or cumulatrve information, which
can be correlated by the processor.

The present invention uses various forms of the terms “‘changes in air pressure”,
“changes within the ear” and "sounds emanating or coming from the ear” in their broadest

sense Lo characterize the parameter being measured. Changes in air pressure may

Exhibit 1009
Page 1855 0of 2198

21-




19

2006200446 02 Feb 2006

15

20

30

altemnatively be characterized as sound waves. These sound waves (or vibrations) may
propagate through mediums other than air, such as bone and tissue. As is well known by
those skilled in the a1, as a sound wave spreads out from its souzce its intensity falls off
(the energy per unit area decreases with the inverse square of the distance), but the fotal
cnergy is constant. Consequenily, il is desirable to have the microphone 34 sufficienily
close fo the source of the sound wave so that the intensity level of the detected changes will
be as large as possible.

The frequency range at which sound waves are audible by humans is about 20 Hz to

about 20 KHz, however, the present invention is not concemned with whether the changes

- within the ear are audible since the microphone 34 is selected to be sufficiently sensitive

and to have a frequency detection range which is sufficient to detect air pressure changes at
high or low frequencies. Therefore, any frequency range may be monitored which is
suitable to detect initiating action (e.g., about 10 Hz to about 20 KHz) and such variations
are contemplated as falling within the scope of the present invention.

FIG. 2B illustrates the sensor 12 inserted at least partially into the ear 100 of a
person (i.e., at lcast within the cavity defined by the pinna 108, if not deeper within the ear
100 such as within the concha 122, at the apening of the ear canal 119 or slightly into the
ear canal 110). The sensor 12 includes a housing 150, the internal microphone 34 and,
optionatly, an external micraphone 54. In the iltustrated embodiment the housing 150 has
an extertor portion 152 and an interior portion 154. The housing 150, however, can take on
a number of different configurations. The housing preferably resembles the housing of a
hearing aid and particularly a digital hearing aid for similar insertion, or partial insertion,
into the ear 100 and/or ear canal 110. The exterior portion 152 is.optional. The illustrated
external portion 152 is made from a material such as plastic and is wider than an opening of
the ear canal 110 to engage the pinna 108 or, altematively, to engage the ear 100 to cover
the whole pinna 108 {e.g., similar to that of a common headphone assembiy). I[a one
embodiment, the external portion 152 fits within the concha 122 and is retained, at least in
part, by the tragus 124 and/or the antitragus 126. Such arrangement at least partialty
insulates the interior microphone 34 from externally generated noise and air pressure
changes.

Alternatively, the housing 150 can resemble a miniature ear phone as found in

conventional wireless telephone headsets or as used with personal audio/music players.
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The earset 150 can be retained by insertion into the ear 100, by a member disposed over or
hanging from the ear and/or by a headset assembly. The illustrated housing 150 is made
from any suitable material, such as plastic, rubber or a gei-like material. Optionally, the
housing 150", or portions thereof, can be made of pliable material, sound absorbing (or
sound proofing) matertal and/or include sound insulating material such as foam.

‘The interior portion 154 can be made from a pliable material, such as rubber, and is
sized and shaped to snugly fit within the ear 100. Such material is sometimes referred 0 in
the art as being “sofi-solid.” Opiionally, the entire housing 150, or portions thereof, can be
made of pliable material, sound absorbing (or sound proofing) material and/or inctude
sound insulating material such as foam.

The internal microphone 34 is disposed on the interior portion 154 of the housing
150. Accordingly, the interior portion 154 1s sized and shaped to position the internal
microphone 34 with respect to the ear 100 and/or ear canal 110 as desired. On one
embodiment, the interdor portion 154 positions the internal microphone 34 in the concha
122, In another embodiment, the interior portion 154 positions the internal microphone 34
at the opening of the ear canal 110 where the ear canal 110 meets the concha 122. It should
be appreciated that the interior portion 154 and/or intemal microphone 34 need not enter
the ear canal 110.. In yet another embodiment, and as illustrated by example in FIG. 2B, the
interior portion 154 positions the intemal microphone 34 within the ear canal 118, In
another embodiment, the interior portion 154 positions the microphone 34 and/or a speaker
38 (FIG. 16, described below) in the concha 122. In another embodiment, the interior
portion 154 positions the microphone 34 and/or the speaker 38 at the opening of the ear
canal 110 where the ear canal 110 meets the concha 122. It should be appreciated that the
interior portion 154, microphone 34 and/or the speaker 38 need not eater the ear canal 110,
In yet another embadiment, the interior portion 154 extends into the ear canal 110 and
positions the microphone 34 and/or the speaker 38 within the ear canal 110. When
positioned within the ear canal 110, the internal microphone 34 enters the ear canal 110 at a
depth of about one tenth of an inch to abont a half of an inch measured from the opening of
the ear canal 110,

The housing 150, including both the exterior portion 152 and the interior portion
154, can be custom designed for the individual to form a close and comfortable fit with the

ear of the individual. Alternatively, the housing can have a standard, or “stock”, design for
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all individuals which is fabricated in a number of sizcs. As one skilted in the art will
appreciate, many alternative configurations for the housing 150 are possible and each are
considered to fall within the scope of the present invention.

In one embodiment, the microphone 34 is held in place with an adhesjve. Ths
interior portion 154 of the housing 150 has a recess 156 in which the microphone 34 is
placed. Preferably, the air adjacent the ear drum 112 and/or the air in the ear canat 1 10 will
be in fluid communication with the air adjacent the microphone 34. In this way, sounds or
air pressure changes generated within the ear 100 will be transmitied directly to the
microphone 34 through an air medium. Other sounds conducted by the bones and tissue of
the user may be transmitted to the microphone 34 mechanically via the housing 150. The
microphone 34 in one embodiment is about one mm to about six mm in diameter. One
skilled in the art, however, will appreciate that the microphone 34 is not necessarily round.
In an alternative embodiment, the microphone 34 is disposed within a hotlow cavity
defined by the housing 150 and an opening in a wall of the internal portion 154 of the
housing 150 is provided to establish fluid communication of the air inside the housing 150
and the air inside the ear canal 110.

By inserting the microphone 34 in the ear 100 and/or ear canal 110, the microphone
34 is shielded from environmental noise. More specifically, the housing 150 and the head
of the user at least partially blocks externally generated sound waves before reaching the
microphone 34.

In one embodiment, the microphone 34 is a directional microphone adapted to
detect air pressure changes from a particular direction. The directional microphone is
aimed as desired to detect various different air pressure changes generated by different type
of initiating actions. For example, the microphone can be aimed towards a desired source,
such as the ear drum 112, the ear canal 110 wall, or the bone structure surrounding the
opening of the ear canal 110: Since the microphone is directional, the microphone witl
detect less environmental noise (the source of that noise is outside the ear and from a
direction which does not typically coincide with the directional sensitivity of the
microphong). In other embodiments of the present invention, the microphone 34 is a noise
canceling microphene to further reduce the detection of environmental noise.

It should be appreciated that the microphone 34 can be moved closer to or further

away from various anatomicat structures within the ear 100 as desired for factors such as
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comfort, detection of certain air pressure changes caused by a specific type of initiating
action, to optimize detection of the user's speech, and the like. K is noted that the -
microphone 34 is capable of detecting speech of the user speaking at a variety of volumes,

The microphones 34 and 54 can take on a number of different forms, such as a
silicon or semiconductor microphone (also referred to as a pressure sensor) such as the
devices disclosed in U.S. Patent Nos. 4,533,795, 4,922,471, and 6,156,585, each of which
are incorporated herein by reference in their entireties. It is noted that the foregoing devices
are exemplary and other electroacoustic transducers from a number of different vendors can
be used.

In the illustrated embodiment, when the sensor 12 is inserted into the ear 100, a
stight positive pressure is created by compression of the air within the ear canal 110, It is
believed that this slight positive pressure, which is undetectable to the individual, improves
the overall operating characteristics and sensitivity of the sensor 12.

The microphone 34 is capable of detecting various forms of initiating action,
including, for example, the speech of a person speaking at a variety of volumes, grunts,
whistles, singing, coughs, physical movements of the person such as clicki.ng the person’s
tongue against the roof of the person’s mouth, opening the person’s jaw, the person's
breathing, the person’s heartbeat, etc. In addition, pressure changes in the ear caused by
thoughts can be discerned by detecting the changes within the ear when a trained individual
thinks a thought.

Tt has been shown that the use of one sensor 12 with only the internal microphone
34 (i.e,, without an external microphone 54) in one of the ears 100 of an individual can be
used to detect the initiating actions described herein. However, cmpirical testing has shown
that by using two such sensors 12, one in each of the ears of an individual, the performance
of systems such as the systems 10, 22, 32, 40 and 52 improves by about six times due to the
detection of more information. It is noted that in certain circumstances, the use of & sensor
12 in both ears is discouraged (such as when using a cellular telephone while driving a car).
It is noted that the circuitry, processing and logic routines described herein can be modified
to process signals from a second earset 12 or sensor 12 (the sensors 12 with or without an
external microphone 54). Such modifications will be apparent to one of ordinary skill in

the art.
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Although not illustrated in FIG. 2B, a speaker 38 (FIGs. 1C and 16) can be placed
on or within the housing 150 of the sensor 12 to transmit sounds to the individual. For
example, when using the sensor 150 as a microphone for a communications device 36, the
sensor 12 can akso be used to broadcast received sounds to the user.

As indicated, the sensor 12 can also include the external microphone 54. The
external microphone 54 is disposed on the exterior portion 152 of the housing 150 and is
pointed away from the wearer of the sensor 12 assembly. The external microphone 54 can
be secured to the housing 150 with adhesive and can be disposed in a recesses defined by
the exterior portion 152. Similar to the internal microphone 34, the external microphone 54
is small {e.g., about one mm to about six mm, but need not be round).

The position of the external microphone 54 allows the external microphone 54 to
detect air pressure changes present near the wearer's ear but have a source external to the
wearer of the sensor 12. In one embodiment, the extemal microphone 54 can optionally be
a noise canceling microphone as is known in the art.

The internal microphone 34 is electrically coupled to the amplifier 24 with a
conductor 158 and the exterior microphone 54 is electrically coupled to the amplifier 24
with a conductor 160. Although illustrated as a single unit in FIG. 2B, the amplifier 24
contains separate amplifying circuitry 24a and 24b (FIG. 1E) for each signal respectively
generated by the internal microphone 34 and the external microphone 54. The asptifier 24
is electrically coupled to the interface adapter 26 (not shown in FIG. 2B) with a conductor
162. More specifically, the conductor 162 carries the amplified signals from the
microphones 34 and 54 separately to separale interface adapters 26a and 26b. As one
skilled in the art will appreciate, if the amplifier 24 is omitted and the microphones 34 and
54 and/or speaker 38 can be coupled directly to the interface adapter(s) 26 by way of a
conductor or conductors. It is also noted that if two sensors 12 are used by placing one
sensor 12 in each ear 100 of a person, the processing circuitry or other device receiving
signals from the sensors 12 will receive four signals corresponding respectively to the
internal microphone 34 and ihe external microphone 54 of each sensor 12.

The microphones 34 and 54 of the sensor 12 monitor the changes in air pressure
and convert the pressure changes to an analog electrical signal 190, as illustrated in FIG.
2C. In the signal 190 there are at least two signal components, a high frequency component

192 and a low frequency component 194. In addition, other frequencies may also exist
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within the electrical signal 190 and the present invention can be adapted to analyze the
various signal frequencies, as described herein..

In an alternative embodiment, the internal microphone 34 and the extemat
microphone 54 are mounted to a headphone style assembly having a band disposed aroupnd
the user's head and hubs disposed over one or both ears 100 of the user. One exemplary
headphone and internal microphone assembly which may be used is the Model 4160
microphone manufactured by Briiel & Kj=r in Denmark.

A method 200 for carrying out the present invention is disclosed in FIG. 3A. The
method 200 includes detecting an initialing action by monitoring a change in the ear 100 at
step 202 with the intemal microphone 34 of the scnsor 12. The external microphone 54 is
optional in carrying out the method 200. Once the initiating action is detected at step 202,
ongc or more control instructions or other output(s) which correspond to the detected
initiating action is provided at step 204 to effectuate the desired output function,

A method 200 for carrying out the present invention is disclosed in FIG. 3B. The
method 200" includes the detection of changes in air pressure with both the interrial
microphone 34 and the external microphone 54. More specifically, in step 202", changes in
air pressurc within the ear 100 and/or ear canal 110 are detected by the internal microphone
34, These detections can be the result of an initiating action, but can also include a sound
component generated external to the person weariag. the sensor 12 and/or a sousd
component generated by speech of the wearer and traveling from the wearer's mouth,
through the air and to the wearer's ear 100 area. Also in step 202", changes in air pressure
near, but cutside, the ear 100 af the person wearing the sensor 12 are detected by the
external microphone 54. These detections are mainly the result of sounds generated -
external to the person wearing the sensor 12 and/or a sound component generated by speech
of the wearer and traveling from the wearer's mouth, through the air and to the wearer's ear
100 area. The detections arc converted by the microphones 34 and 54 into respective
electrical signals, herein referred to as an internal signal and an extemal signal,

Next, in step 206, the internal signal and the exiernal signal are compared. When ihe
user speaks or produces an air pressure change in the ear 100 from another type of initiating
action, the strength of the signal generated by the-internal microphone 34 corresponding to
the initiating action is usually stronger than the strength of the corresponding signal

generated by the external microphone 54. Tesling has also shown that when a sound is
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generaled by a source other than the user (e.g., another person speaking), the strength of the
signal generated by the external microphone 54 corresponding to the sound is usually
stronger than the strength of the corresponding signal generated by the internal microphone
34,

Using the signal strength differential, the source of the detected air pressure changes
(i.e., from the user or external to the user) can be reliably determined. From further
comparison of the internal signal and the external signal, two components from each signal
are derived. The two components for each signal include a component relating to air
pressure changes caused by the initiating action and a component relating to externally
generated noise and/or sound, which may or may not include speech of the user detected by
the external microphone 54 depending on the system in which the sensor 12 is being used.
It 1s noted that for initiating actions othier than speech, the initiating action component of
the external signal may be nearly undetectable.

Subsequent processing of the internal signal and external signal will depend on the
system in which the sensor 12 is being used and which types of initiating actions are being
detecting. For example, the signals can be used by the processor or other device receiving
the signals to invoke a corresponding output signal or signals. However, in most
applications, it will be advantageous to isolate the component of the internal signal
generated by the initiating action and, if desired, elimiriate to the fulles! extent possible any
externally generated component of the internal signal. Therefore, in step 208, the method
200 distinguishes the initiating action component of the internal microphone signal. In.
another embodiment of step 208, the method 200' can cancel noise {(or all sounds) detected
by the external microphone 54 from the detections of the internal microphone 34. More
specifically, the externally generated component of internal signal is filtered from or
mathematically removed from the internal signal. The resulting signal from step 208 is
used in step 204’ to provide the conurol instruction or output response appropriate for the
initiating action.

Similar processing to process the external signal can be carried out in step 210 to
derive a signal of externally generalted sounds, such as a to isolate another person's speech
from-noise and from speech of a person wearing the sensor 12. Thereafler, in step 212, a
control instruction or output response appropriate for the externally generated sound can be

produced.
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A method of detecting changes in the ear 100 (step 202) is illustrated in FIG. 4, The
microphone 34 is placed in the ear 100 of the user who’s initiating actions arc to be
detected at step 214. However, initiating actions may result in changes at or near other
parts of the body. Therefore, it is contemplated that in alternative embodiments of the
present invention, the sensor 12 may be located on, in or near other parts of the bady and
any detection of initiating actions by analyzing physiological or air pressure changes is
contemplated as falling within the scope of the present invention.

The changes in the ear 100 are monitored with the microphone 34 at step 216 and
are converted to an clectrical signal at step 218 for subsequent analysis. Afier conversion
into an electrical signal at step 218, the electrical signal is analyzed to detect the initiating
action at step 220. Although it is conceivable that the initiating action may be detected at
step 220 simply by analyzing the signal corresponding to changes in air pressure or changes
in the car 100 without additional data processing, step 220 typically includes data
processing in conjunction with the signal anatysis. It is noted that when a sensor is used
which has an external microphone 54, then the foregoing logic can be modified to include
the capture of an clectrical signal corresponding to air pressure changes outside the ear 100
and using that signal in the analysis of step 220 as described above,

An exemplary method of analyzing and processing the electrical signal which
cotresponds to the monitored pressure (step 220) is illustrated in FIG. 5. Again, the
analyzing logic can be adapted as described herein to include processing of a second
electrical signal derived from an external microphone 54. The analog electrical signal, an
example of which is illustrated in FIG. 2C, is converted into a digital signal at step 222, as
illustrated by example in FIG. 6. As is well known by those skilled in the art, an analog
signal may be converted into a digital signat by sampling the analog signal at a selected
frequency and identifying the signal amplitude at each sampling point. Each sampled data
peint is then saved as a digital word in a memory and used for further analysis. In FIG. 6, 2
sampled analog signal is illustrated in which the dotted line illustrates the exemplary analog
signal for a particular time period and the plurality of points on the dotted line represent
sampled amplitude values which are saved in the memory. It is desirable that the sampling
frequency be sufficient to capture enough data points to adequately represent the analo g
signal. As an example, the sampling rate of the may be 32 KHz and the total signal time

length to be analyzed may be 2048 mSec. Alternatively, however, other sampling rates
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- and data acquisition time frames may be utilized and such variations are contemplated as

falling within the scope of the present invention.

Once the analog signal has been converted into digital signal data at step 222, the
digital data is analyzed and processed by, for example, a signal processor to detect the
presence of an initiating action at step 224. As indicated above, step 224 may include
comparison of the internal and external signals, and filtering or mathematical manipulation
of the signals based on the comparison to isolate a desired component(s) of the defections
and/or to remove an undesired component(s)-of the detections. In addition, or as an
alternative, the analysis and processing of the data may be performed in a plurality of
segments, for example, as illustrated in FIGS. 7 and 8. As illustrated in FIG. 7, the
pracessing of step 224 can include analysis of a first data segment in step 226, followed by
the analysis of a second data segment at step 228. Once various data segments have been
analyzed separately, the data segments are analyzed together at step 230. If all the data
segments have not yet been analyzed at step 232, the method retums to step 228 and the
next data segment is analyzed, after which all previous segments are then analyzed together
at step 230. The process continues until all the data segments have been analyzed at step
232, thus allowing a conclusion to be generated using the analyzed data ssgments at step
234,

The data segment analysis may be seen graphically in FIG. 8, wherein digitat signal
data 236 is illustrated as being continuous for the sake of simplicity. The total length of
data for analysis may be separated into 64 segments that are each 32 mSec in length. Note
that the signal'236 coritains both a high frequency component 238 and a low frequency
component 240, Since data relating to an initiating action potcntially may be found in
either component or the initiating action data may span multiple data segments, the data
segments may be analyzed separately as well as together. Thus, at step 226 of FIG. 7, the
first data segment is analyzed {region 242}, at step 228 the second data segment is then
analyzed (region 244) and at step 230 both data segments are analyzed together (region
246). The process then continues for all the data segments; consequently, the data analysis
of the present iivention may analyze both the high frequency and low frequency signals to
detect the initiating action.

Returning back to FIG. 5, ence the data considered to be initiatory data has been

found in the data signal from the sensor at step 224, subsequent analysis is performed to
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determine the type of initialing action at step 248. Such analysis can include feature
extraction and analysis using a neural net trained to recognize respective signals/features of
such signals. If the neural net determines that the signal represents an initiating action of a
particular character, then it provides an output or effects the production of an oukpuf
representative thereof for use as described hercin. Alternatively, however, other technigues
may be utilized to identify the initiating action type once the initiating action is detected
and any such technique is contemplated as falling within the scope of the present invention.

One exemplary method of analyzing the digital signal in data segments (step 224) is
illustrated in FIG. 9. For each data scgment of 32 mSec, the data is converted from the
time domain to the frequency domain at step 250 using, for example, a Fast Fourier
Transform {FFT) as is well known by those skilled in the art. As is well known, a time
domain signal f{t) is linked with the frequency domain f(jw) according to the foliowing
equation:

F(fi)) = [Rt)e™dt = fjo) Eq. 1
wherein F(f{t)} is a traditional Fourier transform. As is well known by those skiiled in the
art, a Fast Fourier Transform is related to the traditional Fourier transform since the Fast
Fourier Transform is an efficient algorithm for computing discrete Fourier transforms.
After the digital signal data is converted into the frequency domain via the Fast Fourier
Transtorm, the frequenoy domain data is processed to distinguish data relating to initiating
actions from noise data at step 252. As is well known by those skilied in the art, the
separation of data from noise is often simplified in the frequency domain because unlike
noise, the data signal has some physical characteristics. Though the data signal in the time
domain has an amplitude which is less than the noise, the data signal has a greater
amplitude than the noise in the frequency domain. Therefore the Fast Fourier Transform is
a typical method for noise separation. In addition, or as an alternative, signal data from the -
external microphone 54 can be used to derive signal components as described in greater
detail above.

The details surrounding the data processing of the digital signal data may be
accomphished through a variety of data processing techniques as is well known by those
skilled in-the art and any data processing methodology is contemplated as falling within the

scope of the present invention. Although many different data processing methodologies
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may be employed, an example methodology is disclosed below in conjunction with the
foltowing method and system.

Turning to FIG. 10, a system 270 and method are depicted. One or more sensors 12
sense changes in the ear(s) 100 of the user and, if desired, external to the ears(s) 100 of the
user. The analog signal(s) from the sensor(s) is provided via a data acquisition card, analog
to digital converter, and buffer 16/17 to the processor 18. The signal received from the
sensors is substantially contimuous at least over respective time periods while the initiating
action is being performed; and, therefore, the buffer 17 is able to store sufficient portions of
the signat for analysis by the processor 18.

In one embodiment, the processor 18 can include a band pass filter 272, power
spectrum filter 274, signal detector 276, signal comparator 278, feature extraction portion
280, and neural network 282. The system 270 also inciudes an output 284 which may be
coupled to a desired output peripheral 20.

Summarizing operation of the overall system 270, the sensor 12 and data
acquisition, A/D, and buffer 16/17 supply a signal to the band pass filter 272. An example
of a raw data or raw signal supplied to the band pass filter 272 is illustrated at 286 in the
graph of FIG. 11. The raw signal is presented to the band pass filter and is operated on by
the band pass fiiter in the frequency domain using fast Fourier transform techniques. The
fast Fousier transform transforms the digital signal te the frequency domain. In the band
pass filter frequencies that are above or below the frequency range representing initiating
action, for example, are removed from the signal. The frequencies which are above and
below the frequency range of interest typically are due to noise. An example of the signal
after being filtered by band pass filtration is illustrated at 288 in the graph of FIG. 12.
Various band pass filters may be used to provide the band pass filtration to strip from the
signal frequencies above and below the desired frequency range.

Portions of the signal represented at 288, such as portions 288a and 288b may not
be representative of initiating action, e.g., since they are relatively low power and,
therefore, still may be noise. Therefore, the power spectrum filter 274 docs a further
filtration according to power of the various portions of the signal to determine portions
which are due to initiating action and, accordingly, should be considered for further
analysis. The power filtration may be carried out by slicing the signal of FIG. 12 to
multiple windows or segments, such as those represented at 290a, 290b, ... 290i in FIG, 13.
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[t will be appreciated that the graph of FIGS. 12 and 13 are of different scales. Thus, the
windows 290a-290i slice a time frame between times ¢, and t,, which is the same time
frame between times ta and tb illustrated for the signal portion 288c in FIG. 12.

Power filtration suppresses or eliminates those frequencies where the power of the
signal does not exceed a prescribed threshold or value and, thus, likely represent noise. By
eliminating those noise components the signal representing the initiating action can be
found. To perform the power filtration, for example, a power specirum for the signal is
calculated using the following formula:

P=Mag? + Phase/ Eq.2
where f=F,...F;, and [Fy; F;] represent the frequency range in which the signat
resulting from tongue action is expected.

In words, the power is a function of the magnitude squared plus the phase squared.
The power as calculated above for respective windows 290a, 290b...290i is reconstrucied to
make a graph 292 shown in FIG. 14. The graph 292 shows values 292a, 292b...292i from
the mentioned computation. The curve 292 is relatively smooth and it represents power
spectrum where a signal caused by initiating action may be found in the graph 288 of FIG.
12. Usually the signal caused by initiating action is of relatively high power and occurs in
time approximately at the middle of the graph 292, e.g., over the time frame T shows in
FIG. 13. Ht is the time at which this time frame occars and the duration of it that detests the
signal or locates when in time the signal 288 represents the initiating action. Therefore, the
signal detector component 276 of the system 270.in effect is the combination of the graphs
of FIGS. 12 and 13 and the analysis just described to provide the signal detection function.

“The time frame T also is shown in the graph of FIG. 12 and, thus designates that portion

288d (in the illustrated blocked window 288e) of the signal 288¢ which is to he considered
produced by the initiating action.

As an alternative 10, or in addition te, the filiration and detection operations of the
power spectrum filter 274, the signal detector 276 and the feature extraction 278, the signal
comparator 278 can carry out method 200" to produce a signal indicative of the initiating
action, or signal portion 2884. The signal portion 2884 or at least a feature of that signal
then may be supplied to the neural network 282, Using feature extraction ponciples a
feature of the signal portion 288d is supplied to the neural nctwork. In the neural network

282 the feature is compared with other features on which the neural network has been
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trained. Training of neural networks is a well known procedure. The neural network can
determinc whether an input feature, such as that representative of the signal portion 2884, is
an acceptable match or correlates acceptably to the training of the neural network; and, if
affimmative, then the neural network causes production of the output 284. The output 284
may be an electrical signal which is analogous to the type of signal produced by a ¢computer
mouse, joystick or other device. Thus, in one example, a tongue action whereby the tongue
of the user is moved from the front bottom left of the mouth to the back top right of the
mouth may cause the production of an output signal analogous to a movement of a mouse
from the lower left to the upper right of a mouse pad.

The feature which is extracted from the signal 288, for example, may be features
which designate some characteristic or feature which differentiates the curve representing
the signal from other things. Various features are used in feature extraction methods, which
are well known. In the present invention an exemplary feature is the smoothed power
spectrum of the signal portion 288d. Other features may be the logarithm of the power
spectrum, the power spectrum itself, ctc. '

The neural network 282 may be a conventional neural network trained in a typical
fashion. The neural network 282 can compare the feature of the signal portion 2884 with
its training and can determinc whether the feature is more like one trained feature or
another trained feature. If the input feature of signal portion 2884 is suffieiently fike ene
trained feature, then the neural network causes production of an appropriate signal at the
output, as was described above, for example. If the input feature is not sufficiently like any
of the trained features or is relatively similar to two or more trained features, then the neural
network wili not cause the output to produce an output signal, for the uncertainty may
otherwise cause production of an undesirable output signal.

As was described above, If two sensors 12 are used, then the system 270 may
operate sequentially an each signal from respective sensors 12 or may include parallel
processing capability so that the signals from both sensors can be processed substantially
simultaneously. The output 284 may reflect the results of signal analysis of the signals
originating from both sensors and may-be used to provide an output signal at the output 284
that reflects in effect three dimensional data.

Another embodiment of the present invention is directed to a communication

system, including a communications device and an ear microphone, or earset, assembly.
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The communications system allows a user to speak with a remotely located person. The ear
microphorne assembly, also referred to herein as an earset, includes a microphone and a
speaker supported by a housing. The housing is retained by the ear of the user and aflows
for hands free use of the communication system while carrying on a conversation with the
remotely located person. The microphone is directed towards the ear canal of the user and
detects sounds cmanating or coming out of the ear (or air pressure changes ocoumring within
the ear) to accurately and reliably detect the speech of the user. The position of the
microphone may also help 1o reduce detection of extemally generated sounds. The ear
microphone assembly allows for separation of a speech input device for a cellular, or
wireless, telephone from an RF transceiver of the telephone.

Additionally, the earset assernbly of the present invention allaws a user to speak
more quietly {e.g., such as at a whisper or near whisper) than with conventional headsets. - -

This ailows for more private conversations and less disruption to ethers. There is also a

‘body of evidence indicating that the softer one speaks, the less concentration is needed to

maintain the conversation, thereby allowing the individual at least to partially engage in
other activities while speaking.

The earset of the present invention does not rely on directionality of the microphone
or a detection of sound that has emanated from the user's mouth. Therefore, the need to
repeatedly adjust the position of the carset that wonld otherwise distract the user and
require the use of the user's hands. Also, the size and arrangement of the earset is small,
resulting in a more cosmetically appealing device. Such a device can be used
unobtrusively. For example, the device would not be noticed as much by others when used
in public, or by a person being observed by others, such as, for example, a television news
anchor or a secret service agent.

As aresult, the sensor can be used to detect a person’s speech. It is also noted that
the term speech is used'in its broadest sense and includes spoken words and utterances, as
well as other vocalizations produced by the user, including, for example, grunts, whisties,
singing, coughs, “clicking" sounds made by movement of the lips or tongue, and the like.
To facilitate the description herein, the event of sensing or detecting by the microphone will
be referred to as detecting and that which is detected will be referred 1o as a change within

the ear, or simply an air pressure change. The present invention monitors changes within
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the human ear which occur instantaneously, or nearly instantaneously, in response to the
speech of the person to provide a substantially real-time speech detection system.

Tuming now to the figures, FIG. 15 is a block diagram which illustrates 2
communications system 32" for establishing duplexed (two-way) audio communication
between iwo or more individuals. The communications system 32" includes a
communications network 37, or backbone network. The communications network 37
establishes communication links with at least one communication device 36, thereby
enabling a user of the communication device 36' to carry on a conversation with a remotely
located person using a remotely located telephone 31 as is known in the art. In the
itlustrated embodiment, the communication device 36’ and the remote telephone 31 are
wircless telephones, such as cellular telephones. However, one skilled in the art will
appreciate that the communication device 36' and/or the rcmote telephone 31 can be other
types of devices, including hardwired (land line) telephones, radios, personal digital
assistants (PDAs), portable or stationary computers, cic. The communications network 37
can also be alternative type of network, such as the Internet, a WAN, or a LAN.

Theé communications system 32' includes an ear microphone assembly, or earset 12,
having 2 microphone 34' and a speaker 38' supported by a housing 150' (FIG. 16). The
physical arrangement of the earset 12' will be described in more detail below. The
micraphene 34" is used to deteot sounds emanating or coming from the ear {sometimes
referred to as air pressure changes within the ear) of the user that result from speech of the
user. The microphone 34' converts those detections into an electrical signal. The electrical
signal is optionally amplified by an amplifier 24'. Next, the amplified electrical signal jis
received by the communication device 36' via an appropriate interface adapter 26'. The
interface adapter 26" can be, for example, a jack or other electrical connector received by a
corresponding receptacle of the communication device 36'.

The interior portion 154' of the housing 150" has a recess 156" in which the
microphone 34'is placed. Preferably, the air adjacent the ear drum 112 and/or the air in the .
ear canal 110 will be in fluid communication with the air adjacent the microphone 34", In
this way, sounds or air pressure changes generated within the ear 100 will be transmitted
directly to the microphone 34' through an air medium. Other sounds conducted by the
bones and tissue of the user may be transmitted to the microphone 34' mechanically via the

housing 150". In one embodiment, the microphone 34' is held in place with an adhesive.
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The microphone 34' in one embodiment is less than two mnt in size. In an alternative
embodiment, the microphone 34' is disposed within a hollow cavity defined by the bousing
150" and an opening in 2 wall of the housing 150" defining the cavity is provided to
establish fluid communication of the air inside the cavity and the air inside the ear canal
1190,

The interior portion 154' of the housing 150" has a second recess 157 in which the
speaker 38' is placed. Preferably, the speaker 38' broadcasts sounds corresponding to the
speech of the remotely located person using the remote telephane 31 and received by the
communication device 36". The sounds are a reproduction of the remotely focated person's
speech and are made audible to the user by the speaker 38

The microphone 34’ is electrically coupled to the amplifier 24" with a conductor
158" The speaker 38' is also electrically coupled to the amplifier 24' with a conductor.160".
The amplifier 24' is electrically coupled to the interface adapter 26 (FIG. 15) with a
conductor 162'. More specifically, the conductor 162' carries the amplified signals from the
microphone 34’ to the interface adapter 26" and carries signals to be converted into sound
from the interface adapter 26' to the speaker. As one skilled in the art will appreciate, the
amplifier 24' can be omitted or by-passed and the microphone 34' and/or speaker 38' can be
coupled directly to the interface adapter 26' by way of a conductor or conductors.

The speaker 38' is used to transmiit (i.e., broadeast) sounds to the user. These
sounds include sounds generated in response to signals received by the communication
device 36' over the communications network 37. In this way, the earset 12' and
communication device 36' can be used as a bi-directional communication apparatus.-

It one embodiment, the earsct 12" is coupled to the comrmunication device using
three conductors. A first of the conductors is used as a-common ground, A second of the -

conductors carries electrical signals to the speaker 38' to be converted into sound waves.

‘ "The third of the conductors carries electrical signals representing detected sounds from the

micropheone 34' to the communication device 36' for transmission to the communications
network 37. The third conductor also carries power for the microphone 34* and ampilifier
24'. In this embodiment, the interface adapter 26' can be implemented with a 2.5 mm jack
as is known in the art.

It has been shown that the use of one earset 12* with the microphone 34' in one of

the ears 100 of an individual can be used to detect speech such that the resulting
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transmission by the communication device 36" allows the remotely located person using the -

remote telephone 31 to hear the speech of the user. However, empirical testing has shown
that by using two such carsets, one in each of the cars of an individual, the performance of
system 32' is impraved due to the detection of more information.

A block diagram of an ear microphonc assembly, and particularly the amplifier 24",
is illustrated in FIG. 17. Since the microphone 34" is placed in close proximity fo the
speaker 38", the microphone 34' will tend to detect sounds generated by the speaker 38",
These detections are in addition to detections of the user's speech. The sounds that have
been generated by the speaker 38" and detected by the microphone 34" will be referred to
herein as feedback and is represented in FIG. 17 by arrow 51. In one embodiment, the
sensitivity of the earset 12" is tuned to minimize detection of sounds from the speaker 38
and/or to minimize the delivery of a feedback component to the communication device 36,
For example, a potentiometer can be used to adjust the gain of the amplifier 24' a5 desired.
Physical separation of the speaker 38" and the microphone 34’ to reduce the detection of
feedback is also possible.

In the illustrated embodiment, the amplifier 24' is configured to cancel at feast
some, if not all, of the feedback component of the electrical signal generated by the
mictophone 34", In this embodiment, the speaker 38' and the microphone 34’ are placed in
close physical proximity so that the feedback detected by the micxophone 34' closely
resembles the sound produced by the spcaker 38'. FIG. 17 illustrates an exemplary

amptlifier circuit 24' for canceling at least a portion of the feedback component. As one

‘skilled in the art will appreciate, a variety of altemative analog or digital circuits can be

used, each falling within the scope of the present invention.

The 1llustrated amplifier circuit 24' receives a electrical signal output from the
microphone 34", referred to herein a microphone signal. The microphone signat is filtered
by a filter 53. The filter 53 can be, for example, a filter to remove low frequency
components of the microphone signal (e.g., frequencies below about 400 Hz). The filtered
microphone signal is then amplified by a amplifier 55, such as a low power, non-inverting
operational amplifier. The gain of the amplifier 55 is selected to condition the microphone
signal to a voltage level meeting the input requirements of the communication device 36",

As indieated, the speaker 38’ is coupled fo the communication device 36' to receive

an electrical signal for conversion into sound to be broadcast to the user of the earset 12",
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This signal will be referred to herein as a speaker signal. The speaker signal is also filtered
by a filter 58. The filter 58 can be, for example, a filter to remove low frequency
components of the speaker signal (e.g., {requencies below about 400 Hz). The filtered
speaker signal is then amplified by an amplifier 60. The amplifier 60 can be, for example, a
low power, inverting operational amplificr. The gain of the amptifier 60 is selecied o
condition the speaker signal to have an amplitude equal to, or approximately equal to, the
amplified feedback component of the microphone signal.

The amplified microphone signal and the amplified speaker signal are then
combined 5o as to cancel the feedback component of the microphone signat and generate a
corrected microphone signal. It is noted that the polarity or phase of the amplified
microphone signal and/or the amplified speaker signal may be adjusted to correctly
combine the signals. The combination of the signals can be carried out by an adder 56. -As
one skilled in the art will appreciate, in an analog system, the signals can be combined by
simply wiring the signals together. In one example, the conductors carrying the signals are
directly connected together. Alternatively, analog or digital circuitry or processing can be
used to carry out the combining function of the adder 56.

It is noted that the speaker signal can be delayed by a delay element if needed {o
compensate for any propagation delay of the feedback 51. An output of the adder 56 is
coupled to a filter 62 for further conditioning of the corrected microphone signal, such as
removing high frequency components of the corrected microphone signal (e.g. frequencies
above about 4 KHz for the communication system described herein).

Many alternatives to the illustrated amplifier circuit 24° are confemplated and each
are considered to fall within the scope of the present invention.

As another example, the high and low frequency filters can be replaced by a band
pass filter. In another example modification, the speaker signal can be amplified and/or. .
filtered before being applied to the speaker.

In yet another example modification, the analog microphone and speaker signals
can be converted to digital signals and processed using digital signal processing techniques
fo derive a microphone signal with no, or very litile, feedback component.

Processing of the microphone signal by the communication device 36' for

transmission is well known in the art and will not be described in greater detail.
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With additional reference to FIG. 18, in another embodiment of the present
invention, the earset 12’ can include an exiernal microphone 54' in addition to the
microphone 34 directed toward the ear canal of the user (also referred to herein as an
internal microphone 34"). The external microphone 54’ detects air pressure changes, or
sounds, originating outside the user's car. As described below in more detail, these sounds
are converted into electrical signals and compared with electrical signals corresponding to
the sounds detected by the internal microphone 34'. The respective signals can be
processed o discern air pressure changes within the ear from externally produced noise,
speech and the like.

The external microphone 54' is disposed on a exterior portion 72' of the housing
150" and is pointed away from the wearer of the earset 12° assembly. The external
microphone 54' can be secured to the housing 150" with adhesive and can be disposed in a
recess defined by the exterior portion 72'. Similar to the internal microphone 34", the
external microphone 54' is small {e.g., less than two mm in size).

The position of the external microphone 54' allows the external microphone 54' to.
detect air pressure changes present near the wearer's ear but having a source external to the
user of the earset 12°. In one embodiment, the external microphone 54' is an
omnidirectional microphone.

FIG. 18 is a block diagram that illustrates a system 32" for detecting spaech of the
user. The system 32" includes the earset 12" having the internal microphone 34', the
speaker 38 and amplifier 242" as described in greater deiail above. In addition, the earset
I12' of the system 32" has the external microphone 54'. As one skilled in the art will
appreciate, the use of the external microphone 54 is optional. The external microphone 54
is disposed on the housing 150 (FIG. 16) and generally points away from the person
wearing the earset 12'. As a result, the external microphone 54' detects air pressure changes.
located outside the ear. These air pressure changes are mainly the resuli of exierally
generated noise (other people's speech, environmental noise, etc.} and, in part, to the speech
of the person wearing the earset 12, when the specch travels from the mouth of the user and
through the air to the external microphone 54'.

The external microphone 54 generates an electrical si gnal corresponding to the
sounds detected by the external microphone 54'. The external microphone 54* is electrically

coupled to the communication device 36' using a separate and distinct input, or channel,
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than is used for the internal microphone 34'. The signal generated by the external
microphone can be amplified by an amplifier 24b' and coupled fo the communication
device 36' with an interface adapler 26b'. The communication device 36' correlates the iwo
signals produced by the microphones 34', 54 as described below. Alternatively, the
internal microphone 34' and the external microphone 54° arc respectively connected o the
left and right channel inputs of a processing circuit that correlates the signals as discussed
below.

The unique signals generated by the internal and external microphone 34', 54° cap be
used to distinguish between user produced specch and externally produced sounds. I
alternative configurations of the system 32", the system 32" can be adapted to cancel
extemnally generated noise from the detections of the internal microphone 34",

When the user speaks both the internal microphone 34' and the external microphone
54" detects the speech. Sounds generated by a source other than the user {c.g., another
person speaking, a passing vehicle, machinery, the hum of an air conditioner or computer,
ete.) will be referred to herein as noise. Both the external microphone 54* and the internal
microphone 34" detect the noise. Accordingly, the communication device 36' (ar other
processing circuit) can be programmed to isolate the user's speech by identifying (i.e.,
separating) the speech cornponent and the noise component, As a resuit, a relatively noise-
free speech signal can be produced which can be transmitted to the communication retwork
37 (FIG. 15) by the communication device 36". One skilled in the art will appreciate that
the earset 12' can be used with other systems (e.g., the systems 10, 22, 32, 40 and 52
described above) to assist in separating an initiating action component and a noise
component in the manner described herein for the system 32" (e.g., by using the method
300 described below),

In one embodiment, signal separation can be made by solving equations 1 and 2, -
identified below, for a sound component signal ("S") and a noise component signal ("N").
An impulse response of the internal microphone (Fyg) and an impulse response of the
external microphone (Fy) reflect the sensitivity of the microphones, the frequency
response of the microphones, resonaling characteristics of the ear and housing, etc. Y,
represents the overall signal produced by the intenal microphone and Y, represents the

overall signal produced by the extemal microphone. Assuming that the entire syster is
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linear (the system features are additive and homogeneous), the system can be represented

by equations 3 and 4 as follows (the asterisk, or *+" , represents a convolution operator);
Fy *S+Fy *N=Y, Eq.3
Fug *S+Fye * N=Y, Eg. 4

By using the output signals Y, and Y and the known impulse responses Fyy and
Fyue, the two equations can be solved in real time for the two unknown signals S and .

A method 300 for detecting speech using the system 32" is illustrated in FIG. 9.
The method 300 includes the detection of changes in air pressure with bath the intermal
microphone 34' and the external microphone 54'. More specificatly, in step 302, changes in
air pressure within the ear 100 are detected by the internal microphone 34'. These
detections can be the result of the user speaking, but can also include a noise component
generated external lo the person wearing the earset 12' and/or 2 sound component generated
by speech of the user and traveling from the user's mouth, through the air and to the user’s
ear 100 area. Also in step 302, changes in air pressure near, but outside, the ear 100 of the
user are detected by the external microphone 54'. These detections are mainly the result of
noise generated external to the user and/or a sound component generated by speech of the
user and traveling from the user's mouth, through the air and to the user’s ear 100 area. The
detections are converted by the microphones 34" and 54' into respective electrical signals,
berein referred to as an intermal signal and an external signal. The intemnal signal can be
processed to reduce any detected feedback from the speaker 38 as discussed in more detail
above.

Next, in step 304, the speech and noise components are separated as described
above. The resulting speech signal from step 304 is used in step 306 to provide the signal
transmitted by the communication device 36"

The diagrams described herein show the architecture, functionality and operation of
various systems for detecting changes within a human ear and producing an output signal or
control instruction corresponding to an initiating action. Each functional block may
represent a module, segment, or portion of sofiware code that contains one or more
executable instructions to implement the specified logical function(s).

Although the block diagrams and flowcharts show a specific order of exccution, it is
understoed that the order of execution may differ from that depicted. For example, the

order of execution of two or more blocks may be altered relative to the order shown. Also,
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two or more blocks shown in succession may be executed concurrently or with partial
concurrenice. In addition, various blocks may be omitted. It is understood that ajl such
variations are within the scope of the present invention.

Although the invention has been shown and described with respect to a certain
preferred embodiment or embodiments, it is obvious that equivalent alterations and
modifications will occur to others skilled in the art upon the reading and understanding of
this specification and the annexed drawings. In particular regard to the various functions
performed by the above described components (assemblies, devices, eircuits, etc.), the
terms {including a reference to a “means™) used to describe such components are intended

to correspond, unless otherwise indicated, to any component which performs the specified

. function of the described component (i.e., that is functionally equivalent), even though not

structurally equivalent to the disclosed structure which performs the function in the herein

- illustrated exemplary embodiments of the invention. In addition, while a particular feature

of the invention may have been disclosed with respect to only one of several embodiments,
such feature may be combined with one or more other features of the other emboditents as
may be desired and advantageous for any given or particular application.

The foregoing embodiments are itlustrative only of the principles of the
invention, and various modifications and changes will rcadily occur to those skilled in
the ast. The invention is capable of being practiced and carried out in various ways and
in other embodiments. Tt is also to be understood that the terminology employed herein

is for the purpose of description and should not be regarded as limiting.

The term “comprise” and variants of the term such as “comprises” or
“comprising” are used herein to denote the inclusion of a stated integer or stated integers
but not to exclude any other integer or any other integers, unless in the context or usage

an exclusive interpretation of the term is required.

Any reference to publications cited in this specification is not an admission that

the disclosures constitute common general knowledge in Australia,
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THE CLAIMS DEFINING THE INVENTION ARE AS FOLLOWS:

1. An earset comprising:
a housing positionable with respect to an ear of a person;
a microphone disposed with respect to the housing for insertion into the ear of
a person, the microphone operable to detect a change in air pressure within the ear
while the person speaks and to produce an electrical microphone signal corresponding
to the internally detected change in air pressure;
a speaker disposed with respect to the housing and operable to produce a
sound corresponding to an electrical speaker signal input to the speaker; and
a circuit coupled to receive the microphone signal produced by the
microphone and the electrical speaker signal as input to the speaker, and operable to
produce a corrected microphone signal having a reduced feedback component of the
microphone signal, the feedback component resulting from the detection by the
microphone of the sound produced by the speaker wherein the circuit includes:
an amplifier for amplifying the microphone signal produced by
the microphone;
an amplifier for amplifying the electrical speaker signal
received by the circuit and outputting an electrical feedback indication
signal; and
a combining means for combining the amplified microphone
signal and the feedback indication signal to produce the corrected

microphone signal.

2. The earset according to claim 1, wherein the combining means is a

signal adder.

3. The earset according to claim 1, wherein the microphone is disposed

for placement in a concha of the ear.

4. The earset according to claim 1, wherein the speaker is disposed for

placement in a concha of the car.
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5. The earset according to claim 1, wherein the microphene is disposed

for placement in an ear canal of the ear.

6. The earset according to claim 1, wherein the speaker is disposed for

placement in an ear canal of the ear.

7. In combination, a communications system including the earset
according to claim 1, and further comprising a communication device coupled to
receive the corrected microphone signal and transmit an output corresponding to the
corrected microphone signal to a remote loeation, and the communication device
adapted to receive a signal from which the speaker signal is produced by the

communication device.

8. The earset according to claim 1, further comprising a second
microphone disposed with respect o the housing and located adjacent the ear and
operable to detect a change in air pressure external to the ear of the person and to
produce an electrical signal corresponding to the externally detected change in air

pressure,

9. The earset according to claim 8, wherein a processing circuit executes
logic to compare a signal strength difference between the electrical signal
corresponding to the internally detected change in air pressure and the electrical signal
corresponding to the externally detected change in air pressure to distinguish
detections of air pressure changes produced by the person’s gpeech from air pressure

changes produced by a source external to the person.

10. A method of detecting speech of a person, comprising the steps of:

placing a microphone at least partially within an ear of the person;

detecting a change in air pressure within the ear of the person using the
microphone, the change in air pressure corresponding to the speech of the person;

producing an elecirical microphone signal corresponding to the internally
detected change in air pressure;

placing a speaker with respect to the ear of the person;
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generating a sound with the speaker corresponding to an electrical speaker
signal input ta the speaker; and
generating a corrected microphone signal by reducing a feedback component
of the microphone signal, the fecdback component resulting from the detection by the
microphone of the sound generated by the speaker and wherein reducing the feedback
inctudes:
amplifying the microphone signal produced by the microphone;
amplifying the electrical speaker signal to generate an electrical
feedback indication signal; and
combining the amplified microphone signal and the feedback

indication signal to produce the corrected microphone signal.

11. The method according to claim 10, wherein the microphone is placed

in a concha of the ear.

12. The method according to claim 10, wherein the speaker is placed ina

concha of the ear.

13. The method according to claim 10, wherein the microphone is placed

in an ear canal of the ear.

14. The method according to claim 10, wherein the speaker is placed ip an

ear canal of the ear.

15. The method according to claim 10, further comprising the steps of:

coupling the corrected microphone signal to a communication device;

transmitting an output corresponding to the corrected microphone signal by
the communication device;

receiving a signal from which the speaker signal is produced by the
communication device; and

outputting the speaker signal by the communication device.

16.  The method according to claim 10, further comprising the steps of

detecting an air pressure change adjacent and external to the ear of the person with a
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second microphone and producing an electrical signal corresponding to the externally

detected change in air pressure.

17. The method according to claim 16, further comprising the step of
comparing a signal strength difference between the electrical signal corresponding to
the internally detected change in air pressure and the etectricat signal corresponding to
the externally detected change in air pressure to distingnish detections of air pressure
changes produced by the speech from air pressure changes produced by a sousce

external to the person.

Dated this second day of February 2006
Think-A-Move, Ltd,
By their Patent Attorneys
CULLEN & CO.
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(54) Wireless audio signal receiver device for a hearing instrument

(57)  The invention relates to a receiver device (10)
for receiving audio signals from a remote source (12),
comprising: a magnetic loop antenna (20) for receiving
radio frequency signals carrying audio signals, a signal
processing unit (21) for reproducing audio signals from
the radio frequency signals received by the antenna, an
output interface (24) which is capable of being mechan-
ically connected to an input interface (26) of a hearing
instrument (16) to be worn at a user’s ear in order to
supply the audio signals from the signal processing unit
as input to the hearing instrument, and a housing (18,
64) enclosingthe antenna and the signal processing unit,
whereinthe antennais designedas aprinted board circuit
with a loop-like conductor (56) on an at least partially
flexible insolating substrate (55) and comprises a first
portion (58) defining a first plane and a second portion
(60) defining a second plane, wherein the first plane and
the second plane are criented at an angle of 60 to 120
degrees relative to each other.

g5 0 7

Printed by Jouve, 75001 PARIS (FR)

Exhibit 1009
Page 1892 of 2198



1 EP 1 681 903 A2 2

Description

[0001] The present invention relates to a wireless re-
ceiver device for wirelessly receiving audio signals from
a remote source, which is capable of supplying such au-
dio signal to a hearing instrument. The invention also
relates to a hearing instrument which is capable of wire-
lessly receiving audio signals from a remote source.
[0002] Itis well-knownto use a receiver device (usually
an FM (frequency modulation) receiver) for receiving au-
dio signals from a remote source, for example a remote
microphone, via a wireless link (usually an FM link) in
order to provide such audio signals as input signals to a
hearing instrument worn at a user’s ear. To this end the
receiver device has an output interface which is capable
of being mechanically connected to an input interface of
the hearing instrument via a so-called "audio shoe". The
audio shoe is mechanically connected to the input inter-
face of the hearing aid and comprises typically a stand-
ardized 3-pin socket for receiving three mating pins of
the output interface of the receiver device, which pins
typically are arranged in a line. However, the orientation
of the three pins in the audio shoe with respect to the
hearing instrument, i.e. with respect to the user’s head,
is not standardized and therefore variesfromtypeto type.
Moreover, the sensitivity of the antenna of the receiver
device depends on the relative orientation to the users
head, with the optimum orientation of the antenna being
given if the loop surface is perpendicular to the direction
of the user’s nose. If the receiver device is turned by 90°,
the loss in sensitivity is typically of the order of 6 dB.
[0003] A presently used solution to this problem is to
provide for a mechanical construction which allows to
orient the receiver device in the optimum direction for all
types of hearing instruments, wherein the connector, i.e.
the mechanical components of the output interface of the
receiver unit (i.e. the three pins), is rotatable with respect
to the housing of the receiver device, so that prior to plug-
ging the receiver unit into the audio shoe the connector
can be rotated in an appropriate manner so as to adapt
the orientation of the receiver device to the specific type
ofaudioshoe/hearing instrument. Such receiver devices
are sold, for example, by Phonak Communications AG,
Murten, Switzerland, under the product designation MLx
S.

[0004] A drawback of this solution is that a rotatable
connector results in larger dimensions of the receiver de-
vice, given by the space required to design and imple-
ment a reliable and stable mechanical solution for the
connector rotation. In addition, the electrical connections
between the connector and the electronic module of the
receiver device need to be flexible in order to allow the
rotation of the connector with respect to the electronic
module, which results in additional complexity, e.g. sol-
dered wires, and again larger geometrical dimensions.
A further drawback is the need to instruct the user re-
garding how to manipulate the receiver device, i.e. how
to rotate the connector, on all sorts and types of combi-
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nations of hearing instruments and audio shoes.

[0005] EP 1531 649 A2 describes a wireless hearing
aid system with a magnetic loop antenna on a flex print,
wherein at least a portion of the matching network is af-
fixed to the flexible dielectric substrate carrying the an-
tenna. The antenna may be attached to the inner or outer
surface of the shell of the hearing aid, with the shape of
the loop antenna being matched to the irregular shape
of the hearing aid shell.

[0006] DE 102004017 832 B3 relatesto a hearing aid
having a housing into which an antenna is integrated as
an electrically conducting layerin order to reduce the size
of the hearing aid. The antenna may be L-shaped as a
metal layer applied to the hearing aid housing, the an-
tenna may be applied as a pre-shaped foil element onto
the hearing aid housing, the antenna may be produced
by structuring a metal layer of the hearing aid housing or
the antenna may be fabricated as a conducting plastics
layer during injection moulding of the hearing aid hous-
ing.

[0007] EP 1 376 760 A2 relates to a folded dipole an-
tenna for transmitting and receiving radio signals in all
types of telecommunication systems, in particular for use
in base stations of mobile telephone networks. The an-
tenna consists of three portions, namely a central portion
fixed to a ground plate, a left portion and a right portion
which are angled by 45° to the central portion in such a
manner that they form an angle of 90° relative to each
other.

[0008] EP 1 594 187 A1 relates to a folded laminar
antenna which is designed as a slot-loop antenna with a
loop-like slot between conducting portions. The antenna
consists of three portions, namely a central portion, a
right portion and a left portion, with the right and left por-
tions being folded by about 180° onto the central portion.
The antenna comprises a layer of electrically conductive
material which is provided on a dielectric substrate layer.
The antenna may be used in portable wireless devices
such as mobile telephones and personal digital assist-
ants.

[0009] DE 10 2004 016 573 B3 relates to a binaural
In-the-ear (ITE) hearing aid system wherein each of the
two hearing aids has an antenna for wireless communi-
cation withthe other hearing aid and wherein the antenna
is oriented at a certain angle with respect to the housing
in orderto ensure thatthe two antennas are aligned when
the hearing aids are worn by the user.

[0010] It is afirst object of the invention to provide for
a receiver device for being used with a hearing instru-
ment, wherein the dependence of the sensitivity of the
receiver device on the specific type of the hearing instru-
ment should be relatively low while nevertheless the re-
ceiver device should be mechanically relatively simple.
[0011] Itis a second object of the invention to provide
for a receiver device for being used with a hearing instru-
ment, wherein particularly simple manufacturing of the
receiver device should be enabled.

[0012] Itis athird object of the invention to provide for
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a hearing instrument capable of receiving audio signals
from a remote source, wherein the space required by the
antenna should be minimized.

[0013] According to the invention the first object is
solved by a receiver device as defined in claims 1, 4 and
13, respectively, whereas the second object is achieved
by a receiver device as defined in claim 22, and whereas
the third object is achieved by a hearing instrument as
defined in claims 11 and 12, respectively.

[0014] The solution accordingtoclaims 1 and4isben-
eficial in that, by using a magnetic loop antenna which
comprises a first portion defining a first plane and a sec-
ond portion defining a second plane, wherein the first
plane and the second plane are oriented at an angle of
60 to 120°, it is ensured that at least one portion of the
antenna is always oriented at least close to the optimum
direction, whatever the actual orientation of the receiver
device -depending on the type of hearing instrument to
which it is to be connected - on the user’s head will be.
In addition, in view of the fact that usually the housing of
such receiver device will have walls which are oriented
relative to each other at an angle of typically between 60
and 120° the geometry of the magnetic loop antenna can
be adapted to the geometry of the housing, whereby the
volume of the receiver device can be reduced. In partic-
ular, also the need for a rotatable connector is avoided.
Consequently, a more simple, smaller, more compact
and also more robust receiver device can be achieved.
[0015] The solution according to claims 11 and 12 is
beneficial in that, by providing a magnetic loop antenna
which comprises a first portion defining a first plane and
a second portion defining a second plane, wherein the
first plane and the second plane are oriented at an angle
of 60to 120°, arelatively small, compact and robust hear-
ing instrument can be achieved.

[0016] In a preferred embodiment of the solution ac-
cording to claim 1 the first portion of the antenna is ad-
jacent and aligned to a first wall of the housing and the
second portion of the antenna is adjacent to and aligned
to a second wall of the housing in order to achieve a
particularly compact design. Preferably the first and sec-
ond portion of the antenna are planar.

[0017] Preferably the first and second portion of the
antenna unit are connected by a bent portion of the an-
tennaunit, with the firstand second portion of the antenna
unit preferably comprising at least 80% of the area of the
antenna. Preferably the first and second portion of the
antenna have essentially the same area and are essen-
tially symmetrical with respect to each other.

[0018] Preferablythe angle between the firstplane and
the second plane is approximately 90°, for example from
80 to 100°.

[0019] Inthecaseinwhichtheantennaunitis designed
as a printed board circuit with a loop-like conductor layer
on a flexible insulating substrate, the device is preferably
manufactured by forming the loop-line conductor layer
on the flexible insulating substrate while the substrate is
ina planar condition, bending the first and second portion
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relative to each other such that the first plane and the
second plane become oriented at an angle of 60to 120°
and fixing the first and second portion in that orientation
to each other, and mounting the antenna unit and the
signal processing unit within the housing. Preferably the
antenna unit and the signal processing unit are electri-
cally connected prior to mounting the antenna unit and
the signal processing unit within the housing, with the
antenna unit and a preamplifier of the signal processing
unit being tuned prior to mounting the antenna unit and
the signal processing within the housing.

[0020] In the case in which the antenna unit is formed
by an angled portion of the housing, the device is pref-
erably manufactured by forming the housing with the in-
tegrated antenna unit and mounting the signal process-
ing unit within the housing. Preferably the antenna unit
is integrated into the housing by a moulded interconnect
device (MID) technique.

[0021] According to one embodiment, the housing is
shaped first and subsequently the antenna unit is inte-
grated into the housing by modifying the surface of the
housing. Preferably, the plastic material is capable of be-
ing made conductive by laser activation and the loop-like
conductor is created by laser activation of a surface por-
tion of the plastic material of the housing, followed by
electroplating of the laser-activated surface portion in or-
der to thicken the laser-activated surface portion.
[0022] According to an alternative embodiment the
loop-like conductor is created by metal deposition from
a metal evaporation source through a shadow mask onto
a surface portion of the plastic material of the housing.
[0023] According to a further alternative embodiment
the loop-like conductor is created by coating at least a
portion of the surface of the housing with a metal layer,
followed by selectively structuring the metal layer in order
to create a loop-like metal structure, wherein the metal
layer preferably is structured by selectively removing the
metal layer.

[0024] According to another alternative embodiment
the antennais integrated into the housing during shaping
of the housing, wherein the housing preferably is shaped
by injection mouldingin amouldingtool, whereinthe loop-
like conductor is inserted into the moulding tool and is
overmoulded in the moulding tool.

[0025] The solution according to claim 13 is beneficial
in that, by orienting the antenna plane or antenna direc-
tion, respectively, at an angle of 30 to 60 degrees, pref-
erably at 40 to 50 degrees, with respect to the central
symmetry plane of the output interface, it is ensured -
due to the fact that the orientation of the input interface
or the adapter interface (audio shoe) typically differs by
+90 degrees or =180 degrees from type to type of the
hearing instrument so that also the relative orientation of
the receiver device when connected to the hearing in-
strument would differ by 90 degrees or 180 degrees de-
pending on the type of hearing instrument - that the ori-
entation of the antenna to the user’s head anatomy, in
particular to the direction of the user’s nose, differs by
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significantly less than 90 degrees depending on the type
of hearing instrument so that the worst case in which the
antenna is oriented more or less parallel to the direction
of the user’'s nose can be avoided.

[0026] Usually said output interface comprises three
pins which are arranged in a line, with these pins defining
the central symmetry plane. The antenna may be a mag-
netic loop antenna, a ferrite coil antenna or an air coil
antenna.

[0027] The solution according to claim 22 is beneficial
in that, by forming a printed board circuit antenna and at
least a portion of the signal processing unit as an integral
electronic unit on a commeon printed circuit board com-
prising an at least partially flexible insolating substrate
which is capable of being partially folded for mounting
the printed circuit board into the housing, manufacturing
of the receiver device is made particularly simple, since
the antenna and at least a portion of the signal processing
unitcan be processed as an integral electronic unit, while,
duetothefoldability ofthe substrate, nevertheless acom-
pact design can be achieved.

[0028] In the following examples of the invention will
be illustrated by reference to the attached drawings,
wherein:
Fig. 1 is a block diagram of an embodiment of a re-
ceiver device according to the invention when
connected with a hearing instrument;

Fig. 2 is ablock diagram of an embodiment of a hear-
ing instrument according to the invention which
is capable of receiving audio signals from a re-
mote source;

Fig. 3  shows a flexprint assembly comprising an an-
tenna for use in a receiver device to be con-
nected to a hearing instrument or in a hearing
instrument, with the assembly being shown in
its original unfolded state;

Fig. 4  is a perspective view of the flexprint assembly
of Fig. 4 after having been folded for being
mounted in the housing of the receiver device
or the hearing instrument, respectively;

Fig. 5 is a view similar to that of Fig. 4, with another
embodiment of a folded flexprint assembly be-
ing shown;

Fig. 6 is an exploded view of a receiver device com-
prising the folded flexprint assembly of Fig. 5,
a housing and a plug member;

Fig. 7 is a side view of a hearing instrument with a
receiver device being connected thereto via an
audio shoe;

Fig. 8  shows an example of part of a housing of a re-
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ceiver device or hearinginstrument, with an an-
tenna being integrated within the walls;

Fig. 9 is a schematic view of a receiver device com-
prising a non-angled antenna and of a receiver
device comprising an angled antenna when
used with four different types of audio shoes.

[0029] Fig. 1 shows a block diagram of a receiver de-

vice 10 capable of wirelessly receiving audio signals from
a remote source 12, which is connected via an audio
shoe 14 to a hearing instrument 16 which may be a be-
hind-the-ear (BTE) hearing aid which is worn atthe user’s
ear. The remote audio signal source typically may be a
transmitter unit comprising a microphone which is worn
by ateacherin a classroomforteaching hearing-impaired
pupils.

[0030] The receiver device 10 comprises a housing
18, a magnetic loop-antenna 20 for receiving radio-fre-
quency signals carrying audio-signals from the remote
source 12 via aradio-frequency link 22, a signal process-
ing unit 21 for reproducing audio signals from the radio
frequency signals received by the antenna 20, and an
output interface 24 which is capable of being mechani-
cally connected to an input interface 26 of the hearing
instrument 16 via the audio shoe 14 which comprises an
input interface 25 mating with the output interface 24.
The signal processingunit21 comprises a high frequency
(HF) unit 29 connected to the antenna 20, a demodulator
30 for demodulating the frequency-modulated (FM) sig-
nal received by the antenna 20 and processed by the
HF-unit 29, and a pre-amplifier 32 for pre-amplifying the
demodulated audio signal prior to being passed to the
output interface 24. The HF-unit 29 usually comprises a
matching network for the antenna 20, an low-noise am-
plifier, an RF-amplifier, a frequency synthesiser and a
mixer in order to convert the HF-signal received by the
antenna 20 down an intermediate frequency. The archi-
tecture of the receiver device described so far is conven-
tional FM receiver architecture.

[0031] The hearing instrument 16 comprises at least
onemicrophone 34, asignal processing unit36, an output
transducer 38 (e.g. a loudspeaker) for stimulating the us-
er's hearing, and a housing 40 and a battery 42 which
typically also serves to power the receiver device via the
audio shoe 14. When being used with the receiver unit
10, the hearing instrument 16 usually will have two dif-
ferent modes of operation: a first mode in which only the
input audio signal received from the receiver device 10
is reproduced by the output transducer 38 (usually la-
belled "FM" mode) and a second mode in which a com-
bination of the signal of the microphone 34 and the input
signal provided by the receiver device 10 is reproduced
by the output transducer 38 (usually labelled "FM+M"
mode).

[0032] Fig.2isablockdiagram of a hearing instrument
50, for example, a BTE hearing aid, which is capable of
receiving audio signals form a remote source 12 via an
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FM link 22. To this end, a magnetic loop antenna unit 20
and a first signal processing unit 21 comprising a HF-unit
29, ademodulator 30 and apreamplifier 32 are integrated
within the housing 52 of the hearing instrument 50. The
system of Fig. 2 is functionally equivalent to the system
shown in Fig. 1 in that audio signals from the remote
source 12 can be provided to the user wearing the hear-
ing instrument via the output transducer 38, with the func-
tional components of the receiver device 10 of Fig 1 being
mechanically integrated within the hearinginstrument 50.
[0033] In Fig. 3 an example of an antenna 20 to be
used for the receiver device 10 of Fig. 1 or the hearing
instrument 50 of Fig. 2 is shown. The antenna 20 is part
of an assembly 54 comprising a printed circuit board 53
which comprises an insulating substrate 55 which is flex-
ible such that it is capable of being bent by at least 90°.
As an alternative, the insulating substrate 55 may com-
prise rigid portions which are connected by flexible por-
tions, i.e. in this case the substrate is only partially flex-
ible. The assembly 54 comprises a loop-like conductor
56 on the insulating substrate 55, which forms two turns
in order to form a magnetic loop antenna (however, also
one turn may be already sufficient or three turns may be
needed to achieve the optimum impedance). The area
surrounded by the conductor turns should be as large as
possible. The antenna 20 needs to have low resistance,
which may be achieved by metalizing all layers of the
print (or at least the uppemost layer and the lowermost
layer (for a single layer print)) and realizing a conductive
connection therebetween through an appropriate
number of metalized via holes.

[0034] In addition to the antenna 20 the assembly 54
includes other electronic components 57 (ICs and pas-
sive components) forming at least part, preferably all, of
the signal processing unit. In particular, the assembly will
include at least the components of the HF-unit 29. Some
of such electronic components 57 may be formed directly
on the substrate 55 as conductor layers while others may
be mounted as separate components on the substrate
55. The electronic components 57 formed directly on the
substrate 55 may be formed in the same processing step
as the antenna 20, whereas the separate components
willbe mounted thereafter. Thus the assembly 54 serves
as an integral electronic unit, i.e. as an electronic module.
[0035] In Fig. 3 the assembly 54 is shown in a planar
condition after manufacturing.

[0036] The antenna 20 comprises afirst portion 58 and
a second portion 60 which are connected by an interme-
diate portion 62 which allows the first and second portion
58, 60 to be folded with respect to each other so thatthey
form an angle of, e.g. 90°, with the intermediate portion
62 being bent. The intermediate portion 62 may be of the
same material as the first and second portion 58, 60 (if
these are made of sufficiently flexible material) or it may
be of a more flexible material of the substrate 55.
[0037] In addition, the assembly 54 comprises other
portions 59, 61 carrying electronic components 57, which
are foldable be about 90 degrees or 180 degrees relative

Exhibit 1009
Page 1896 of 2198

20

25

30

35

40

45

50

55

to a central portion 63 in order to minimize the space
required by the assembly 54.

[0038] Such folded configuration is shown in Fig. 4.
Usually the intermediate portion 62 will be relatively
small, for example, less than 20% of the area of the an-
tenna unit 20. Usually the first and second portion 58, 60
of the antenna will have essentially the same area and
preferably will be essentially symmetrical with respect to
each other. After the assembly has been brought - man-
ually or automatically - into the folded condition shown
in Fig. 4 it may be mounted within the housing 64 shown
schematically in Fig. 4 (the housing 64 may correspond
to the housing 18 of the receiver device 10 or the housing
52 of the hearing instrument 50). The assembly 54 will
be mounted in the housing 64 in such a manner that the
first portion 58 is adjacent to and aligned to a first wall
66 of the housing 64 and that the second portion 60 is
adjacentto and alignedto a second wall 68 of the housing
64, whereby a particularly compact design resulting in a
small volume can be achieved.

[0039] A further benefit consists in the fact that due to
the angled configuration of the antenna 20 it is ensured
that one half of the antenna is always directed into the
optimum orientation with respect to the user’'s head (an-
tenna plane usually perpendicular to the user's nose),
whatever the orientation of the pins/socket of the audio
shoe 14 relative to the housing 40 of the hearing instru-
ment 16 may be. Preferably the antenna 20 is electrically
connected to the respective signal processing unit 21
comprising the pre-amplifier 32 prior to mounting to the
antenna 20 and the signal processing unit 21 within the
housing 64, so that the antenna 20 with the HF-unit 29
and the pre-amplifier 32 can be trimmed prior to being
mounted in the housing 64 (i.e. the resonant radio fre-
quency circuits will be tuned in order to account for par-
asitic capacitances and inductances).

[0040] In Fig. 5 another example of a flexprint antenna
assembly 54 is shown in its folded state prior to being
mounted within the housing, which includes a switch 72
formanually switching between the operation modes FM
and FM+M of the hearing instrument 16 connected to
receiver device 10.

[0041] In Fig. 6the folded flexprint assembly 54 of Fig.
5 (however, the conductor loops 56 of the antenna 20
have been omitted in Fig. 6) is shown together with a
housing 64 and a plug member 74. The plug member 74
comprises three pins 76A, 76B, 76C which form the out-
put interface 24 of the receiver unit 10 and which are
arranged in a line so that they define a central symmetry
plane of the output interface 24 (however, the pins 76A
and 76C are of different diameters in order to ensure the
plug member 74 can be connected to the audio shoe 14
only in the correct orientation—and not in an orientation
rotated by 180 degrees with respect to the correct orien-
tation). The plugmember 74 also comprises a carrier unit
70 for receiving the folded assembly 54. For assembling
the receiver device 10 the folded assembly 54 with the
carrier unit is fixed at the carrier unit 70 of the plug mem-
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ber 74. The flexprint assembly 54 comprises contacts 75
which engage with the inner ends of the pins 76A, 76B,
76C upon when the assembly 54 is connected to the plug
member 74. Finally the folded assembly 54 fixed at the
plug member 74 is mounted within the housing 64. To
this end the plug member 74 is fixed to the housing 64
by two rods 77, with the plug member 74 forming the
cover plate of the housing 64.

[0042] In Fig. 7 an arrangement is shown in which a
receiver unit 10 comprising a housing 18 is connected
via an audio shoe 14 to a hearing instrument 16, with the
switch 72 projecting through the housing 18 for being
operated by the user.

[0043] Itistobe understood that, while the first portion
58 andthe second portion 60 ofthe antenna 20 are shown
in Figs. 4 and 5 as being planar, this need not be neces-
sarily so. In particular, if for design reasons the walls of
the housing in which the antenna 20 is to be mounted
have arounded shape, the firstportion 58 andthe second
portion 60 of the antenna 20 may have a correspondingly
rounded shape. In this case the angle between the first
and second portion of the antenna in the folded state may
be determined by the angle between the respective tan-
gential planes at the two opposite ends of the antenna
(for example, if the antenna is bentin an "arch-like" man-
ner in order to conform the shape of the antenna to a
cylindrically shaped housing wherein the tangential
planes at the two opposite ends of the bent antenna
would form an angle of 90°, then the actual folding angle
is 90°).

[0044] Fig. 8 shows an example of a housing 80 (only
partially illustrated in the drawing) to be used for the re-
ceiver device 10 or for the hearing instrument 50 which
capable of receiving audio signals from the remote
source 12, into which housing 80 a magnetic loop anten-
na 20 has been integrated. As in the previous embodi-
ments the antenna 20 comprises a loop-like conductor
56, with the conductor 56 being integrated into the walls
of the housing 80. In the example shown in Fig. 7 the
conductor 56 is integrated into a first wall portion 82 and
a second wall portion 84, which are arranged at an angle
of, for example, about 90° relative to each other. The
antenna 20 is formed in such a manner that one half of
the antennais integratedinto the firstwall portion 82 while
the second half of the antenna is integrated into the sec-
ond wall portion 84, so thatthe two halves of the antenna,
i.e. the first portion 58 of the antenna is oriented at an
angle of about 90° relative to the second portion 60 of
the antenna.

[0045] The conductor 56 may be formed, for example,
by one of the following methods within the housing 80
which is made of plastic material:

[0046] The housing is shaped first (for example, by in-
jection moulding) and subsequently the conductor 56 is
formed by modifying the surface of the housing 80. One
possibility to achieve this is to use a plastic material for
the housing 82 which is capable of being made conduc-
tive by laser activation, wherein the conductor 56 is cre-
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ated by laser activation of the respective surface portion
ofthe plastic material of the housing 80, followed by elec-
troplating of the laser activated surface portion in order
to thicken the laser activated surface portion. According
to an alternative process, the conductor 56 may be cre-
ated by metal deposition from ametal evaporation source
through a shadow mask onto a surface portion of the
plastic material of the housing 80. According to another
alternative process, the conductor 56 is created by coat-
ing at last a portion of the surface of the housing 80 with
ametal layer, followed by selectively structuring the metal
layer into the desired shape of the conductor 56, prefer-
ably by selectively removing the metal layer.

[0047] Ratherthan shaping the housing first and sub-
sequently integrating the antenna structure, the antenna
structure, i.e. the conductor 56, may be integrated into
the housing 80 during shaping of the housing. This can
be done, forexample, by shaping the housing by injection
moulding in a moulding tool, wherein the conductor is
inserted into the moulding tool and is overmoulded in the
moulding tool.

[0048] All of these techniques are known as moulded
interconnect device (MID) techniques.

[0049] Fig. 9 is a schematic view of a receiver device
10 comprising an angled antenna 20 and of a receiver
device 110 comprising a non-angled antenna 120, re-
spectively, when used with four different types of audio
shoes. In Fig. 9 the respective orientation of the antenna
20, 120 with respect to the direction 94 of the user's nose
96 is shown, with the direction 94 extending between the
ears 98 through the nose tip.

[0050] The receiverdevice 10 comprises an essential-
ly rectangular housing 18 with a plug member comprising
three pins 76A, 76B and 76C which are arranged in a
line, thereby defining a central symmetry plane 90 of the
output interface of the receiver device 10. The angled
antenna 20 is of the type shown in Figs. 4 and 5, i.e. it
comprises afirstportion 58 which isangled by 90° relative
to a second portion 60. In a first orientation labelled "A"
in Fig. 9 the receiver unit 10 is used with a hearing in-
strument having an audio shoe of a first type which is
oriented such that, when the receiver device 10 has been
connected to the audio shoe and the hearing instrument
is worn at the user's ear 98, the central plane 90 of the
outputinterface ofthe receiver device 10 is perpendicular
to the direction 94 of the user’s nose 96. In this configu-
ration, the first portion 58 of the antenna 20 likewise is
oriented perpendicular to the direction 94 of the user’s
nose 96 so that the first portion 58 has an optimum ori-
entation with respect to the user’s head anatomy, while
the second portion 60 has the least preferred orientation.
Intotal, the antenna 20 thus will have medium sensitivity.
[0051] In the configuration labelled "B" in Fig. 9 the
receiver device 10 is used with a different type of hearing
instrument/audio shoe so that, when the receiver device
10 hasbeen connected to the audio shoe and the hearing
instrumentis worn atthe user’s ear 98 the receiver device
10 has been rotated by 90° in the counter-clockwise di-
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rection compared to configuration A, so that the central
symmetry plane 90 of the output interface now is parallel
to the direction 94 of the user’s nose 96. In this case the
second portion 60 of the antenna 20 has the optimum
orientation with respect to the direction 94 of the users
nose 96 while the first portion 58 now has the least pre-
ferred orientation. Intotal, however, the antenna perform-
ance thus is the same as in configuration A.

[0052] Intheconfigurationlabelled"C"thetype of hear-
inginstrument/audio shoe is such that the receiver device
10 has been rotated by 90° in the counter-clockwise di-
rection compared to configuration B so that the central
symmetry plane 90 now has the same orientation as in
configuration A. Due to the 90° bent shape of the antenna
20, the performance of the antenna 20 is the same as in
configurations A and B.

[0053] Intheconfigurationlabelled"D"thetype of hear-
ing instrument/audio shoe is such that the receiver device
10 has been rotated by 90° in the counter-clockwise di-
rection compared to configuration C so that the central
symmetry plane 90 now has the same orientation as in
configuration B. Due to the 90° bent shape of the antenna
20, the performance of the antenna 20 is the same as in
configurations A, B and C.

[0054] Consequently, by using an angled antenna 90,
the performance of the antenna 20 is substantially inde-
pendent of the specific type of hearing instrument/audio
shoe with which the receiver device 10 is used.

[0055] An alternative embodiment in order to achieve
such independence of antenna performance from the
type of audio shoe is to use an antenna 120 which is
either planar, thereby defining an antenna plane 92, or
has an axial symmetry, thereby defining an antenna di-
rection 92, wherein the antenna plane 92 or the antenna
direction 92, respectively, is oriented at an angle of 30
to 60°, preferably from 40 to 50°, with respect to the cen-
tral symmetry plane 90 of the output interface. If the an-
tenna 120 is planar, it is preferably a magnetic loop an-
tenna, whereas if it has an axial symmetry, itis preferably
a ferrite antenna or an air coil antenna. Most preferably,
the angle between the antenna direction 92 and the sym-
metry plane 90 of the output interface is about 45° as
shown in Fig. 9. In this case, in configuration A, i.e. with
the pins 76A to 76C being oriented such that the central
symmetry plane 90 defined thereby is perpendicular to
the direction 94 of the user’s nose 96, the angle between
the antenna direction 92 and the central symmetry plane
94is 45°, resulting in medium performance of the antenna
120 compared to an orientation in which the antenna
plane 92 or the antenna direction 92 would be perpen-
dicular to the direction 94 of the user’s nose 96.

[0056] In configuration B in which the orientation of the
central symmetry plane 90 of the output interface has
changed by 90° with respect to the direction 94 of the
user’s nose 96 due to the different type of audio shoe,
the antenna direction 92 likewise has been rotated in the
counter-clockwise direction by 90°. However, due to the
angle of 45° between the antenna direction 92 and the
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central symmetry plane 90 of the output interface, the
angle between the direction 94 of the user’s nose 96 and
the antenna direction 92 still is 45°. Consequently, the
antenna performance will remain the same as in config-
uration A

[0057] This also applies to configurations C and D in
which the antenna 120, due to the 45° orientation with
respect to the central symmetry plane 90, has the same
orientation with respect to the user’s head 91 as in con-
figurations A and B, respectively.

[0058] Thus,byusinganantenna 120whichis oriented
such that the angle of the antenna direction 92 with re-
spect to the central symmetry plane 90 of the output in-
terface isaround 45°, the antenna performance is essen-
tially independent of the specific type of hearing instru-
ment/audio shoe with which the receiver device 110 is
used.

[0059] The housing 18 shown in Fig. 9, which corre-
sponds to the housing 64 of Fig. 6, has a four-fold rota-
tional symmetry with respect to an axial symmetry axis
and comprises two walls which are parallel to the central
symmetry plane 90 of the output interface and two walls
which are perpendicular to the central symmetry plane
90.

[0060] Generally, apart fromthe different design of the
antenna 120, the receiver device 110 may have the same
architecture as the examples of the receiver device de-
scribed so far.

[0061] Also shown in Fig. 9 is a schematic example of
the input interface 25 of the audio shoe 14, which com-
prises three pin sockets 79A, 79B, 79C for receiving the
pins 76A, 76B and 76C, respectively, which sockets are
arranged in aline and thereby define a central symmetry
plane 93 of the input interface 25. The input interface 25
shown in Fig. 9 is an example of an audio shoe of the
type resulting in the configuration "A" of the receiver de-
vices 10, 110 of Fig. 9.

Claims

1. A receiver device (10) for receiving audio signals
from a remote source (12), comprising: a magnetic
loop antenna (20) for receiving radio frequency sig-
nals carrying audio signals, a signal processing unit
(21) for reproducing audio signals from the radio fre-
quency signals received by the antenna, an output
interface (24) which is capable of being mechanically
connected to an input interface (26) of a hearing in-
strument (16) to be worn at a user’s ear in order to
supply the audio signals from the signal processing
unit as input to the hearing instrument, and a housing
(18, 64) enclosing the antenna and the signal
processing unit, wherein the antennais designed as
a printed board circuit with a loop-like conductor (56)
on an at least partially flexible insolating substrate
(55) and comprises a first portion (58) defining a first
plane and a second portion (60) defining a second
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plane, wherein the first plane and the second plane
are oriented atan angle of 60to 120 degrees relative
to each other.

The receiver device of claim 1, wherein the first por-
tion (58) of the antenna (20) is adjacent to and
alignedto a first wall (66) of the housing (64) and the
second portion (60) of the antennais adjacent to and
aligned to a second wall (68) of the housing.

The receiver device of one of claims 1 and 2, wherein
the first (68) and second portion (60) of the antenna
(20) are formed on a rigid portion of the substrate
(55) and are connected by a bent portion (62) formed
on a flexible portion of the substrate.

A receiver device (10) for receiving audio signals
from a remote source (12), comprising: a housing
(18, 80) made of plastic material, a magnetic loop
antenna (20) for receiving radio frequency signals
carrying audio signals, a signal processing unit (21)
for reproducing audio signals from the radio frequen-
cy signals received by the antenna, an output inter-
face (24) which is capable of being mechanically
connected to an input interface (26) of a hearing in-
strument (16) to be worn at a user’s ear in order to
supply the audio signals from the signal processing
unit as input to the hearing instrument, wherein the
housing encloses the sighalprocessing unit, wherein
the antenna is formed by an angled portion (82, 84)
of the housing into which a loop-like conductor (56)
forming a first antenna portion (58) defining a first
plane and a second antenna portion (60) defining a
second plane is integrated, and wherein the first
plane and the second plane are oriented at an angle
of 60 to 120 degrees relative to each other.

The receiver device of claim 4, wherein the first (58)
and second portion (60) of the antenna (20) are con-
nected by a bent portion (62) of the antenna.

The receiver device of one of the preceding claims,
wherein the first (58) and second portion (60) of the
antenna (20) comprise at least 80% of the area of
the antenna.

The receiver device of claim 6, wherein the first (58)
and second portion (60) of the antenna (20) have
essentially the same area.

The receiver device of claim 7, wherein the first (58)
and second portion (60) of the antenna (20) are es-
sentially symmetrical with respect to each other.

The receiver device of one of the preceding claims,
wherein the conductor (56) comprises one to three
turns.
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The receiver device of one of the preceding claims,
wherein the angle between the first plane and the
second plane is from 80 to 100 degrees.

A hearing instrument (50) to be worn at a user’s ear
and capable of receiving audio signals from a remote
source (12), comprising: a magnetic loop antenna
(20) for receiving radio frequency signals carrying
audio signals, a signal processing unit (21) for re-
producing audio signals from the radio frequency sig-
nals received by the antenna, an output transducer
(38) for stimulating the user’s hearing according to
the reproduced audio signals, and a housing (52, 64)
enclosing the antenna and the signal processing
unit, wherein the antenna is designed as a printed
board circuit (54) with a loop-like conductor (56) on
an at least partially flexible insolating substrate (55)
and comprises a first portion (58) defining a first
plane and a second portion (60) defining a second
plane, wherein the first plane and the second plane
are oriented at an angle of 60 to 120 degrees.

A hearing instrument (50) to be worn at a user’s ear
and capable of receiving audio signals from a remote
source (12), comprising: a housing (52, 80) made of
plastic material, a magnetic loop antenna (20) for
receiving radio frequency signals carrying audio sig-
nals, a signal processing unit (21) for reproducing
audio signals from the radio frequency signals re-
ceived by the antenna, an output transducer (38) for
stimulating the user's hearing according to the re-
produced audio signals, whereinthe housing enclos-
es the signal processing unit, wherein the antenna
isformedbyan angled portion (82, 84) of the housing
into which a loop-like conductor (56) forming a first
antenna portion (58) defining a first plane and a sec-
ond antenna portion (60) defining a second plane is
integrated, and wherein the first plane and the sec-
ond plane are oriented at an angle of 60 to 120 de-
grees.

A receiver device (10) for receiving audio signals
from a remote source (12), comprising: an antenna
(120) for receiving radio frequency signals carrying
audio signals, which antenna is either planar, there-
by defining an antenna plane (92), or has an axial
symmetry, thereby defining an antenna direction
(92), a signal processing unit (21) for reproducing
audio signals from the radio frequency signals re-
ceived by the antenna, an output interface (24, 74,
76A, 76B, 76C) which is capable of being mechan-
ically connectedto aninputinterface (26) of a hearing
instrument (16) to be worn at a user’s ear (98) in
order to supply the audio signals from the signal
processing unit as input to the hearing instrument,
and a housing (18, 64) enclosing the antenna and
the signal processing unit, wherein the output inter-
face has a central symmetry plane (90), and wherein
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said antenna plane or antenna direction is oriented
at an angle of 30 to 60 degrees with respect to said
central symmetry plane of the output interface.

The receiver device of claim 13, wherein said angle
is from 40 to 50 degrees.

The receiver device of one of claims 13 and 14,
wherein said output interface (24, 74) comprises
three pins (24, 74, 76A, 76B, 76C) which are ar-
ranged in a line, and wherein said pins define said
central symmetry plane (90).

The receiver device of one of claims 13to 15, where-
in said antenna (120) is a magnetic loop antenna, a
ferrite antenna or an air coil antenna.

The receiver device of one of claims 13to 16, where-
in said housing (64) has a four-fold rotational sym-
metry with respect to an axial symmetry axis and
comprises two walls which are parallel to said central
symmetry plane (92) of said output interface (74,
76A, 76B, 76C) and two walls which are perpendic-
ular to said central symmetry plane of said output
interface.

A system comprising a receiver device (10) for re-
ceiving audio signals from a remote source (12) and
a hearing instrument (16) worn at a user’s ear, said
receiver device comprising: an antenna (120) for re-
ceiving radio frequency signals carrying audio sig-
nals, which antennais eitherplanar, thereby defining
an antenna plane (92), or has an axial symmetry,
thereby defining an antenna direction (92), a signal
processing unit (21) for reproducing audio signals
from the radio frequency signals received by the an-
tenna, an output interface (24, 74, 76A, 76B, 76C)
which is capable of being mechanically connected
directly or via an interface (25) of an adapter (14) to
aninputinterface (26) of said hearinginstrument (16)
in order to supply the audio signals from the signal
processing unit as input to the hearing instrument,
and a housing (18, 64) enclosing the antenna and
the signal processing unit, wherein the output inter-
face has a central symmetry plane (90), wherein said
antenna plane or antenna direction is oriented at an
angle of 30 to 60 degrees with respect to said central
symmetry plane of the output interface, and wherein
said input interface or said adapter interface has a
central symmetry plane (93) which is oriented, when
said hearinginstrumentis worn atthe user's ear (98),
at an angle of 30 to 60 degrees with respect to the
direction (94) of the user’s nose (96).

The system of claim 18, wherein saidangles are from
40 to 50 degrees.

The system of one of claims 18 and 19, wherein said
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input interface (26) or said adapter interface (25)
comprises three pin sockets (79A, 79B, 79C) which
are arranged in a line, and wherein said pin sockets
define said central symmetry plane (93).

The system of one of claims 18 to 20, wherein said
hearing instrument (16) is a behind-the-ear (BTE)
hearing instrument.

A receiver device (10) for receiving audio signals
from a remote source (12), comprising: a magnetic
loop antenna (20) for receiving radio frequency sig-
nals carrying audio signals, a signal processing unit
(21) for reproducing audio signals from the radio fre-
quency signals received by the antenna, an output
interface (24) which is capable of beingmechanically
connected to an input interface (26) of a hearing in-
strument (16) to be worn at a user’s ear in order to
supply the audio signals from the signal processing
unit as input to the hearing instrument, and a housing
(18, 64) enclosing the antenna and the signal
processing unit, wherein the antenna and at least a
portion of the signal processing unit are formed as
an integral electronic unit (54) on a common printed
circuitboard (53) comprising an at least partially flex-
ible insolating substrate (55) which is capable of be-
ing partially folded for mounting the printed circuit
board within the housing, wherein said portion of the
signal processing unit comprises at least a high fre-
quency (HF)-unit (29) receiving HF-signals from the
antenna and providing signals at intermediate fre-
quenciesto ademodulator (30) of the signalprocess-
ing unit and wherein the antenna is designed as a
printed board circuit with a loop-like conductor (56)
on the insolating substrate.

The receiver device of claim 22, wherein said portion
of the signal processing unit (21) comprises in addi-
tion said demodulator (30).

The receiver device of claim 23, wherein said portion
of the signal processing unit (219 comprises in ad-
dition a pre-amplifier (32).

The receiver device of one of claims 22 to 24, where-
in the said output interface (24, 74, 76A, 76B, 76C)
is formed by a plug member (74) comprising pins
(76A, 76B, 76C), and wherein the printed circuit
board is capable of being connected in the folded
state to the plug member priorto being mounted with-
in the housing.

Thereceiver device of claim 25, wherein said integral
electronic unit (54) comprises contacts (75) for the
output interface which are capable of engaging with
the inner ends of the pins (76A, 76B, 76C) upon as-
sembly of the integral electronic unit atthe plugmem-
ber (74).
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A method for manufacturing the receiver device (10)
of claim 1, comprising: forming the loop like-conduc-
tor (566) on the flexible insolating substrate (55) while
the substrate is in a planar condition, bending the
first (58) and the second portion (60) relative to each
other such that the first plane and the second plane
become oriented at an angle of 60 to 120 degrees
relative to each other and fixing the first and second
portion in that orientation to each other, and mount-
ing the antenna (20) and the signal processing unit
(21) within the housing (64).

The method of claim 27, wherein said first (58) and
second portion (60) of the antenna (20) are fixed in
the bent condition at a carrier unit (70) of a plug mem-
ber (74) forming the output interface (24) prior to be-
ing mounted together with the plug member within
the housing (64).

The method of one of claims 27 and 28, comprising:
electrically connecting the antenna (20) and the sig-
nal processing unit (21) prior to mounting the anten-
na and the signal processing unit within the housing
(18, 52, 64) and trimming the antenna (20) and the
signal processing unit (21) prior to mounting the an-
tenna and the signal processing unit within the hous-

ing.

A method for manufacturing the receiver device of
claim 4, comprising: forming the housing (54, 80)
with the integrated antenna (20), and mounting the
signal processing unit (21) within the housing.

The method of claim 30, wherein the antenna (20)
is integrated into the housing (54, 80) by a molded
interconnect devices (MID) technique.

The method of claim 31, wherein the housing (54,
80) is shapedfirstand subsequently the antenna (20)
is integrated into the housing by modifying the sur-
face of the housing.

The method of claim 32, wherein the plastic material
is capable of being made conductive by laser acti-
vation and wherein the loop-like conductor (56) is
created by laser activation of a surface portion of the
plastic material of the housing (54, 80), followed by
electroplating of the laser-activated surface portion
in order to thicken the laser-activated surface por-
tion.

The method of claim 32, wherein the loop-like con-
ductor (56) is created by metal deposition from a
metal evaporation source through a shadow mask
onto a surface portion of the plastic material of the
housing (54, 80).

The method of claim 32, wherein the loop-like con-
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ductor (56) is created by coating at least a portion of
the surface ofthe housing (54, 80) with ametal layer,
followed by selectively structuring the metal layer in
order to create a loop-like metal structure.

The method of claim 35, wherein the metal layer is
structured by selectively removing the metal layer.

The method of claim 31, wherein the antenna (20)
isintegrated intothe housing (54, 80) during shaping
of the housing.

The method of claim 37, wherein the housing (54,
80) is shaped by injection molding in a molding tool,
wherein the loop-like conductor (56) is inserted into
the molding tool and is overmolded in the molding
tool.

Use of a receiver device (10) for receiving audio sig-
nals from a remote source (12), said device compris-
ing: an antenna (120) for receiving radio frequency
signals carrying audio signals, which antenna is ei-
ther planar, thereby defining an antenna plane (92),
or has an axial symmetry, thereby defining an an-
tenna direction (92), a signal processing unit (21) for
reproducing audio signals from the radio frequency
signals received by the antenna, an output interface
(24, 74, 76A, 76B, 76C) which is mechanically con-
nected to an input interface (26) of a hearing instru-
ment (16) worn at a user’s ear (98) in order to supply
the audio signals from the signal processing unit as
input to the hearing instrument, and a housing (18,
64) enclosingthe antenna and the signal processing
unit, wherein said antenna plane or antennadirection
is oriented at an angle of 30 to 60 degrees with re-
spect to the direction (94) of the user's nose (96).

A method for manufacturing the receiver device of
claim 22, wherein said printed circuit board (53) is
manufactured including the loop-like conductor (56)
of the antenna (20), electric components of the inte-
gral electronic unit (54) are mounted at the printed
circuit board, the printed circuit board is brought into
the folded state, and the printed circuit board is
mounted in the folded state within the housing (64).

The method of claim 40, wherein the printed circuit
board (53) is mounted in the folded state at a carrier
unit (70) of a plug member (74) forming the output
interface (24) prior to being mounted together with
the plug member within the housing (64).
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Description

[0001] The present invention is most generically di-
rected on binaural hearing device systems which neces-
sitate a communication link between a device arranged
in or a adjacent one ear and a device in or adjacent the
other ear of anindividual. The one-ear device comprises
at least an arrangement of input acoustical/mechanical
converters whereas the other ear device at least com-
prises an output electrical/mechanical converter.
[0002] From the WO 99/43185 such a binaural hear-
ing device system is known, whereat each device asso-
ciated to an ear comprises an input acoustical/electrical
converter and an output electrical/mechanical convert-
er. There is further provided a communication link be-
tween the two devices whereby data or signals are cross
communicated via such link which are respectively de-
pendent from the output signals of the respectively pro-
vided acoustical/electrical input converters. Thereby be-
fore the respective converter output signals are applied
to the communication link they are analogue/digital con-
verted whereby there may be implemented in the re-
spective analogue/digital converters some additional
signal preprocessing.

[0003] Today's monaural hearing devices customarily
have at least two input acoustical/electrical converters
for beamforming purposes. The binaural system ac-
cording to the WO 99/43185 may be tailored to provide
beamforming by using the two input converters provided
at the respective one ear attributed devices. Thereby,
as outlined above, data are cross-transmitted via the
communication link which are possibly preprocessed
but which comprise substantially more information than
really needed. Further beamforming with two input con-
verters placed one on each side of individuals head may
be quite complex and inaccurate e.g. due to the head-
related acoustical transfer functions HRTF which de-
scribe the effects of acoustical signals being "shad-
owed" by individuals head. Such shadowing occurs, de-
pendent on direction of arrival of acoustical signals,
asymmetrically with respect to both ears which on one
hand allows spatial perception, on the other hand
renders beamforming quite complex.

[0004] It as an object of the present invention to pro-
vide a binaural hearing device system and respectively
a method for controlling such hearing device system
whereat the technique of providing at least two input
acoustical/electrical converters at one ear's device is
maintained as known from monaural devices and addi-
tionally there is nevertheless applied to the communica-
tionlink only one signal or data which is thereby depend-
ent from the output signals of both of the at least two
input converters at one ear's device. Thereby a signifi-
cantly reduced amount of data is transmitted via said
link compared with a case where, following the concept
of the WO 99/43185, output signals of each input con-
verter are separately transmitted via the link.

[0005] This object is resolved by the binaural hearing
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device system according to the present invention which
comprises a first device for one ear of an individual, a
second device for the other ear, a data/signal commu-
nication link between the first and the second device
whereby the first device comprises at least a reception
unit with at least two input acoustical/electrical convert-
ers and a signal processing unit the inputs of which be-
ing operationally connected to the electrical outputs of
the at least two converters and which generates at a
combined output a signal which is dependent on signals
at both the said inputs whereby the signal link is provid-
ed at the output side of such processing unit and trans-
mits data signals which depend upon the output signal
of the processing unit whereby the second device com-
prises at least an output electrical/mechanical convert-
er.

[0006] Asis known to the skilled artisan there exist so
called Complete-In-the-Channel, CIC-hearing devices
whereat, due to complete introduction in the earchannel
only one input acoustical/electrical converter is provid-
ed. Thereby whenever instead of the device mentioned
above with at least two input converters, a CIC with only
one input acoustical/electrical converter is to be applied
according to the present invention's general concept,
significant information and data reduction is achieved
before transmitting data to the communication link, in
that there is provided between the output of the one in-
put converter and the communication link, a Wiener-Fil-
ter.

[0007] As was mentioned above the system accord-
ing to the present invention provides in one embodiment
the first device to be applied to one ear not having an
electrical/mechanical output converter and thus only
having in a reception unit the at least two acoustical/
electrical input converters. This embodiment might be
most valid e.g. if on any reason it is not possible to apply
a device with at least two input converters at that ear
where hearing shall be improved.

[0008] Thereby the second device does not comprise
an input acoustical/electrical converter irrespective
whether the first device has an output converter or not.
[0009] In a further preferred embodiment an output
electrical/mechanical converter provided at the first de-
vice is operationally connected to the output of the
processing unit and is thus driven by a combined signal
or data dependent on both outputs of the at least two
input acoustical/electrical converters provided.

[0010] In astill further preferred embodiment the sys-
tem according to the present invention has the reception
unit of the first device as a first reception unit whereby
the at least two input acoustical/electrical converters
thereat are first acoustical/electrical converters. Addi-
tionally the signal processing unit still at the first device
is a first signal processing unit.

[0011] Further the output electrical/mechanical con-
verter at the second device is considered as a second
output electrical/mechanical converter. The first device
comprises a first output electrical/mechanical converter
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and the second device a second reception unit.

[0012] Thus both devices for each of the two ears
have respective reception units and thus input acousti-
cal/electrical converters and respective output electri-
cal/mechanical converters.

[0013] Nevertheless the second reception unit at the
second device needs not necessarily have more than
one input acoustical/electrical converter although pro-
viding also there at least two input acoustical/electrical
converters is preferred.

[0014] Further the communication link which is pro-
vided in all embodiments according to the present in-
vention, for communicating between devices adjacent
or in the respective ears, maybe wirebound and/or
based on optical fiber and/or on wireless communica-
tion.

[0015] Whenever both ears devices are equipped
with input acoustical/electrical converters in a preferred
embodiment both devices are equipped with at least two
of such converters which gives the possibility to provide
at both devices beamforming ability. Thereby further
preferably also the second reception unit is equipped
with a signal processing unit whereby, further preferred,
the inputs of such processing unit are operationally con-
nected to the electrical outputs of the second input con-
verters at the second reception unit. This processing
unit generates at a respectively second output a signal
which is dependent on signals at both said inputs of the
second signal processing unit whereby the signal link is
provided at the output side of the second signal process-
ing unit. Thus via the addressed signal or communica-
tion link combined signals dependent respectively on
the output signal of at least two input converters are bi-
directionally transmitted from one device to the other
and vice versa.

[0016] Therebyandin afurtherpreferred mode orem-
bodiment the output of the first signal processing unit is
operationally connected to a first input of a weighting
unit and the output of a second signal processing unitis
operationally connected to a second input of the weight-
ing unit. The weighting unit has a first output which is
operationally connected to an input of a first output con-
verter and has a second output which is operationally
connected to the input of the second output converter.
Thereby the weighting unit may be construed decentral-
ised e.g. in both devices. The weighting unit has a con-
trol input and varies operational connection or signal
transfer between the first input and the first output, the
first input and the second output, the second input and
the first output and finally the second input and the sec-
ond output. Such signal transfers are controlled by a sig-
nal or data applied to the control input of said weighting
unit. Thereby such operational connections between re-
spective inputs and outputs are formed preferably fre-
quency or frequency-band specifically and the respec-
tive functions which are controlled independently from
one another are possibly but not necessarily complex
functions.
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[0017] So as to determine how the operational con-
nections between respective inputs and outputs at the
weighting unit have to be controlled, especially accord-
ing to the acoustical surrounding present, the control in-
put of the weighting unit is preferably connected to an
output of a classification unit which later has at least one
input operationally connectedto an output of at leastone
of the reception units.

[0018] In a further most preferred embodiment the
first device comprises a beamformer unit which has a
beamcontrol input and an output. Via the beamcontrol
inputthe directional characteristic of the beam as an am-
plification characteristic in dependency of spatial angle
at which an acoustical signal impinges on the device,
may be varied.

[0019] There is further provided a detection unit for
detecting the direction of arrival of an acoustical signal
which impinges upon the reception unit which unit gen-
erates at an output an output signal in dependency of
said direction of arrival. This output is operationally con-
nected to the beamcontrol input of the beamformer unit
so that e.g,. a source of acoustical signal the direction
of arrival of which having been detected may be more
accurately tracked by accordingly directing a maximum
amplification direction of the beam upon such a source.
Accordingly a source, as e.g. a noise source, the direc-
tion thereof having been detected may be cancelled by
controlling the beam so that it establishes in that noise
source direction minimum amplification.

[0020] As was mentioned above in a preferred em-
bodimentthere is provided a weighting unit whereat sig-
nal transmission between respective inputs and outputs
is controlled. Thereby control of such signal transmis-
sion is made dependent from the result achieved in a
classification unit the input thereof being operationally
connected to at least one output of at least one of the
reception units.

[0021] Departing from this embodiment and in a fur-
ther preferred mode there is provided at the system a
determination unit for the direction of arrival of an acous-
tical signal impinging on at least one of the devices
whereby such direction determination unit is intercon-
nected between at least one input of the classification
unit and at least one output of at least one of the recep-
tion units at the devices.

[0022] Thus the classification which finally controls
signal transfer at the weighting unit at least comprises
classification of signals which depend on direction of ar-
rival. Thereby and as a furtherimprovement of such em-
bodiment there is provided at least one histogram form-
ing unit, the input thereof being operationally connected
to at least one output of at least one of the reception
units. The output thereof is operationally connected to
an input of the classification unit. Thus classification at
least comprises classification based on a histogram re-
sult. Most preferably and with an eye on providing a di-
rection of arrival determination unit such histogram
forming unit is provided with an input cperationally con-
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nected to an output of the determination unit and an out-
put operationally connected to the classification unit.
Thereby classification at least comprises classification
of a histogram function of a signal or of signals which
identify such direction of arrival.

[0023] The object mentioned above still further is re-
solved by the method for controlling a hearing device
system which comprises at least a reception unit at a
first device for one ear which has at least two inputs
acoustical/electrical converters and at least an output
electrical/mechanical converter at a second device for
the other ear and a communication link between the first
and the second device which method comprises the
steps of generating in dependency of output signals of
the at least two input converters a combined signal and
transmitting such combined signal via the communica-
tion link.

[0024] For applying the method according to the
presentinvention to CIC hearing devices the method ac-
cording to the invention comprises providing instead of
the at least two input converters only one converter and
construing the first device as a device to be completely
introduced into the ear channel and further comprises a
step to treat the output of the one input converter by a
Wiener-Filter and transmitting signals dependent from
the output of the Wiener-Filter via the communication
link.

[0025] The presentinvention and the object thereof is
further resolved by the method for producing a drive sig-
nal for a electrical/mechanical output converter of a bin-
aural hearing device which method comprises the steps
of acoustical/electrical converting impinging acoustical
signals at at least two input converters of a device to be
applied adjacent individuals one ear, transmittinga com-
bined signal dependent from both said convertings via
a link to a further device to be applied adjacent or in
individuals other ear and generating the drive signal in
dependency of the transmitted signal.

[0026] Further preferred embodiments of the meth-
ods according to the present invention as well as of the
system according to the present invention will become
apparent to the skilled artisan when reading the follow-
ing description of preferred embodiments of the present
invention as well as the claims.

[0027] The present invention will now be further de-
scribed with the help of figures. They show examples of
preferred embodiments, namely:

Fig. 1 By a schematic, simplified functional-block/
signal-flow representation, a first embodiment
of the system according to the present inven-
tion and operated according the methods of
the present invention;

Fig.2 in a representation form in analogy to that of
fig. 1 a further embodiment of the present in-
vention;
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Fig. 3 again in a simplified schematic functional-
block/signal-flow representation a still further
embodiment according to the present inven-
tion again operating according to the methods
of the present invention;

Fig. 4  still in the same representation form a further
embodiment of the present invention;

Fig. 5 by means of a simplified schematic functional-
block/signal-flow representation a subembod-
iment for automatic beamcontrol e.g. to track
acoustical sources and/or to cancel reception
of acoustical sources. Such embodiment may
preferably be incorporated within the embodi-
ments according to the present invention;

Fig. 6 departing from a system or methods accord-
ing to fig. 4 still in a simplified schematic func-
tional-block/signal-flow representation an im-
proved embodiment of such system or meth-
ods;

Fig. 7 by means of a simplified schematic function-
al-block/signal-flow representation a system
or method for controlling a hearing device as
a function of direction of arrival of acoustical
signals as detected and preferably classified,;
Fig. 8 examples of direction of arrival behaviours as
appearing on a histogram function to explain
some of more simple classification criteria as
preferably exploited at the system or meth-
ods of fig. 7 as well as at systems or methods
to be shown with the help of the fig. 9 and 10;
Fig. 9 in form of a simplified schematic functional-
block/signal-flow representation an improved
and today preferred form of an embodiment
of the system according to the present inven-
tion and of the methods according to the
present invention;

Fig. 10  departing from the representation of fig. 9 a
more detailed representation of such system
or methods making use of direction of arrival
detection as described in more details in the
WO 00/68703 which accords with the US ap-
plication no 09/636 443 and 10/180 585.

[0028] According to fig. 1 a system according to the
present invention operating according to the method of
the present invention both under a first aspect thereof
is schematically shown by means of a simplified func-
tional block/signal flow diagram in a minimal configura-
tion. There is provided an acoustical reception unit 1
with at least two acoustical/electrical converters 3a and
3b, both with a respective acoustical input and an elec-
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trical output. Reception unit 1 may incorporate e.g. re-
spective analog to digital converters connected to the
outputs of the converters 3a, 3b, time domain to fre-
quency domain conversion units downstream such an-
alog to digital converters and has a signal processing
unit 4 for processing signals in dependency of the ana-
log signals appearing at the outputs of the converters
3a, 3b. Processing unit 4 generates at an output A, of
reception unit 1 a signal or data which is result of com-
bined processing of signals dependent on the output
signals of both converters 3a and 3b: The output signal
at A, depends on the output signals of both converters
3a, 3b. This signal or data at output A, possibly further
processed at respective signal processing units (not
shown) generates a signal or data, which is dependent
on the output signal or data at A4, which is transmitted
to a transmission link 5, which again may incorporate
further signal processing. At the output side of transmis-
sion link 5 a signal or data, which is dependent on the
signal appearing at the output A4 of unit 1, is input to an
input E; of an electrical/mechanical converter unit 7.
Unit 1 is applied adjacent or within one of an individual's
ears, unit 7 to the other.

[0029] The system as shown in fig. 1 is in a preferred
embodiment a hearing aid system i.e. a therapeutical
system. Unit 7 isthereby an outside-the-ear oran inside-
the-ear converter unit or an implanted or implantable
unit. By this minimal system acoustical signals are re-
ceived on one of individual's ears and control hearing at
the other ear. Such a system may be provided, where
on any reasons, applying the reception unit 1 is not pos-
sible or difficult on that ear where hearing shall be im-
proved or reinstalled.

[0030] The concept of applying a reception unit as of
unit 1 at or adjacent one ear and transmitting signals or
data dependent on the received acoustical signals at
such, reception unit to the other ear for improving hear-
ing at that other ear, this concept per se is considered
inventive, irrespective of how reception unit, signal link
to the other ear and a other's ear converter unit as of
unit 7 of fig. 1 are conceived: Under this concept one
ear is only provided with an electrical/mechanical unit
and no reception unit. The embodiments of figs 1 to 3
clearly fall under such concept. In any case the link 5
may be electric wire based, optical fiber based or may
be a wireless communication link.

[0031] The double-line arrows shown in Fig. 1 and fol-
lowing figures represent signal or data communication
paths. Along such signal path additional signal process-
ing by respective units may be established. The double-
arrows may indicate a direct signal transmission, but
rather stand for an operational connection, in which sig-
nals are transmitted and processed in direction of the
arrow.

[0032] By the system according to fig. 1 only data or
signals are transmitted via transmission link 5, which
have been preprocessed as by combining signals of at
least two acoustical to electrical input converters 3a, 3b.
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[0033] In fig. 2 there is shown in a representation, in
analogytothatoffig. 1, a second preferred embodiment,
which only differs from that of fig. 1 in that unit 1 of fig.
1 is now conceived as a unit 10 to be applied completely
introduced in an individual's ear channel, a so-called
CIC-device. As known to the skilled artisan such a CIC
unit customarily has only one input acoustical to electri-
cal converter 3c. By means of a digital signal processing
unit 11, which is operationally connected e.g. via time
domain to frequency domain converter and analog to
digital converter to the analog output of converter 3c, at
least a Wiener-filtering is performed. The output signal
or data of converter 3c is processed by a Wiener filter
to result in significantly preprocessed data and percep-
tual information reduction thus enabling simpler source/
channel coding before being transmitted via communi-
cation link 5 to the electrical to mechanical converter unit
7.

[0034] In fig. 3 there is shown in a representation in
analogy to that of the figs. 1 or 2 a further preferred em-
bodiment of the system according to the present inven-
tion, which operates according to the method of the
present invention. According to the system of fig. 3, the
difference to the system of fig. 1 is that the output A, of
reception unit 1 is not only, via transmission link 5, op-
erationally connected to the input E; of the electric/me-
chanic converter unit 7 at the other of individual's ears,
but output A, is additionally operationally connected to
an electrical/mechanical converter unit 7b, which is pro-
vided at the same ear as reception unit 1.

[0035] It is evident that in dependency of the signals
or data at output A the left ear and the right ear units
7a and 7b have normally to be differently operated. Thus
there are generically installed different and/or differently
operating signal processing units as on one hand be-
tween the output A, and link 5, link 5 and input E4,, and
on the other hand output A; and input E5, of unit 7b. In
the case of the embodiment of fig. 3 and as shown in
dashed-pointed frame, the units 1 and 7b are preferably
incorporated in a unitary hearing device, especially in a
hearing aid device being a behind- or an in-the-ear hear-
ing device.

[0036] Instead of providing a reception unit 1 with at
least two input acoustical to electrical converters 3a and
3b as of fig. 3, this unit may be construed according to
unit 10 of fig. 2, i.e. as a CIC-unit.

[0037] According to the embodiment of fig. 3 there is
in fact established a MASTER-acoustical control by re-
ception unit 1 at one ear of the individual, whereas a
hearing device without an input acoustical to electrical
converter unit is operated at the other ear as a SLAVE
device.

[0038] Departing from the system and method as ex-
plained with the help of fig. 3 a further preferred embod-
iment of the invention under the first aspect thereof is
shown in fig. 4, still in a representation in analogy to that
of the figures 1 to 3.

[0039] According to the system of fig. 4 there is pro-
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vided for the left ear of an individual a reception unit 1
and for the right ear a reception unit 1g. Both reception
units 1, and 1y are conceived with respect to signal or
data processing as was explained with respect to recep-
tion unit 1 in context with fig. 1. Instead of units 15z and
1, being conceived according to unit 1 of fig. 1, one or
both thereof may be conceived according to unit 10 of
fig. 2. A signal or data dependent from the signal or data
at the output Ay of reception unit 1, is fed to an input
Eg of a selection unit 9. A signal or data which is de-
pendent from the signal or data appearing at the output
AR of the right ear reception unit 1y is fed to an input
Egr of the selection unit 9. There is further provided a
left ear electrical/mechanical output converter unit 7
and a right ear electrical/mechanical output converter
unit 7g.

[0040] The selection unit 9, as schematically shown
by a switching arrangement, has an output Ag, and an
output Agg respectively operationally connected to the
inputs of output converters 7, 7g. Signals or data ap-
pearing at either of the outputs Ag_ or Agg may opera-
tionally be connected to both electrical to mechanical
converter units 7 and 7g. Under the control of a selec-
tion-control unit 12 and, as schematically shown in unit
9 by an arrangement of switches, the input Eg_ or the
input EgR is operationally connected to both of the con-
verters 7|, 7r. Thereby, whenever the operational signal
or data connection within selection unit 9 is established
according to that switching position shown in fig. 4, both
converters 7 and 7y are operationally connected to the
right ear reception unit 1g, and therefore the right ear
reception unit 1g is the MASTER. In analogy, unit 1, be-
comes MASTER whenever the units 7_and 7y are op-
erationally connectedto the input Eg,_ of selection unit 9.
[0041] Inthis embodiment again the right ear units 15
and 7y are preferably incorporated in a unitary right ear
hearing device, be it a hearing aid device or be it a hear-
ing device for other than therapeutical appliances. In
analogy the units 1, and 7|_are incorporated in a respec-
tive left ear unitary device. Such hearing devices may
therebybe in-the-ear or outside-the-ear hearing devices
ortheir output converters 7_and/or 75 may be construed
as implantable devices. Further, the right and left ear
devices do not necessarily have to be of the same type,
e.g. anin-the-ear and an outside-the-ear hearing device
may be combined, an outside-the-ear and an implant
device efc.

[0042] Looking back on fig. 3 it has been shown that
the acoustical signal impinging on unit 1 at one ear, e.
g. at the left year, binaurally controls both electrical to
mechanical output converter units 7a and 7b. We have
established that double-lined arrows stand for opera-
tional sighal or data communication and not necessarily
for direct connection. Thus, along operational connec-
tions processing as by processing units, especially
DSP's, may be done. For example: As according to fig.
3 the acoustical signals impinging on unit 1 do control
both output converters 7 and thus the head-related
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transferfunction HRTF for the SLAVE side with convert-
er 7a is lost, there will preferably be provided as shown
in dashed line a DSP 13 exclusively influencing signals
or data input to the SLAVE converter 7a and whereat
the respective HRTF is taken into account. So as to
properly set the parameters of processing in DSP unit
18 for taking the HRTF functions into account, the re-
ception unit 1 detects direction of arrival DOA as denot-
ed by ¢in fig. 3 and there will be transmitted additionally
to the signal or data dependent from those appearing at
output Ay of unit 1, via link 5, a DOA-significant signal
or data to DSP 13 as shown by signal DOA. Further,
there will be preferably provided a DSP 14 just upstream
the input E4, and DSP 13 or a further DSP to input E;,
as well as DSP 14 will take in account different signal
processing needs according to the hearing improve-
ment needs at the respective ears.

[0043] When locking to the embodiment of fig. 4 in
analogy to the just given explanations with respect to
the system of fig. 3, whenever the right ear device is
MASTER, the HRTF will preferably be considered for
the left ear converter 7, i.e. the SLAVE and vice versa.
Thus, the left ear HRTF is taken into account by a DSP
16, and the right ear HRTF by a DSP 18. Preferably that
one of the units 1L and 1R, which acts as a MASTER,
provides for data about direction of arrival DOA (not
shown) so as to control the transfer characteristic of the
respective HRTF DSP 16 and 18.

[0044] With an eye on Fig. 1 or 2, there the processing
unit 4 will preferably take the HRTF of the left side ear
into consideration.

[0045] With respectto one preferred possibility for de-
tecting direction of arrival DOA of acoustical signals at
the reception units 1, 10, 1L and 1R, we refer to the WO
00/68703 "Method for localizing direction" of the same
applicant, wherein a technique for detecting such direc-
tion of arrival DOA is completely disclosed, and which
shall be incorporated with respect to DOA detection into
the present description. This WO 00/68703 accords with
US application no. 09/636 443 and no. 10/180 585.
Thereby, the reception units 1, 1L, 1R may preferably
further comprise beam formers as are e.g. described in
the WO 00/54553, according to US application No.
09/267 742, the WO 99/04598, according to US appli-
cation No. 09/146 784, the WO 99/09786, according to
US application No. 09/168 184, all of the same appli-
cant.

[0046] Thus, in one preferred embodiment such units
1, 1L, 1R provide for both, namely beam forming as well
as detection of DOA. Thereby, in a further preferred em-
bodiment beamforming is controlled by the DOA.
[0047] This preferred form of realizing the reception
units 1, 1L, 1R as discussed up to now is schematically
shown in fig. 5. Thereby, the units 1, 1L, 1R comprise a
beamforming subunit 20 with at least two input acousti-
cal/electrical converters. At the output of such unit,
which accords to output Ay or A, A4g there appear
electrical data or signals in dependency of acoustical
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signals impinging on the at least two input converters
and amplified according to a predetermined character-
istic in dependency of spatial angle with which the
acoustical signals impinge on the input converters. The
outputs of the acoustical to electrical converter are fur-
ther exploited e.g. according to the teaching of the WO
00/68703 so as to provide for a signal which is indicative
of the direction of arrival DOA of the acoustic signals.
Thereby preferably and as described in the said WO
00/68703, there is performed a histogram of the DOA
signals, as will be discussed later. The output of a his-
togram-forming and evaluating unit 22 controls beam-
former unit 20 at a control input C,g e.g. to track an
acoustical source selected with high amplification or to
delete such acoustical source by low amplification.
[0048] Turning back to the system of fig. 4, it may be
seen that the data link 5, which was shown in the figs.
1to 3, has not been shown anymore. Such data link, by
which signals or data are or is transmitted from one ear
side to the other, may be provided in the system as of
fig. 5, wherever felt best. The selection unit 9 may e.g.
be incorporated in one of the left ear or right ear devices,
e.g. in the left ear device and then the addressed data
link 5 will be provided at 5' as shown in fig. 5. On the
other hand the selection unit 9 may be split into left ear
device- and right ear device-units, and then the data link
5 would be established and following the representation
of fig. 4 practically within selection unit 9.

[0049] Further, with an eye onfig. 4, this system clear-
ly operates one of the two devices as a MASTER, the
other one, and thereby especially the output converter
7 thereof, as a SLAVE. Changing this MASTER/SLAVE
relation occurs abruptly and it is not possible to gently
control the MASTER/SLAVE weighting of the two devic-
es. This becomes possible by the improvement on fig.
4, which shall be explained with the help of fig. 6.
[0050] According to fig. 8, wherein units which corre-
spond to units already described in context with fig. 4
have been denoted with the same reference number,
the selection unit 9, in fact is a weighting unit. Therein,
the influence of a signal or data dependent from such
signal or data at output Ay, upon signal or data respec-
tively appearing at the outputs Ag_ and Agg is continu-
ously adjustable, as shown schematically by variable
coefficients o, B. In analogy the influence from output
AR upon the two outputs Ag_and Agg of unit 9, is ad-
justed as schematically shown by variably controllable
coefficients y and 8. The coefficients a, 3, v. & are pref-
erably frequency dependent or at least dependent from
frequency bands and are possibly of complex value.
These weighting coefficients are controlled by a selec-
tion control unit 12,,.

[0051] In the embodiments according to the figs. 5
and 6 there is provided respectively a selection control
unit 12 or 12,, not having been described yet. The se-
lection control unit 12 and respectively 12,, are in fact
classification units, whereat the instantaneously prevail-
ing acoustical environment and/or the time development
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inthe past up to the present of such acoustical surround-
ing and even a trend estimation for future development
of such acoustical signals is classified according to pre-
determined criteria as e.g. disclosed in the WO
02/32208 which accords with US application no. 10/059
059 or in the WO 01/20965 according to US application
no. 2002-0 037 087 or in the WO 01/22790 according
to US application no. 2002-0 090 098. In any case to the
classifier and control units 12, 12,, there is input infor-
mation about the acoustical signals received at units 1,
1, and/or 15 as shown at 13 in Fig. 4, at 13a, 13b in Fig.
6. Under a second aspect of the present invention a pre-
ferred classification technique shall be described in the
following, which is most apt to be combined with the
present invention under its first aspect described up to
now.

[0052] This second aspect of the invention is sche-
matically shown in fig. 7, by a representation in analogy
to that used throughout the figs. 1 to 6. It comprises a
reception unit 30 with at least two input acoustical to
electrical converters. The unit 30 operates so as to gen-
erate an output electrical signal or data at output Agq
indicative of the spatial direction of arrival DOA with
which an acoustical signal impinges upon the acoustical
inputs of the input converters 31a and 31b as provided.
Such a unit is known e.g. from the WO 00/68703 which
accords with the US application No. 09/636 443 and
10/180 585 of the same applicant. From the instantane-
ously monitored DOA there is generated by means of a
processing unit 32 a histogram function of DOA. This is
also known fromthe WO 00/68703. Thus, underthe sec-
ond aspect of the invention there is formed a histogram
of the instantaneously prevailing DOA. According to the
second aspect of the invention it is the DOA-histogram
which is used as entity for classifying the acoustical sig-
nals in unit 34, which impinge upon the unit 30 and for
controlling system adjustment especially according to
figs. 4, 5, or 6. Thereby and as schematically shown in
fig. 7 by dashed-dotted lines, the reception unit 30 is
preferably a part of a hearing device system 36. The sig-
nals or data representing audio signals are generated
by unit 30 at output Asgy, if that unit 30 performs com-
bined tasks of DOA detection and audio signal process-
ing. The histogram generated at unit 32 is now classified
in classifying unit 34, which controls at its output most
generically the behavior of a hearing device system, be
it a monaural system, but most preferably of a binaural
hearing device system as shown in Figs. 1 to 6.
[0053] Accordingly in fig. 8 there is shown more than
one output of classifying unit 34 representing different
controls to the hearing device system according to dif-
ferent types of histogram appearance and thus of
acoustical source behavior in the acoustical surround-
ing U of fig. 7 of the hearing device system, and thus of
an individual carrying such system.

[0054] In fig. 8a there is shown purely as an example
such a histogram function represented by the overall
time or in fact the overall number n of measuring sam-
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ples, which result in a specific DOA spatial angle @. For
the DOA<po a relatively sharp peak is present indicating
that at that angle ¢g to the acoustical input of the con-
verters 31a and 31b there is a significant acoustical
source in the acoustical surrounding U. At ¢4 there is a
second yet less relevant acoustical source present in
the surrounding U.

[0055] Departing from this histogram (a) some possi-
ble evaluations in time shall be discussed. According to
fig. 8(b) atthe DOA ¢, the peak has become broadened
and its amplitude has dropped. This means e.g. that the
acoustical source at the angle ¢g has become diffuse,
which may be caused by an increase of distance be-
tween the reception unit 30 and the acoustical source
in the surrounding U. According to fig. 8(c) and still con-
sidered as an evolution in time of the situation as present
according to fig. 8(a), it may be seen that the histogram
has been shifted by an angle A. This means that the re-
ception unit 30 has rotated relative to the acoustical sur-
rounding U, in other words that the individual carrying a
system with unit 30 has turned his head by the angle A.
This is identified because the relative positioning of the
sources in the surrounding U according to fig. 8(a) at o,
and at ¢4 remains stable.

[0056] Accordingto fig. 8(d) the peak appearing atthe
DOA ¢g according to fig. (a) now appears at a different
angle ¢,, whereas the source of at ¢4 according to fig.
(a) still appears at the unchanged angle ¢4. This means
that the source at ¢4 according to fig. (a) has moved to
the new angular position ¢,, whereby the reception unit
30 has not rotated, i.e. the individual has kept his head
stationary. From these explanations it may be seen
which kind of criteria are used in classifying unit 34 of
fig. 8 to establish a relevant acoustical source, increas-
ing distance, decreasing relevancy of a source, appear-
ance/disappearance of a source movement of individu-
al's head relative to the acoustical surrounding, angular
movement of a source in the surrounding U, etc.
[0057] From combining and adding further classifying
criteria an intelligent evaluation of the acoustical sur-
rounding is performed and by the respective results the
behavior of the hearing device system 34 is controlled.
This may include source tracking by controlling beam-
forming and/or with an eye back on fig. 5 and 7 appro-
priate distribution of the influence or signal transfer of
binaurally provided reception units upon binaurally pro-
vided output converters.

[0058] Thus under the second aspect the present in-
vention is directed on classifying signals or data which
are indicative of the DOA and controlling the status or
behavior of a hearing device, be it a monaural or binau-
ral device in dependency of the classification result.
Thereby most preferably classification is performed up-
on data or signals wherefrom a histogram has been
formed.

[0059] In fig. 9 there is shown a preferred embodi-
ment, which combines the invention under its first as-
pect realized as was explained with the help of fig. 6 and
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under its second aspect.

[0060] A left earreception unit 40, of a left ear hearing
device is conceived as a beamformer with at least two
input converters 41, . The right ear hearing device, as
an example, is equally construed as the left ear device
and thus comprises a reception unit 40R equal to the
unit 40,. In analogy to the representation in fig. 6 at the
respective outputs Ay, A4y electrical signals ordata are
generated as a result of processing the output signals
of the converters 41. These signals are thus dependent
on the acoustical signal impinging on the reception
units, amplified according to the beamformer character-
istics. The units 40 preferably comprise a respective
beamformer control input BFC, and BFCR, by which the
shape of the beamformer characteristic, but especially
the angle 8 of maximal amplification may be adjusted.
The units 40 further generate output signals, which are
indicative of the DOAg of acoustical signals impinging
on the acoustical inputs at the units 40. Signals or data
dependent from these output signals DOA, DOAR are
respectively input to histogram-forming units 44, , 44g.
The units 40 combined with histogram-forming units 44
may and are preferably realized as described in the WO
00/68703, which accords with the US application No.
09/636 443. Thereby and as seen in this paper the
beamformers are based on the delay-and-add/subtract
principal and thus the beamformer control input BFC_
and BFCR may e.g. adjust the delay . It is well-known
to the skilled artisan that by establishing and varying the
delay 7 in a delay-and-add/subtract based beamformer,
the direction 6 of maximum/minimum amplification is
varied, i.e. the reception lobe of the beamformer is an-
gularly shifted. As also disclosed in the WO 00/68703
and also preferably applied to the overall of the present
invention, signal processing is performed in frequency
mode and frequency-specifically. At the output of the
histogram-forming units 44 the instantaneously prevail-
ing DOA-dependent histograms are present and signals
or data dependent there from are fed to a histogram
classification unit46. Therein, the histogram courses re-
sulting from left ear and right ear acoustical signal re-
ception are evaluated, thereby preferably including
comparing the histogram courses as prevailing at the
units 44, , 44g.

[0061] In unit 46 on one hand the histogram courses
per se are evaluated, e.g. and with an eye on fig. 8 on
peaks, width of the peaks, time behavior of the peaks
etc., and the acoustical surrounding with respect to
acoustical sources therein is respectively classified, as
e.g. under the aspect of "acoustical source moving
away", "acoustical source moving in the surrounding”,
"acoustical source becoming less relevant", "new
acoustical source appearing", "acoustical source disap-
pearing", "head of the individual moving", etc. Addition-
ally the interrelation of both histogram courses is eval-
uated, thereby detecting how one of the histogram
courses alters or appears with respect to the other side
histogram course. This is for instance caused by the re-
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spective HRTF_ and HRTFR becoming at the left and
right ears (L, R) differently effective in dependency of
DOAg. Instead of performing classification on the basis
of DOA according to the second aspect of the present
invention other classifications may be exploited as for
instance described in the WO 02/32208 of the same ap-
plicant which accords with the US application no 10/059
059.

[0062] At the output of histogram classifying unit 46
there are generated control signals or data dependent
on the classification result and from preset classifica-
tion-dependent settings to be realized at the hearing de-
vice system. Thereby at the output of classification unit
46 a signal or data is generated, which is operationally
connected to the beamformer control input BFC and
BFCg and onthe other hand there is generated a control
signal or data input to the weighting unit 49, which ac-
cords to the unit 9, of the system of fig. 7. The beam-
former control data and respective output is shown at
BFC in fig. 9, the weighting unit control signals or data
and respective output of unit 46 by SC. The SC signals
or data do control, as was more generically shown in fig.
6 at the output of unit 12,,, the weighting unit 49 in that,
shown by varying weighting coefficients « to yin Fig. 6,
the weights or transfer functions with which the output
signals at outputs Ay, A4g respectively act upon elec-
trical/mechanical converters 47, and 47g.

[0063] To further explain the embodiment of fig. 9 let
us make an example. To start with there shall appear in
the ¢ = 0 DOA-direction with respect to the units 40 a
significant acoustical source. The beamformers of the
units 40 have their lobe directed on that source defining
for ¢ = 8 = 0. Both histograms at unit 44 may have e.g.
a course as shown in fig. 8(a). The histogram classifi-
cation unit 46 recognizes histogram peaks for ¢ = 0 at
both histograms, and this defines at unit 46 for a yet sta-
ble and significant acoustical source. Accordingly by
means of BFC the beamformers are kept on 6 = 0. The
SC control signal controls the selection unit49 for equal-
ly weighted influence of signals or data appearing at
both outputs A, A,g upon the converters 47.

[0064] Now let's assume this relevant acoustic source
in the acoustical surrounding U starts to move to the
right-hand side of fig. 9. This is recognizable at unit 46,
because both histogram courses will show a develop-
ment according to fig. 8(d). Thus, unit 46 recognizes:
"source is moving to the right". As the acoustical source
considered leads still to a significant sharp peak in both
histogram courses, the beamformers of units 40 are
both controlled by the control signals or data BFC to fol-
low that source. Still the SC control signals control se-
lection unit 46 at least nearly for equally distributed
weighting of the influence of the output signals A, _and
A,R upon the converters 47, and 47y.

[0065] As the acoustical source moves further to the
right the head-related transfer function HRTF starts to
influence the acoustical signals as impinging on the
units 40. Whereas the right-hand side received acous-
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tical signals will not be affected by the HRTF, the left-
hand side received acoustical signals from that source
become more and more influenced by HRTF as the
acoustical source becomes "hidden" by the individual's
head H. Therefore, the histogram course at unit 44g will
still have a pronounced peak representing the source
considered, whereas due to the HRTF the histogram
course at unit 44, will show at the angular position of
the source considered, which is equal to the angular po-
sition of the peak in the histogram course at unit 44y, a
more and more enlarged, less pronounced peak. This
is, purely as an example, shown in fig. 9 aside the his-
togram-forming units 44 and with respect to the same
angular position @4 of the acoustical source considered.
The classifying unit 46 recognizes by comparing the two
histogram courses that at the same angular position ¢4
the left side histogram course has a widened and less
pronounced peak with respect to the right-hand histo-
gram course. This indicates the type of acoustical sur-
rounding according to which a moving acoustical source
has moved so far to the right that the respective HRTF
function becomes effective. This means that the data
from that source processed in the left ear unit 40, be-
come less accurate than the data processed in the right
ear unit 40g from that source and therefore the selection
unit 49 is controlled to react on this specific exemplified
situation by increasing the influencing of the right side
signals or data at output A;g upon the converters 47,
and 47g. Thereby and e.g. within unit 49 the HRTF_
function, which takes effect on the acoustical signals im-
pinging upon the left side unit 40, will be maintained
with respect to data operationally acting upon converter
47, in a most preferred mode, so as to maintain for the
individual spatial perception of the acoustical source.
With respect to beam control, as the DOA data of the
right ear unit 40R become according to this example
more accurate than the respective data from unit 40, e.
g. due to higher level acoustic signals, also beamformer
control will preferably be at least dominated by the DOA
data from the right ear unit 40y (not specifically shown
in fig. 9).

[0066] The weighting-coefficients or functions as of
to y of fig. 6, are preferably complex valued, frequency
or frequency band dependent functions. In the classifier
unit also multiple acoustical source situations are de-
tected and predetermined strategies are set, how to
control on one hand the beamformers, onthe other hand
the signal transmission at weighting unit most suitably
for specific acoustical surroundings.

[0067] Thus, by combining the two aspects of the
present invention a binaural hearing device system is
achieved, which incorporates "intelligent" system ad-
justment based on the evaluation of DOA histogram
course.

[0068] Once again it must be emphasized that the da-
ta or signal processing functions which have been ex-
plained as by fig. 9 may be split in a great variety of re-
alization modes to the two hearing devices or may be
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centralized within a unit remote from the hearing devic-
es, and accordingly the signal transmission link 5 from
one ear side to the other will be provided. Further, the
skilled artisan recognizes that the system as of fig. 9 will
incorporate different digital processing unit DSPs, espe-
cially along the double-arrowed operational connections
so as to take into account specific hearing improvement
needs at both individual's ears, HRTF functions etc.
[0069] As we have mentioned before one approach,
which is today a preferred one, for and as a second as-
pect of the present invention is to provide classification
of the acoustical surrounding of an individual so as to
appropriately control a hearing device, being it a mon-
aural or a binaural hearing device, based on evaluation
of the direction of arrival DOA.

[0070] An approach how to determine the DOA is, as
was explained before, explained in detail in the WO
00/68703. Based on that teaching, in fig. 10 there is ex-
emplified a binaural hearing device system whereat on
one hand and according to the first aspect of the present
invention combined data or signals from at least two in-
put acoustical/electrical converters are respectively
transmitting from one ear side to the otheror in the case
of a CIC-device with one input converter after having
been processed by a Wiener-Filter. On the other hand
the embodiment of fig. 10 incorporates also the second
aspect of the present invention realised on the basis as
disclosed in the WO 00/68703. A left ear reception unit
50, comprises two beamformers one defining a maxi-
mum amplification characteristic in DOA = 0° direction,
the other one in the backwards DOA = 180° direction.
In fig. 10 the beamformers are exemplified as being
equal first order cardoid beamformers.

[0071] Unit 50_ outputs at respective outputs Agg 4
and Agq, , signals or data dependent on the impinging
acoustical signals amplified by the respective DOA de-
pendent amplification of the beamformers and frequen-
cy dependent.

[0072] These signals are respectively denoted in fig.
10 by Sk, and Sgy. This output signals are led after an-
alogue/digital conversion (not shown) to time domain/
frequency domain conversion units 52 ; and 52, , re-
sulting in frequency specific output signals or data Cpy
and Cg4. Signals dependent from the output signals of
the conversion units 562 are further fed to absolute value
forming units 54, and 54, 4 outputing respective fre-
quency specific signals or data ICg4l and ICg4l. These
absolute value signals or signals dependent there from
are fed to a quotient forming or division unit 56, output-
ing for left ear reception unit 50, frequency specific a
quotient Q. Signals or data dependent from that quo-
tient Q, are subjected to histogram forming in a histo-
gram forming unit 68, outputing of histogram data H, .
[0073] The right ear side with right ear reception unit
50R up to data HR is preferably construed exactly equal-
ly to the left ear side as just described and will therefore
not specifically be described again.

[0074] The histogram data from the two histogram
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forming units 58_and 58y are input to a classifying unit
60.

[0075] Further, signals dependent on the front-for-
wards beamformers at both reception units 50, and 50
namely ICg41 and ICg,l are fed to a further quotient form-
ing unit 62, and in analogy signals dependent from the
output signal of the rear beamformers of both reception
units as of ICg4l and ICp,l| are fed to still further quotient
forming unit 62R,. Signals or data dependent from the
result at the said quotient forming units 62, and 62y,
are input to respective histogram forming units 64z, and
64,. The histogram data output by these histogram
forming units are again input to the classification unit 60.
[0076] After classification, e.g. as will just be dis-
cussed, the classification unit 60 generates output sig-
nals or data which are operationally linked to a control
input of the weighting unit 61. As a function of the clas-
sification result-data output by classification unit 60 sig-
nal transfer within weighting unit 61 is controlled, name-
ly:

- froman input E 4 to which signals dependent from
the forward beamformer of unit 50, are fed to output
A, and output Ag respectively,

- froman input E, 5 to which signals or data depend-
ent from the output signals of the rear beamformer
of unit 50, are fed respectively to the output A| and
AR

- and in complete analogy, from the right ear input
Er1: Ero @nd to the said respective outputs A and
Ag. The signals output at A_ and Ag are operation-
ally fed to the output electrical/mechanical convert-
ers 63, and 63 respectively.

[0077] We define:
ICkl
L™ ICg,!
ICp,!
R~ 1Cgl
ICg4!
Re ™ ICpyl
ICkyl
Qv = ICpyl
[0078] Let's discuss possible classification results

and criteria exploited and generated at unit 60 whenever
an acoustical signal source in the surrounding U is de-
tected with different DOA's.
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[0079] Whenever DOA ¢ is between 0° and 90° fol-
lowing is valid:

Q_>1andQy>1.

[0080] Ithasto be notedthatitis preferredto consider
Qy in this case than Qg, because the acoustical signal
impinges at the higher level on the forward beamformer
of both units 50, the output signals of these beamform-
ers being thus more accurate with respect to signal/
noise than the output signals of the respective rear side
beamformers.

[0081] The same is considered with respect to evalu-
ating Q or Qp, the signals leading to Q have a better
signal/noise ratio than the signals leading to Qg be-
cause as the target acoustic source moves towards 90°
the right side HRTF more and more influences signals
received at the right ear unit 50g. These considerations
are made also in the following cases to be discussed
and are not repeated.

[0082] As the target source is located at the DOA ¢
between 90° and 180° the following is valid:

Q <1andQg, > 1.

[0083] As the target source moves on to a DOA ¢ be-
tween 180° and 270° the following prevails:

Qgr <1andQg, < 1.

[0084] Finally as the target source moves to a position
between 270° and 360° the following prevails:

Qi >1andQy < 1.

[0085] Thus by evaluating these criteria, as a simpli-
fied example, within the classification unit 60 it is estab-
lished around 360° where an acoustical source is locat-
ed and accordingly in weighting unit 61 the respective
signal transfer functions are set. As an example:

[0086] If the source is detected by the above criteria
to be located at a DOA between 90° and 180° the rear
side beamformer of left ear reception unit 50_ will be-
come master beamformer because that beamformer
outputs a signal with best signal/noise ratio. Therefore
the transfer functions or coefficients according to fig. 6
from input E, 5 on the one hand to A_ and on the other
hand to Ag will become governing. Thereby the trans-
ferred function from E, to Ag will consider the HRTF
which is not influencing at the source position discussed
signals impinging on the reception unit 50L but which
must be considered for driving the right output converter
63R so as to maintain spatial source perception. Sim-
plified the forward beamformer of unit 50L and both
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beamformers at unit 50R become slaves and their re-
spective output signals are merely exploited to generate
the respective quotients to allow the classification unit
60 to properly classify the prevailing DOA so as to prop-
erly control signal transfer in weighting unit 61.

Claims

1. Abinaural hearing device system comprising a first
device for one ear of an individual, a second device
for the other ear, a data communication link be-
tween said first and said second devices, said first
device comprising at least a reception unit with at
least two input acoustical/electrical converters and
a signal processing unit, the inputs thereof being
operationally connected to the electrical outputs of
said at least two converters and generating at an
output a signal dependent on signals at both said
inputs, said communication link being provided at
the output side of said processing unit and transmit-
ting signals dependent upon said output signal of
said processing unit said second device comprising
at least a output electrical/mechanical converter.

2. Thebinaural hearing device of claim 1, wherein said
first device is a device to be completely introduced
into individual's ear channel (CIC), wherein instead
of said at least two input converters there is provid-
ed a single acoustical/electrical input converter and
wherein instead of said processing unit with at least
two inputs there is provided a processing unit with
one input operationally connected to the output of
said single input converter, said signal processing
unit performing at least a Wiener filter operation up-
on the signal applied to said input.

3. The system of one of claims 1 or 2, wherein said
first device for said one ear does not comprise an
electrical/mechanical output converter.

4. The system of claim 1 or 2, wherein said second
device for said other ear does not comprise an input
acoustical/electrical converter.

5. The system of claim 1 or 2, wherein said first device
for said ocne ear comprises an output electrical/me-
chanical converter unit, the input thereof being op-
erationally connected to the output of said process-
ing unit.

6. The system of claim 1 or 2, wherein said reception
unit is a first reception unit, said at least two input
acoustical/electrical converters are first acoustical/
electrical converters at a first reception unit, said
signal processing unit is a first signal processing
unit, said output electrical/mechanical converter is
a second output electrical/mechanical converter,
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said first device comprising a first output electrical/
mechanical converter, said second device compris-
ing a second reception unit with at least one second
input acoustical/electrical converter.

The system of one of claims 1 or 2, wherein said
data communication link is a wire-bound, an optical
fiber or a wireless communication link.

The system of claim 6, wherein said second recep-
tion unit comprises at least two second input acous-
tical/electrical converters and a second signal
processing unit.

The system of claim 8, wherein the inputs of said
second signal processing unit are operationally
connected to the outputs of said second input con-
verters and generates at a second output a signal
dependent on signals at both said inputs of said
second signal processing unit, said data communi-
cation link being provided additionally at the output
side of said second signal processing unit.

The system of claim 8 or 9, the output of said first
signal processing unit being operationally connect-
ed to a first input of a weighting unit, the output of
said second signal processing unit being operation-
ally connected to a second input of said weighting
unit, said weighting unit having a first output oper-
ationally connected to the input of said first output
converter and a second output operationally con-
nected to the input of said second output converter,
said weighting unit having a control input, said
weighting unit varying operational connection of
saidfirst input to said first output, from said first input
to said second output, from said second input to
said first output and from said second input to said
second output, controlled by a signal applied to said
control input.

The system of claim 10, wherein said operational
connections comprise frequency dependent, com-
plex transfer functions.

The system of claim 10, wherein said control input
is operationally connected to the output of a classi-
fication unit with at least one input operationally
connected to at least one output of at least one of
said reception units.

The system of claim 1, wherein said first device
comprises a beamformer unit with a beamcontrol
input and with an output, a detection unit for the di-
rection of arrival of an acoustical signal impinging
upon said reception unit and generating an output
signal in dependency of said direction of arrival at
an output, said output of said direction of arrival de-
tection unit being operationally connected to said
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16.

17.

18.
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21.

22
beamcontrol input of said beamformer unit.

The system of claim 12, further comprising a deter-
mination unit for the direction of arrival of an acous-
tical signal said determination unit being intercon-
nected between said at least one input of said clas-
sification unit and said at least one output of said at
least one reception unit.

The system of claim 14, further comprising at least
one histogram forming unit the input thereof being
operationally connected to said at least one output
of said at least one reception unit, the output thereof
being operationally connected to an input of said
classification unit.

A method for controlling a hearing device system,
comprising at least a reception unit at a first device
for one ear having atleasttwo input acoustical/elec-
trical converters and at least an output electrical/
mechanical converter at a second device for the
other ear and a communication link between said
first and said second devices, comprising the steps
of generating in dependency of output signals of
said at leasttwo input converters a combined signal
and transmitting said combined signal via said com-
munication link.

The method of claim 16, further comprising the step
of providing instead of said at least two input con-
verters only one converter and construing said first
device as a device to be completely introduced into
the ear channel, further comprising to step of treat-
ing the output of said one input converter by a Wien-
er-Filter and transmitting signals dependent from
the output of said Wiener-Filter via said communi-
cation link.

The method of claim 16 or 17, further comprising
the step of not providing an electrical/mechanical
output converter at said first device.

The method of claim 16 or 17, further comprising
the step of not providing an input acoustical/electri-
cal converter at said second device.

The method of claim 16 or 17, further comprising
the step of providing an output electrical/mechani-
cal converter to said first device.

The method of claim 16 or 17, further comprising
the step of providing at least one input acoustical/
electrical converter at said second device and op-
erating said output electrical/mechanical converter
at said second device in dependency of said signal
transmitted via said communication link and an out-
put signal of said at least one input acoustical/elec-
trical converter of said second device.



22.

23.

24,

25.

26.

27.

28.

29.

23

The method of claim 21, further comprising control-
ling signal transfer functions to a signal driving said
output electrical/mechanical converter at said sec-
ond device on one hand from output signals of said
at least two input converters of said first device and
on the other hand from an output signal of said at
least one input converter of said second device.

The method of claim 22, further comprising the step
of classifying signals dependent from at least two
of the output signals of said at least two input con-
verters at said first device and of said at least one
input converter at said second device and control-
ling said transfer functions in dependency of a result
of said classifying.

The method of claim 23, further comprising the step
of determining direction of arrival of an acoustical
signal impinging on said devices and performing
said classification in dependency of said direction
of arrival.

The method of claim 24, further comprising the step
of generating at least one histogram indicative of
time occurrence of directions of arrival and perform-
ing said classification in dependency of said histo-
gram.

The method of claim 21, further comprising the step
of providing at said first device an output electrical/
mechanical converter.

The method of claim 26, further comprising the step
of driving said output converter of said second de-
vice in dependency of output signals of said at least
one of at least two input converters of said first de-
vice and in dependency of output signals of said at
least one input converter of said second device and
driving said output converter at said first device in
dependency of output signals of at least one of said
at least two input converters at said first device and
in dependency of output signals of said at least one
input converter of said second device.

The method of claim 27, further comprising the step
of controlling said signal transfer functions of said
dependencies between output signals of said input
converters and said output converters.

The method of claim 28, further comprising per-
forming a classification of signals dependent on at
least two output signals of said at least two input
converters of said first device and said at least one
input converter of said second device and control-
ling said dependencies between said output signals
of said input converters and said output converters
in dependency of results of said classification.

Exhibit 1009
Page 1921 of 2198

20

25

30

35

40

45

50

55

13

EP 1 320 281 A2

30.

31.

32.

33.

24

The method of claim 29, further comprising deter-
mining direction of arrival of acoustical signals upon
said devices, said classification comprising classi-
fying of said direction of arrival.

The method of claim 29, further comprising the step
of forming at least one histogram of a signal, said
classification comprising classifying the result of
said histogram forming.

The method of claim 26, said second device com-
prising at least two input converters.

A method for producing a drive signal for an electri-
cal/mechanical output converter of a binaural hear-
ing device comprising the steps of acoustical/elec-
trical converting impinging acoustical signals at at
least two input converters of a device to be applied
adjacent or in individual's one ear, transmitting a
signal dependent from both said convertings via a
link to a further device to be applied adjacent or in
individual's other ear and generating said drive sig-
nal in dependency of said transmitted signal.
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Audio device for and method of determining biometric characteristics of a user

FIELD OF THE INVENTION

The invention relates to an audio device for determining biometric characteristics of a
user.

The invention further relates to a method of determining biometric characteristics of a
user.

The invention further relates to a system for biometric identification.
The invention further relates to a method for identification of a user on the basis of

aural biometric characteristics of that user.

BACKGROUND OF THE INVENTION

Usually, the term "biometrics" is used to describe methods of recognizing a person
based on physiological or behavioural characteristi(; of that person. Such a characteristic-is-
referred to as a biometric, and can be the person's face, his fingerprints, hand geometry, ;
handwriting, iris, retinal pattern, vein pattern, voice, etc. The use of human biometric features
for identity verification and person recognition is well known. Biometric technologies are

becoming the foundation of an extensive array of highly secure identification and personal

verification sohutions. The advantage of using biometrics for access control, rather than using ' :

other methods such as PIN (personal identification number) codes or identity cards, is that a
biometric cannot be lost, given away, or stolen from the person it characterizes. However, not
all biometric features are immune to being copied. For example, it is possible to make a copy
of a fingerprint and to fraudulently use this copy to gain access to data otherwise only
accessible to the true owner of the fingerprint. Furthermore, some types of biometric
identification systems fail to gain general acceptance by the public. For example, a person
may feel uncomfortable having to expose his eye to a retina or iris scanner.

It is known from prior art that the acoustical properties of the ear can be used to
identify people uniquely. This kind of biometric feature cannot easily be copied, and can
easily be implemented in a mobile phone for remote identification, thus replacing
conventional, less reliable methods of identification such as the PIN code. In the case of
acoustic ear canal biometrics, what is of interest is the topology of the ear canal, which is
unique for every human. An incoming sound signal is reflected and otherwise modified by

the ear canal to give an aurally reflected signal which exits the ear canal. In US 5,787,187 a
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sound signal is directed into the ear of a user, and the frequency response of the ear canal is
measured and analysed to extract a feature vector unique to this user. However, since the
microphone used to detect the response from the ear canal must also pick up any surrounding
sound signals, such a measurement system is particularly prone to error owing to background
noise. These unwanted background noise signals can really only be excluded from the
measurement described by, for example, enclosing the microphone and the ear in headphones
of a size large enough to encompass the entire ear. Since such headphones are generally
cumbersome to use and awkward to transport, they are impractical for frequent use, and
unsuited to user identification for applications such as telephone banking, telephone
brokerage, etc, which a user generally wishes to carry out with a mobile phone, whether at

home or underway.

SUMMARY OF THE INVENTION

Therefore, an object of the present invention is to provide a robust and user-friendly
way of identifying a user on the basis of his aural biometric characteristics.

To this end, the present invention provides an audio device, comprising a loudspeaker
for outputting a loudspeaker output signal close to the ear of a user of the audio device and a
first microphone arranged in a manner suitable for recording a first microphone input signal
including an aurally reflected signal component, an active noise cancellation circuit for.
actively reducing any background noise component of the microphone input signal, and a
biometric characteristics determination unit for determining the aural biometric
characteristics of the user on the basis of the noise-reduced microphone input signal.

An appropriate method for determining biometric characteristics of a user according
to the present invention comprises directing a loudspeaker signal into the ear of a user and
recording the response as a microphone input signal. The microphone input signal will
include other signal contributions besides the loudspeaker signal, such as an aurally reflected
signal component contributed by reflections of the loudspeaker signal back out of the ear
canal of the user. If the microphone also picks up any other sounds generated in the
background — which detract from the quality of the microphone signal and are therefore
collectively referred to as background noise — then, according to the invention, such a
background noise signal component of the microphone input signal will be reduced by an
active noise cancellation circuit. The aural biometric characteristics of the user are then
determined using the resulting noise-reduced microphone input signal.

Using the invention, the audio device can be any type of audio device with a
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loudspeaker which is intended for use close to the ear of the user, such as a telephone
handset, a mobile telephone, a set of headphones, etc., and does not require special
headphones to exclude background noise. The loudspeaker incorporated in or on the audio
device can issue sound signals essentially directly into the ear canal of the user. Since the
first microphone is intended to pick up the loudspeaker signal reflected back out of the ear
canal — the aurally reflected signal — the microphone need only be positioned so that it is
advantageously placed for picking up these reflected sound signals. Preferably, the
microphone might be placed in the direct vicinity of the loudspeaker, but it may even be
positioned within the circumference of the loudspeaker itself.

Furthermore, using the invention, it is not necessary to use the audio device under
ideal conditions. Any unwanted signal components of the microphone input signal — such as
traffic noise, conversations being carried out in the vicinity, music etc. — detracting from the
quality of the microphone input signal, and collectively referred to as a background noise
signal, can essentially be "cancelled" by isolating the background noise signal, phase-
inverting it and subtracting it from the loudspeaker output signal to give a noise-reduced
microphone input signal. This technique is known as active noise cancellation (ANC). ANC
circuits'are already to be found in a variety of audio devices, e.g. mobile phones, where they

are used to optimise the quality of the loudspeaker output signal, allowing the audio device to

. be used in a noisy environment, since the background noise is suppressed at the position of

‘the user's ear.

According to the invention, this technique is used to yield a noise-reduced
microphone input signal, now comprising essentially the loudspeaker output signal and the
aurally reflected signal component, which is forwarded to the biometric characteristics
determination unit. Here, with the aid of suitable filters, biometric characteristics of the user
can be determined on the basis of the aurally reflected signal component of the microphone
input signal, as will be explained in more detail below.

A particularly advantageous characteristic of the present invention is, therefore, that
an audio device comprising the necessary loudspeaker, microphone, ANC circuit and filters
can easily be also used for biometric user identification without requiring extensive
additional hardware. For example, a mobile phone which incorporates an additional
microphone in the vicinity of the loudspeaker might be used, whereby it is not necessary to
ensure particularly favourable environmental conditions, since the presence of background
noise becomes essentially irrelevant when the invention is applied.

The dependent claims and the subsequent description disclose particularly
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advantageous embodiments and features of the invention.

A sound signal can comprise a number of frequency components, and can be
described in the frequency domain by its frequency spectrum which shows to what extent
each frequency is represented in the sound signal. When an acoustic signal is reflected or
modified in some way by the surrounding environment, the resulting signal is called the
response signal. In travelling from a source (loudspeaker) to a target (microphone) in a non-
ideal environment, a sound signal suffers some degree of attenuation. Furthermore, the
quality of the loudspeaker and microphone also influence the quality of the received signal.
Some frequencies, typically the higher frequencies, will generally suffer more attenuation
than others. The frequency response for a recorded response signal can be calculated by
performing a Fourier transform on the recorded response signal. Typically, this is carried out
digitally on a sampled response signal using a digital filter to perform a discrete Fourier
transform, which can be further developed to derive a "feature vector" characterizing the -

source, target and surrounding environment. Attenuation effects of the microphone are also

.dincluded in this feature vector. The net changes which the original signal undergoes from

“source to target can be expressed, generally in the frequency domain, using a "transfer

function", which essentially describes the quality of signal transfer from source to target. For

. example, for a loudspeaker/microphone pair, the transfer function is termed the "loudspeaker
-to microphone transfer function", and takes into account the frequency response of the

- microphone, as well as the frequency response of the loudspeaker.

In the case of the ear canal, a sound signal directed into the ear canal will be reflected
back out in an attenuated form. The amount of attenuation is unique to each ear canal, so that
the feature vector of the frequency response of the ear canal can be used as a reliable
biometric characteristic for that ear canal (and ultimately, for the user), and the transfer
function from the loudspeaker to the ear is given by the loudspeaker to ear transfer function.
Since the noise-reduced microphone input signal essentially consists of the loudspeaker
output signal and the aurally reflected signal component, by processing the noise-reduced
microphone input signal in a suitable manner it is possible to obtain the loudspeaker to ear
canal transfer function, which comprises the biometric characteristics for this user.
Regardless of the quality of the loudspeaker output signal, the feature vector calculated from
the frequency response of the ear canal will always be the same for a particular user.

In a preferred embodiment of the invention, an adaptive filter arrangement might be
used to process the noise-reduced microphone input signal and to determine the biometric

characteristics for the user. The adaptive filter arrangement might comprise an analog or
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digital filter for processing the loudspeaker signal, and an update part for modifying the filter,
for example by modifying the coefficients of an adaptive digital filter or the inductive,
capacitive, or resistive parts of an adaptive analog filter. The input signal to the update part
might be obtained by subtracting the filtered loudspeaker output signal from the noise-
reduced microphone input signal. An adaptive filter arrangement such as the type often used
for acoustic echo cancellation (AEC) might be used. Therefore, the audio device can
preferably make use of existing circuitry, otherwise used to perform acoustic echo
cancellation in the audio device, to also calculate the biometric characteristics of the user's
ear canal.

In a particularly preferred embodiment of the invention, the adaptive filter
arrangement — or biometric characteristics determination unit — of the audio device might be
used to indirectly improve the quality of the microphone input signal by modifying the
behaviour of the active noise cancellation circuit. Therefore, a control signal connection is
preferably implemented between the biometric characteristics determination unit and the
active noise cancellation circuit, such that a control signal generated by the biometric
characteristics determination unit controls the behaviour of the active noise cancellation
circuit. In this way, the noise reduction or cancellation function of the active noise -
cancellation circuit can be improved to give a better noise-reduced microphone input signal,
which in turn provides for a more accurate estimate of the feature vector.

In a preferred embodiment of the invention, the audio device might comprise‘a second:
microphone arranged in a manner suitable for picking up or recording a second microphone -
input signal component, such as a user speech signal, for transmission to a conversation
partner. The audio device might therefore be used in the manner of a telephone handset, a
mobile phone, a headset, etc. The user of such an audio device can listen to and speak to his
conversation partner using the loudspeaker and second microphone respectively.

Since the second microphone might pick up the loudspeaker output signal as well as
the desired speech signal component, a preferred embodiment of the invention provides for
an acoustic echo cancellation arrangement for reducing any loudspeaker output signal
component in the second microphone input signal. This improves the listening quality for the
users of such audio devices.

Since the function of the biometric characteristics determination unit may effectively
be the same as that of an acoustic echo cancellation circuit, it might be sufficient to
implement just one such circuit in the audio device. The single acoustic echo cancellation

circuit can be used to minimize the loudspeaker contribution to the second microphone input
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signal while one of the conversation partners is talking, and it can also be used to determine
the aural biometric characteristics of the user, for example, during periods of silence.
Therefore, in a particularly preferred embodiment of the invention, a switch is implemented
for switching an acoustic echo cancellation arrangement between the first microphone input
signal and the second microphone input signal. Switching between microphones can be
effected once, for example when the user of the audio device initially establishes a
connection between that audio device and a remote device, or at intervals, for example during
periods of silence. In this way, even the speech signal of the conversation partner can be used
in determination of the aural biometric characteristics of the user. The aural biometric
characteristics of the user are preferably calculated when the user himself is not speaking,
since his voice would also be picked up by the microphone positioned close to his ear, and
might have a detrimental effect on the performance of the biometric characteristics
determination unit. Any suitable technique for determining whether or not the user is
speaking can be applied to determine when to switch between the two microphones.

The aural biometric characteristics of a user might be used to identify the user before
granting him access to, for example, an online banking service operating from-a remote
device. To this end, the aural biometric characteristics might be transmitted for verification to
a remote device. Since a user's aural biometric characteristics are to be used for identification
and/or for granting him access to applications to which only he should have access, the aural
biometric characteristics are preferably encrypted before being transmitted. Alternatively, the
user's aural biometric characteristics might be stored locally in the audio device..For
example, the aural biometric characteristics of the owner of a mobile phone might be stored
locally in the phone, authorising only that person to use that phone, and thus offering an
effective deterrent against mobile phone theft.

If the audio device is being implemented as, for example, a mobile phone, a derivative
of the second microphone signal can also be transmitted to a remote device or "far end".
Here, the term "derivative" simply means that a microphone signal is not transmitted directly
from the microphone, but after being processed in some way. The derivative of the second
microphone signal is obtained by performing AEC on the user speech signal.

The relative positions of the first and second microphones, and the fact that both
microphones pick up the same background noise, albeit to different degrees, can be used to
good effect in reducing the noise component of the speech signal. Since the second
microphone is favourably positioned to pick up the user's speech, the second microphone

signal, which is intended for transmission to a far end, will comprise a relatively greater
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proportion of speech than of noise. On the other hand, the first microphone is positioned
further away from the mouth, so that the first microphone signal will comprise a relatively
greater proportion of noise. Therefore, in a further preferred embodiment, these two signals
can be processed together in a signal conditioning unit to improve the signal-to-noise ratio,
5  and therefore the quality, of the speech signal prior to transmission.

An appropriate method of identification of a user on the basis of aural biometric
characteristics of that user comprises an enrolment step in which a reference set of aural
biometric characteristics of a user are determined as described above, and stored in a storage
device to enrol a user for access to an application. In a following identification step, an

10  identification set of aural biometric characteristics of a user are determined as described
above, and compared to the reference set of aural biometric characteristics. Here, the
comparator may make use of known techniques of pattern recognition to find a reference set
to match the identification set of aural biometric characteristics. Identification of the user
succeeds if a discrepancy between the identification set of aural biometric characteristics and

15  the reference set of aural biometric characteristics falls below a pre-defined confidence
measure.

‘ A "confidence measure" is essentially a measure of the accuracy of the system. For
. some applications, a.very high level of accuracy is required, whereas a lower level might
.- suffice for other applications.. The accuracy of the system can be expressed in terms of false

20 .. acceptance ratio (FAR), where a user is erroneously identified or accepted, and false.rejection
ratio (FRR), in which a user is erroneously rejected. The audio device, comparator and
decision making unit might be realised as a single device. However, since the realisation of a
comparator and/or decision making unit might require more space than might be available in
a user-friendly audio device, these comparator and decision making units might be realised

25  separately, at the same or at different locations.

A corresponding system for biometric user identification comprises an audio device
as described above for determining an identification set of aural biometric characteristics of a
user, and an interface or access unit for accessing a reference set of aural biometric
characteristics of the user, determined and stored, for example, in a previous enrolment step.

30  The system further comprises a comparator to compare or match the feature vector of the
reference set to the feature vector of the identification set, and a decision making unit for
deciding whether any discrepancy between the identification set of aural biometric
characteristics and the reference set of aural biometric characteristics falls below a pre-

defined confidence measure.
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The storage device used for storage of the identification set of aural biometric
characteristics can be, for example, a database on a computer, a SMART card, a SIM card, or
any suitable memory device.

For example, the owner of a mobile phone might enrol himself as the authorised user
for this mobile phone. To this end, he might initiate an enrolment step by which his aural
biometric characteristics are calculated and stored for use in a later verification step, either
locally on the SIM card of the mobile phone, or remotely after transmission of the aural
biometric characteristics to a remote device or application. The owner of the mobile phone
might wish to authorise a further person, or further persons, to use his mobile phone. He
might do this by initiating an enrolment step and allowing the person to be authorised to hold
the mobile phone to his ear, in order for his aural biometric characteristics to also be stored
for use in a future verification step. The mobile phone might include sofiware for checking or
verifying whether a person using the phone is also one of the authorised persons. This
verification might be carried out before a user of the mobile phone even makes a connection.
Therefore, such an application of the invention offers very effective protection of mobile
phone theft, since only the authorised persons will be able to use the mobile phone to make
calls.

Other objects and features of the present invention will become apparent from the
following detailed descriptions considered in conjunction with the accompanying drawings.
It is to be understood, however, that the drawings are designed solely for the purposes of

illustration and not as a definition of the limits of the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will now be described in more detail, by way of example, with
reference to the accompanying drawings, wherein:

Fig. 1 is a schematic diagram of an audio device according to a first embodiment of
the invention,

Fig. 2 is a more detailed block diagram of the audio device according to the first
embodiment of the invention,

Fig. 3 is a block diagram of an audio device according to a second embodiment of the
invention,

Fig. 4 is a block diagram of an audio device according to a third embodiment of the -
invention,

Fig. 5 is a block diagram of system for biometric user identification according to the
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invention together with an application, and
Fig. 6 is a schematic diagram of a realisation of an audio device according to an

embodiment of the invention.

DETAILED DESCRIPTION OF THE INVENTION

In the drawings, like numbers refer to like objects throughout.

Fig. 1 shows a simplified representation of an audio device 1, which might be a mobile
phone, telephbne handset, headset, etc. The audio device comprises a loudspeaker 2 and
microphone 4 and receives an input signal S; which is ultimately to be converted to an
acoustic signal Sy, by the loudspeaker 2. The loudspeaker 2 is positioned close to the ear 3 of
a user in such a way that the acoustic signal Sy, originating in the loudspeaker 2, is directed
into the ear canal of the ear 3. For the sake of simplicity, the diagram does not show any
output signals, which will be considered in more detail below.

The acoustic loudspeaker signal Sy is reflected back out of the ear canal in the form of
an aurally reflected signal S,. Both the loudspeaker signal Sy, and aurally reflected signal S,
are picked up, or recorded, by the microphone 4. Furthermore, any other acoustic signals —
besides the loudspeaker signal St and aurally reflected signal S, — collectively regarded as a
background noise signal Sy originating from a figurative source of noise 17, are also picked
up by the microphone 4. A microphone input signal M therefore comprises a loudspeaker
component, an aurally reflected component, and a background noise component.

In its simplest form, the audio device 1 comprises two signal processing blocks 5, 6.
One of these, an active noise cancellation unit 5, serves to reduce the background noise
component of the microphone signal M by effectively subtracting it from the input signal S;
to give a modified loudspeaker output signal, which, when combined with the actual
background noise, effectively cancels out the influence of the background noise as perceived
by the user.

The other signal processing block, an adaptive filter arrangement 6, processes the
loudspeaker and aurally reflected components of the microphone signal M to determine
biometric characteristics of the ear canal, and ultimately of the user.

Fig. 2 shows the composition of the active noise cancellation unit 5 and the adaptive
filter arrangement 6 in more detail.

The active noise cancellation unit 5 comprises a transfer function block 7, which
performs a transfer function Hisymic on the input signal S;. The transfer function applied is that

of the loudspeaker to microphone, giving effectively the same signal that would be recorded
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by the microphone if no other signal components were picked up. The output of the transfer
function block is subtracted from the microphone input signal M in a summation unit 15. The
output of this summation unit 15, comprising basically everything but the loudspeaker signal
Sy, —i.e. the background noise Sy — is forwarded to an inverse transfer function block 8 and a
subsequent low pass filter 9 to modify the noise component Sy, giving an "anti-noise" signal
component which is subtracted from the incoming signal S; to give a modified "anti-noise"
version S;' of the input signal S;. This "anti-noise" input signal S;' is converted by the
loudspeaker 2 into an acoustic signal St that effectively cancels out the background noise, as
might be perceived by a listener.

The adaptive filter arrangement 6 comprises a filter unit 10, an update block 11 and a
summation unit 16. The filter unit 10 receives the modified input signal S;', performs a further
modification, and outputs a signal Sx. The summation unit 16 subtracts the signal Sx from the
microphone input signal M and passes the result to the update block 11. On the basis.of the .
summation result, the update block 11 continually adjusts the coefficients of the filter unit 10,
until they arrive at a good estimate of the loudspeaker to microphone transfer function Hisomic.
This transfer function Hismie characterizes the aural biometric of the user, and can therefore: -
be used for reliable user identification. Techniques for deriving such transfer functions are -
known and described in the literature, for example in H. Moller et al., "Transfer
Characteristics of Headphones measured on Human Ears", J. Audio Eng. Soc., Vol. 43, 4,
1995.

Since the filter 10 of the adaptive filter arrangement 6 is adapted continually until it -
approximates a filter performing the loudspeaker to microphone transfer function Hipmic, and,
on the other hand, a loudspeaker to microphone transfer function Hisymic is required in the
active noise cancellation unit 5, the adaptive filter arrangement 6 can preferably be used to
improve the performance of the active noise cancellation unit 5. This is shown in Fig.3,
which is basically the same as Fig.2 with an additional control signal 22. This control signal
22 "informs" the transfer function block 7 and the inverse transfer function block 8 of the
active noise cancellation unit 5 of the "correct” filter performance. The transfer function
block 7 and the inverse transfer function block 8 can then be modified accordingly, thereby
improving the performance of the active noise cancellation unit 5. Generally the adaptive
filter arrangement 6 is realized using digital components. These digital components can be
used to control the ANC circuit 5 which is realized generally using analog components. The
technique of using digital controllers to modify the performance of analog cancellation

electronics is known, and has also been described in US 5,440,642.
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Delays may be incurred by the elements of the active noise cancellation unit 5 and the
adaptive filter arrangement 6 during signal processing for the determination of the aural
biometric characteristics. To compensate for these.delays, appropriate delay elements 12, 13
can be inserted as required into the microphone output signal M before the summation units
15, 16. '

The audio deviée 1 according to the invention can easily be realised in the form of a
telephone handset, headset, or mobile phone, as illustrated in Fig. 4. Here, the configuration
described in Fig. 2 and Fig. 3 is augmented by a second microphone 14 for picking up a
speech signal Sy issuing from the 19 mouth of the user. The adaptive filter arrangement 6 can
also be used to reduce unwanted echo effects — perceived as detrimental to the quality of a
telephone conversation — by connecting it between the second microphone 14 and the
loudspeaker 2. Since aural biometric characteristics are only calculated when the user is not
speaking, both first microphone 4 and second microphone 14 can share the single adaptive
filter arrangement 6. A switch 34 for switching one of the microphone signals through to the
adaptive filter arrangement 6 can be software controlled, so that the first microphone 4 is
routed to the adaptive filter arrangement 6 whenever the user is not talking, or when a
connection is being set up, or at any other appropriate time. At any other time, the voice input
signal My picked up by the second microphone 14 can be switched through to the adaptive.
filter arrangement 6 and modified to give a speech microphone output signal 37, free of any:
loudspeaker contribution.

" The modified speech microphone output signal 37 is routed to a signal conditioning
unit 30 before transmission as an output signal 38 to a far end, where it is used appropriately.
For example, the output signal 38 might be transmitted to a remote audio device such as a
telephone, and there converted into audible sound by the telephone loudspeaker. A data
signal 36, comprising the aural biometric characteristics of the ear 3 of the user, might be sent
to an appropriate analysis unit for performing the necessary steps of user enrolment and/or
user verification. Such an analysis unit, not shown in the diagram, might be realised in the
audio device, or externally, depending on the intended application and on device realisation
constraints.

Fig. 5 illustrates a system 40 for biometric user identification, where an audio device
1, comprising a loudspeaker 2 and microphone 4, is used to determine aural biometric
characteristics for a user in the manner described above, on the basis of a loudspeaker signal
Sy and the resulting aurally reflected signal S reflected from the ear canal of the user's ear 3.

In a first enrolment step, a reference set A.r of aural biometric characteristics is
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determined and transmitted to a remote device 41, which might be in the vicinity of the audio
device 1 or at a remote location. Transmission might be effected via a cable link, or in a
wireless manner. The reference set A,er of aural biometric characteristics is forwarded by an
interface 42 to a suitable storage device 43 for storage.

At a later point in time, in an identification step, an identification set Ajq of aural
biometric characteristics is generated in the audio device 1, and is also transmitted to the
remote device 41, where it is forwarded to a comparator 44. The interface 42, operating in
this step as an accessing unit 42, retrieves the reference set Arer of aural biometric
characteristics from the storage device 43 and forwards these to the comparator 44. The
comparator 44 compares both sets Ajg, Arer 0f aural biometric characteristics using
appropriate techniques of pattern matching or feature vector analysis. The results of the
comparison are passed to a decision making unit 45, which determines whether the match is
sufficiently close to warrant a positive identification of the user. The decision making unit 45
reports its decision — "accept” or "reject” — in the form of an appropriate identification signal
46 to the application to which the user is attempting to gain access.

The application can use the identification signal 46 to determine whether it should

- continue or abort. For example, a positively identified user, attempting to access a telephone

- brokerage service for which he has previously enrolled by allowing his reference set Aer of

aural biometric characteristics to be stored, is indicated by a corresponding "accept"
identification signal 46. The telephone brokerage service can assume that the user is who he
claims to be, and responds to the user's wishes, transmitted perhaps as spoken commands
over the telephone connection. In the case of a negative decision of the decision making unit
and a subsequent "reject” identification signal 46, the telephone brokerage service can report
the failure to the user attempting to gain access, via the telephone connection, and terminate
the connection.

Fig. 6 shows a possible embodiment of the audio device 1. Here, the audio device 1
comprises a typical mobile phone. The loudspeaker 2 is positioned so that it can be held close
to the ear whilst maintaining a suitable distance between the speaker microphone 14 and the
mouth of the user. A microphone 4 for use in active noise cancellation and biometric
characteristic determination is positioned close to the loudspeaker 2. This illustration
demonstrates that the functionality of the methods according to the invention can be realised
in an audio device of the type commonly available.

Although the present invention has been disclosed in the form of preferred

embodiments and variations thereon, it will be understood that numerous additional
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modifications and variations could be made thereto without departing from the scope of the
invention. For example, the filters used in the adaptive filter arrangement, acoustic echo
cancellation circuit and active noise cancellation circuit can be analog filters, digital filters, or
a combination of both. A reference set of aural biometric characteristics for use in user

5  identification can be determined in a different manner to that described above.
For the sake of clarity, it is also to be understood that the use of "a" or "an" throughout this
application does not exclude a plurality, and "comprising" does not exclude other steps or
elements. A "unit" may comprise a number of blocks or devices, unless explicitly described
as a single entity.

10
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CLAIMS

1. An audio device (1) comprising:

- a loudspeaker (2) for outputting a loudspeaker output signal (Sp) close to the ear (3) of
a user of the audio device (1);

- a first microphone (4) arranged in a manner suitable for recording a first microphone
input signal (M) including an aurally reflected signal component (Sa);

- an active noise cancellation circuit (5) for actively reducing any background noise
component (Sy) of the microphone input signal (M);

- a biometric characteristics determination unit (6) for determining the aural biometric

characteristics of the user on the basis of the noise-reduced microphone input signal (M).

2. An audio device (1) as claimed in claim 1, wherein the biometric
characteristics determination unit (6) comprises an adaptive filter arrangement (10) capable

of performing the functions of acoustic echo cancellation.

3. An audio device (1) as claimed in claim 1, comprising a control signal
connection between the biometric characteristics determination unit (6) and the active noise
cancellation circuit (5) such that a control signal (22) generated by the biometric
characteristics determination unit (6) controls the behaviour of the active noise cancellation

circuit (5).

4. An audio device (1) as claimed in claim 1, comprising a second microphone
(14) arranged in a manner suitable for recording a second microphone input signal (My)

including a user speech signal component (Sy) for transmission.

5. An audio device (1) as claimed in claim 1, comprising an acoustic echo
cancellation arrangement (16) for reducing any loudspeaker output signal component (Si) of

the second microphone input signal (My).

6. An audio device (1) as claimed in claim 1, comprising a switch (34) for
switching an adaptive filter arrangement (6) between the first microphone input signal (M)

and the second microphone input signal (My).
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7. An audio device (1) as claimed in claim 1, comprising a signal conditioning
unit (30) for improving, according to the first microphone signal (M), the quality of a

derivative (37) of the second microphone input signal (My) prior to transmission.

8. A system (40) for biometric user identification, comprising

- an audio device (1) as claimed in claim 1, for determining an identification set (Aiq) of
aural biometric characteristics of a user;

- an access unit (42) for accessing a reference set (Arr) of aural biometric
characteristics of the user;

- a comparator (44) for comparing the identification set (Aiq) of aural biometric
characteristics with the reference set (Ar) of aural biometric characteristics;

- a decision making unit (45) for deciding whether any discrepancy between the
identification set (Ajq) of aural biometric characteristics and the reference set (Ars) of aural -

biometric characteristics falls below a pre-defined confidence measure.

9. A method of determining biometric characteristics of a user, wherein:

- a loudspeaker output signal (SL) is emitted from a loudspeaker (2) close to the ear (3)
of a user;

- a microphone input signal (M), including an aurally reflected signal component (Sa);
is recorded by a first microphone (4);

- a background noise signal component (Sy) of the microphone input signal (M) is
reduced by an active noise cancellation circuit (5) to give a noise-reduced microphone input
signal (M); and

- aural biometric characteristics of the user are determined using the noise-reduced

microphone input signal (M).

10. A method of identification of a user on the basis of aural biometric
characteristics of that user, wherein:

- in an enrolment step, a reference set (Arer) of aural biometric characteristics of a user
are determined, which aural biometric characteristics are comparable to aural biometric
characteristics determined according to the method as claimed in claim 9, and the reference
set (Arer) of aural biometric characteristics of the user are stored in a storage device (43);

- in an identification step, an identification set (A;q) of aural biometric characteristics of

a user are determined according to the method as claimed in claim 9, which identification set
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(Asq) of aural biometric characteristics is compared to the reference (Aef) set of aural
biometric characteristics, and identification of the user succeeds if a discrepancy between the
identification set (Aiq) of aural biometric characteristics and the reference set (Af) of aural

biometric characteristics falls below a pre-defined confidence measure.
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Description
FIELD OF INVENTION

[0001] The presentinvention relates to signal process-
ing and modeling technique, and more specifically to sig-
nal processing and modeling technique for noise cancel-
lation.

BACKGROUND OF THE INVENTION

[0002] Analog active noise cancellation (ANC) sys-
tems suffer from a number of problems. Specifically, they
are prone to acoustic feedback, and they do not provide
as high a degree of cancellation for periodic or other qua-
si-stationary signals as can be realized with a digital sig-
nal processing (DSP) enhanced analog ANC system.
[0003] Analog ANC systems are also difficult to adjust
(or "tune") for different headset designs and also in a
production environment where normal production varia-
tions in transducers and listening device assembly in-
crease the likelihood of acoustic feedback.

[0004] Further, current analog ANC techniques ad-
dress only part of the noise cancellation that is needed
by users in high noise environments. Specifically, analog
ANC provides noise cancellation at predominantly low
frequencies (below 1500 Hz to 2000 Hz),

[0005] Fully digital ANC systems are possible. How-
ever, group delay orlatency isinduced by analogto digital
(A/D) conversion, digital to analog conversion and digital
processing associated with DSP systems. Further, due
to power consumption, they are not practical in many
portable applications.

[0006] U.S. Patent Nos. 5,475,761, 5,699,436, and
5,815,582 by Noise Cancellation Technologies (NCT)
disclose methods of digital ANC using a combination of
both feedback and feed-forward methods. The methods
employ DSP to perform ANC, However, due to the inher-
ent delay in the DSP, they are not practical for most ap-
plications when low-power, low-cost, and small-size con-
straints are applied. There are many other similar
DSP-based systems that suffer from the same delay
problem, for example, the systems disclosed in U.S. Pat-
entNos. 6,418,227 B1, 5,991,418 and 5,940,519 by Kuo
et al. from Texas Instruments Inc.

[0007] U.S. Patent Nos. 6,069,959 and 6,118,878
byNCT disclose fully analog solutions to the ANC prob-
lems. Specifically, as U.S. Patent No. 6,118,878 ex-
plains, significant tuning and adaptation of the system
parameters are necessary to avoid instability and arti-
facts. However, the patent suggests that the tuning can
be implemented using analog components and methods.
[0008] DSP-controlled ANC systems have tried to ad-
dress the difficult problem of tuning of the analog ANC
systems through the use of CPUs and signal processing
methods. Forexample, U.S. Patent 5,440,642 by Denen-
berg et al. discloses DSP techniques that can control
ANC system parameters, such as loop gain and loop
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filter frequency response. U.S. Patent Application Publi-
cation No. 20040037430 A1 uses DSP techniques (LMS
adaptation) to control the secondary path typically used
in the filtered-X LMS algorithm. U.S. Patent No.
4,965,832 uses DSP control of a feed-forward ANC sys-
tem to control the loop-gain and the loop-filter bandwidth.
U.S. Patent No. 6,278,786 B1 uses DSP to not only con-
trol the loop-gain but also to provide an acoustic signal
(to be added to the analog ANC anti-noise) that will cope
with tonal noises more effectively.

[0009] Subband adaptive filters (SAFs) become anin-
teresting and viable option for many adaptive systems.
The SAF approach uses a filterbank to split the fullband
signal input into a number of frequency bands, each serv-
ing as input to an adaptive filter. This subband decom-
position greatly reduces the update rate and the length
of the adaptive filters resulting in much lower computa-
tional complexity.

[0010] To be able to employ powerful SAF method for
ANC, one has to tackle a processing delay issue.
[0011] To reduce the processing delay in the SAFs,
U.S. Patent No. 5,329,587 by Morgan et al, has intro-
duced a method of reconstructing the subbandfilter back
into time-domain. Starting with adapted subband filters,
they first transform the SAFs into the frequency-domain
(using an FFT), appropriately stack the results, and in-
verse transform them back into time-domain to obtain a
time-domain adaptivefilter. The time-domain filter isthen
used to implement time-domain adaptive filtering. The
details of their technique are also reported in a research
paper Morgan et. al. ("A delayless subband adaptive filter
structure", IEEE Trans. on Signal Proc., Vol. 43, pp.
1819-1830, Aug. 1995.) that offers a good survey of pre-
vious efforts on low-delay adaptive systems. Let us call
this method DFT-1 Stacking as disclosed in J. Huo et al.
("New weight transform schemes for delayless subband
adaptive filtering", in Proc. of IEEE Global Telecom.
Conf., pp. 197-201,2001). After analyzing Morgan’s
method in by J. Huo et al., they offer two variations to the
method (known as "DFT-2 Stacking" and "DFT-FIR
Stacking”) to improve the performance. These methods
are all based on DFT, proper stacking, and inverse DFT.
In DFT-FIR, aconvolution with a synthesis filter after DFT
is also added. Moreoverin L. Larson et al, (A new sub-
band weight transform for delayless subband adaptive
filtering structures”, in Proc. of IEEE DSP workshop, pp.
201-206), a Linear Weight Transform method is intro-
duced. The method employs a linear matrix transforma-
tion of the subband filters using both analysis and syn-
thesis filters to recover the time-domain adaptive filter.
In yet another set of works following Morgan’s method,
a different method is proposed that employs the Had-
amard transform to reconstruct the time-domain filter (N.
Hirayama and H. Sakai, "Analysis of a delayless sub-
band adaptive filter", in Proc, of ICASSP, pp.
2329-2332,1997; and N, Hirayama et al., "Delayless
subband adaptive filtering using the hadamard trans-
form", IEEE Trans. on Signal Proc., Vol. 47, No, 6, pp.
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1731-1734, Jun. 1999).

[0012] In a series of research paper presented from
1997 to 1999, Merched et al. present methods of trans-
ferring the SAFs to time-domain (R. Merched et al. "A
Delayless alias-free subband adaptive filter structure”, in
Proc. of IEEE Int. Symp. On Circuits and Systems, pp.
2329-2332, Jun. 9-12,1997; P. 8. R. Diniz et al. "Analysis
of a delayless subband adaptive filter structure”, in Proc.
of ICASSP, pp. 1661-1664, 1998; R. Merched et al. "A
new delayless subband adaptive filter structure", IEEE
Trans. on Signal Proc., Vol. 47, No. 6, pp. 1580-1591,
Jun. 1999). Their methods are designed only for maxi-
mally decimated (QMF) PR filter banks, and constraints
the filterbank prototype filter to be a Nyquist(K) filter
(where K represents number of subbands). As a result,
the SAFs become simple fractional delay filters. They
also use a polyphasefiterbank to reconstruct the time-do-
main adaptive filter.

[0013] U.S, Patent No. 6,661,895 B1 by Jin et al. dis-
closes a zero-delay SAF system. They discard the initial
segment of each SAF to obtain a "forward filter". The
estimated (time-domain) echo signal is generated by fil-
tering the reference signal through the subband forward
filters and then applying subband reconstruction. The
time-domain echo cancelled signal goes through another
separate time-domain LMS filter to compensate for the
discarded initial segments of subband adaptive filters.
The method however has a fundamental problem: the
time-domain LMS filter has to model a potentially
non-causal filter. This is not practically possible.

[0014] Over-sampled subband adaptive filters
(OS-SAF) offer many advantages over time-domain
adaptive algorithms. However, OS-SAF systems may in-
troduce a group delay or latency that is too high for some
applications. The conversion from analog to digital and
back again, use of anti-aliasing and anti-imaging filters,
as well as the digital processing introduces this delay,
Reducing the delay of OS-SAF systems by increasing
the sampling rate is not practical in many applications
because of power consumed and specialized hardware
required.

[0015] Also, in the conventional OS-SAF systems, the
primary input signal goes through analysis and synthesis
stages of the over-sampled filterbank. Often, perfect re-
construction (PR) is not practical and only a near PR
performance is achieved. As a result, the primary signal
may be distorted. To minimize distortions, longer analy-
sis windows have to be employed which furtherincreases
the delay and add extra computation cost.

[0016] Further, in the conventional OS-SAF systems,
the effect of analysis filter band edges and under-mode-
ling errors limit the system performance.

SUMMARY OF THE INVENTION
[0017] Itis an object of the invention to provide a novel

method and system that obviates or mitigates at least
one of the disadvantages of existing systems.
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[0018] Itis an object of the invention to provide an im-
proved method and system for active noise cancellation.
[0019] The invention relates to the improvements that
can be made to well-known analog ANC techniques as
well as over-sampled subband adaptive filtering using
specialized DSP methods and apparatuses.

[0020] Accordingto anaspect of the presentinvention,
there is provided a system for active noise cancellation,
includes: a first over-sampled analysis filterbank for
transferring a reference signal in a time-domain, which
is associated with noise, into a plurality of subband ref-
erence signals in a frequency-domain; a second
over-sampled analysis filterbank for transferring a prima-
ry signal in the time-domain, which is associated with an
acoustic signal and may be contaminated by the noise,
into a plurality of subband primary signals in the frequen-
cy-domain; a subband processing module for processing
the subband reference signals, the subband primary sig-
nals or a combination thereof, and implementing one or
more than one subband adaptive algorithm in the fre-
quency-domain; and an over-sampled synthesis filter-
bank fortransferring the outputs of the subband process-
ing module into a time-domain output signal.

[0021] According to a further aspect of the presentin-
vention, there is provided a system for active noise can-
cellation, includes: an over-sampled analysis filterbank
for transferring a primary signal in a time-domain, which
is associated with an acoustic signal and may be con-
taminated by noise, into a plurality of subband primary
signals in a frequency-domain; a subband processing
module for the subband primary signals and implement-
ing one or more than one subband adaptive algorithm in
frequency-domain; and an over-sampled synthesis filter-
bank fortransferring the outputs of the subband process-
ing module into a time-domain output signal.

[0022] According to a further aspect of the presentin-
vention, there is provided a system for active noise can-
cellation, includes; a first analysis filter bank for transfer-
ring a reference signal in a time-domain into a plurality
of subband reference signals in a frequency-domain; a
second analysis filter bank for transferring a primary sig-
nal in the time-domain, which is associated with an
acoustic signal and may be contaminated by noise, into
aplurality of subband primary signalsinthe frequency-do-
main; a subband estimator for modeling subband acous-
tic transfer function for the subband reference signals; a
subband adaptive filter for providing a plurality of sub-
band outputsignalsin response tothe subbandreference
signals; an adjustor for adjusting the subband adaptive
filter in response to the subband primary signals and the
modeling for the subband reference signals; and a syn-
thesis filter bank for transferring the subband output sig-
nals to a time-domain output signal.

[0023] According to a further aspect of the presentin-
vention, there is provided a system for active noise can-
cellation, includes: an analysis filter bank for transferring
a primary signal in a time-domain into a plurality of sub-
band primary signals in a frequency-domain; a subband
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filter bank for providing a plurality of subband output sig-
nals in response to a plurality of subband reference sig-
nals; a synthesis filter bank for transferring the subband
output signals into a time-domain output signal; and a
feed-back loop for generating the subband reference sig-
nals, including: a first subband estimator for modeling
subband acoustic transfer function for the subband out-
put signals; a signal path for providing the subband ref-
erence signals in response to the subband primary sig-
nals and the modeling for the subband output signals; a
second subband estimator for modeling subband acous-
tic transfer function for the subband reference signals;
and an adjustor for adjusting the subband adaptive filter
inresponse to the subband primary signals and the mod-
eling for the subband reference signals.

[0024] According to a further aspect of the present in-
vention, there is provided a system for active noise can-
cellation, includes: a first analysis filter bank for transfer-
ring a primary signal in a time-domain into a plurality of
subband primary signals in a frequency-domain; a
time-domain filter bank for providing a time-domain out-
putsignalinresponse to a reference signal inthe time-do-
main; a feed-back loop for generating the reference sig-
nal, including: a first subband estimator for modeling sub-
band acoustic transfer function for the time-domain out-
put signal, asignal path for providing the reference signal
in the time-domain in response to a primary signal in the
time-domain and the modeling for the time-domain out-
putsignal, a second subband estimatorfor modeling sub-
bandacoustictransferfunctionforthe subbandreference
signal, a second analysis filter bank for transferring the
primary signal into a plurality of subband primary signals
in the frequency-domain, an adjustor for adjusting the
subband adaptive filter in response to the subband pri-
mary signals and the modeling for the reference signal,
and a synthesis filter bank for converting the subband
adaptive filter to the time-domain filter bank for filtering
the reference signal.

[0025] According to a further aspect of the present in-
vention, there is provided a system for active noise can-
cellation, includes: an analog active noise cancellation
(ANC) system for performing an active noise cancellation
to a primary signal in a time-domain, which is associated
with an acoustic signal and may be contaminated by
noise; a first over-sampled analysis filterbank for trans-
ferring a reference signal in the time-domain into a plu-
rality of subband reference signals in a frequency-do-
main, the reference signal in the time-domain being as-
sociated with the noise; a second over-sampled analysis
filterbankfortransferringthe primary signalinthetime-do-
main into a plurality of subband primary signals in the
frequency-domain; a subband processing module for
processing the subband reference signals, the subband
primary signals or a combination thereof, and for adjust-
ing one or more parameters of the analog ANC system;
an over-sampled synthesis filterbank for performing con-
version onthe outputs of the subband processing module
from the frequency-domain to the time-domain.
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[0026] According to a further aspect of the present in-
vention, there is provided a system for active noise can-
cellation, includes: an analog active noise cancellation
(ANC) system for performing an active noise cancellation
to a primary signal in a time-domain, which is associated
with an acoustic signal and may be contaminated by
noise; an over-sampled analysis filterbank for transfer-
ring the primary signal in the time-domain into a plurality
of subband primary signals inafrequency-domain; asub-
band processing module for processing the subband pri-
mary signals and for adjusting one or more than one pa-
rameter of the analog ANC system; an over-sampled syn-
thesis filterbank for transferring the outputs of the sub-
band processing module into an output signal in the
time-domain.

[0027] According to a further aspect of the presentin-
vention, there is provided a system for active noise can-
cellation, comprising: a first WOLA analysis filterbank for
transferring a reference signal in a time-domain, which
is associated with noise, into a plurality of subband ref-
erence signals in a frequency-domain; a second WOLA
analysis filterbank for transferring a primary signal in the
time-domain, which is associated with an acoustic signal
and may be contaminated by the noise, into a plurality
of subband primary signals; a subband adaptive process-
ing module for processing the output of the first WOLA
analysis filterbank, the output of the second WOLA anal-
ysis filterbank or a combination thereof, and providing a
plurality of subband adaptive filters; and a WOLA syn-
thesis filterbank for synthesizing the subband adaptive
filters to provide a time-domain filter for filtering the ref-
erence signal in the time-domain.

[0028] According to a further aspect of the presentin-
vention, there is provided a method for active noise can-
cellation implemented by the systems described above.
[0029] This summary of the invention does not neces-
sarily describe all features of the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

[0030] These and other features of the invention will
become more apparent from the following description in
which reference is made to the appended drawings
wherein:

[0031] FIGURE 1(a) is a diagram showing a conven-
tional analog ANC system;

[0032] FIGURE 1(b) is a diagram showing a detailed
block diagram of Figure 1(a), depicting a transfer function
and an acoustic transfer function;

[0033] FIGURE 2 is adiagram showing a conventional
bSP-based ANC system;

[0034] FIGURE 3 is a diagram showing a subband
ANC system using a subband FX-LMS;

[0035] FIGURE 4 is a diagram showing a subband
ANC system using a subband FX-LMS in accordance
with an embodiment of the present invention;

[0036] FIGURE5 is adiagram showing a conventional
feedback ANC system using a subband FX-LMS;
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[0037] FIGURE 6 is a diagram showing a subband
feedback ANC system using a subband FX-LMS in ac-
cordance with a further embodiment of the present in-
vention;

[0038] FIGURE 7 is a diagram showing a delayless
subband ANC system using a FX-LMS in accordance
with a further embodiment of the present invention;
[0039] FIGURE 8 is a diagram showing a delayless
subband feedback ANC system using a FX-LMS in ac-
cordance with a further embodiment of the present in-
vention;

[0040] FIGURE 9 is a diagram showing an ANC sys-
tem using over-sampled subband processing in accord-
ance with a further embodiment of the present invention;
[0041] FIGURE 10 is a diagram showing a feedback
ANC system using over-sampled subband processingin
accordance with a further embodiment of the present in-
vention;

[0042] FIGURE 11 is a diagram showing an ANC sys-
tem using Weighted Overlap-Add (WOLA) in accordance
with a further embodiment of the present invention;
[0043] FIGURE 12 is a diagram showing a feedback
ANC system using WOLA in accordance with a further
embodiment of the present invention;

[0044] FIGURE 13 is a diagram showing an ANC sys-
tem using WOLA in accordance with a further embodi-
ment of the present invention;

[0045] FIGURE 14is adiagram showing a convention-
al OS-SAF system;

[0046] FIGURES 15(a)-(b) are diagrams showing ex-
amples of an adaptive processing block (APB);

[0047] FIGURE 16 is a diagram showing an OS-SAF
having WOLA;

[0048] FIGURE 17 is a diagram showing an OS-SAF
system using over-sampled subband processing in ac-
cordance with a further embodiment of the present in-
vention;

[0049] FIGURE 18 is a diagram showing an OS-SAF
system using over-sampled subband processing in ac-
cordance with a further embodiment of the present in-
vention;

[0050] FIGURE 19 is a diagram showing an OS-SAF
system using WOLA in accordance with a further em-
bodiment of the present invention;

[0051] FIGURE 20 is adiagram showing a closed-loop
OS-SAF system using over-sampled subband process-
ing in accordance with a further embodiment of the
present invention;

[0052] FIGURE 21 is adiagram showing a closed-loop
OS-SAF system using WOLA in accordance with a fur-
ther embodiment of the present invention;

[0053] FIGURE 22 is a diagram showing a delayless
subband feedback ANC system using WOLA in accord-
ance with a further embodiment of the present invention;
[0054] FIGURE 23 is a diagram showing a delayless
SAF system using oversampled filterbanks, employing
weight transform for time-filter reconstruction;

[0055] FIGURE 24 is a diagram showing a Recon-
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struction of TAF through WOLA synthesis of the SAFs
in accordance with a further embodiment of the present
invention;

[0056] FIGURE 25 is a diagram showing details of
time-filter reconstruction using the WOLA process;
[0057] FIGURE 26 is a diagram showing an oversam-
pled SAF system applied to echo cancellation;

[0058] FIGURE 27 is a graph for showing the simula-
tion results of Figures 24-26;

[0059] FIGURE 28 is a graph showing the ERLE re-
sults;

[0060] FIGURE 29 is a graph showing an example of
real and imaginary parts of SAFs;

[0061] FIGURE 30 is a graph showing an example of
periodic extension of a WOLA synthesis;

[0062] FIGURE 31 is a graph showing an example of
a synthesis window;

[0063] FIGURE 32 is a graph showing the result of
widow application of Figure 31;

[0064] FIGURE 33 is a graph showing an example of
time sample for synthesizing a time-domain filter;
[0065] FIGURE 34(a) is a graph showing an example
of time sample for a synthesized time-filter super-im-
posed on the ITUT plant;

[0066] FIGURE 34(b) is a graph showing an example
of time-domain difference between the synthesized
time-filter and the ITUT plant; and

[0067] FIGURE 35 is a graph showing echo attenua-
tion of a time-domain filter and a conventional SAF.

DETAILED DESCRIPTION

[0068] The embodiments of the present invention are
described for a headset. However, the embodiments of
the presentinvention are applicable to any otherlistening
devices, such as portable listening devices. The embod-
iments of the present invention are described mostly for
active noise cancellation and echo cancellation. Howev-
er, the embodiments of the present invention can be em-
ployed for other applications, including adaptive noise
cancellation.

[0069] The embodiments of the present invention re-
late to over-sampled subband adaptive filtering using
specialized DSP techniques and analog ANC tech-
niques. Thus, DSPs are relevant to the technology dis-
closed below. Because the applications of these tech-
niques are in listening devices and the cancellation relies
on acoustic summation, the embodiments of the present
invention relates to acoustics.

[0070] Figure 1(a) illustrates a conventional analog
ANC system 2 for a headset, As shown in Figure 1(a), a
primary noise signal x(t) is sensed by a microphone 6.
The microphone 6 is usually located within the earcup of
the headset. For example, the primary noise signal x(t)
is a signal outside the earcup of the headset. An analog
ANC circuitry 4 receives the microphone signal e(t), and
generates an electric signal z(t). The electric signal z(t)
is added at 8 with a local audio signal s(t) (possibly
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speech) to generate an electric speaker signal y(t). The
electric speaker signaly(t) is played through aloudspeak-
er 10forthe listener. The loudspeaker 10 is located within
the earcup of the headset, The ANC system 2 tries to
cancel the effect of a noise signal for the listener through
estimating, generating the signal z(t) to be played through
the loudspeaker 10 together with the local audio signal
s(t).

[0071] Figure 1(b) illustrates modeling of a transfer
function and an acoustic transfer function of Figure 1(a).
P(s) 12 modelsthe transferfunction forthe acoustic noise
signal x(t) to be converted to an electric signal d(t). Q(s)
14 models the acoustic transfer function for the loud-
speaker signal y(t) to reach the microphone (6). Usually
Q(s) 14 is assumed to be more known than P(s) 12 since
the locations of the loudspeaker (10) and the microphone
(B) are fixed and known. A through review of the conven-
tional analog ANC system 2is provided in Kuo-Morgan99
(Sen M. Kuo and Dennis R. Morgan, "Active Noise Con-
trol: A Tutorial Review", Proceedings of the IEEE, VoL
87, June 1999, pp. 943-973).

[0072] ANC systems may also provide one or more
microphones to measure the ambient noise (e.g. signal
X(t) outside of the earcup), however, single microphone
systems are generally preferred as discussed later.
[0073] Figure 2 illustrates a conventional DSP-based
ANC system 20. The system 20 of Figure 2 is a feed-for-
ward ANC system, and employs the FX LMS algorithm
for active noise cancellation with two microphones. The
two microphone signals x(t), e(t) are converted to digital
signals x(n), e(n) by analog/digital (A/D) converters 22
and 24, and processed in discrete-time by an algorithm
to generate an anti-noise signal z(n) . The anti-noise sig-
nal z(n) is converted back to an analog signal z(t) by a
digital/analog (DIA) converter 32, and played throughthe
loudspeaker together with the signal s(t). The method
might employ adaptive methods, such as the Normalized
Least Mean Square (1VLMS) 30 or similar techniques to
adapt an adaptive filter W(z) 28. A rough estimate of the
loudspeaker to the error microphone transfer function Q
(s) is also required. In Figure 2, this is depicted by the
discrete-time estimated transfer function Q(z) 26. Vari-
ous methods for off-line on-line estimation of Q(s) have
been proposed in the prior art and reviewed in
Kuo-Morgan99.

[0074] Subband ANC methods have been presented
in Kuo-Morgan99 to achieve lower computation cost and
faster convergence. Figure 3 illustrates a conventional
subband ANC system for two microphones, employing
a subband FX-LMS,

[0075] The system 40 of Figure 3 includes three Anal-
ysis Filter Bank (AFB) components 42. The AFB compo-
nents 42 decompose the time-domain signals e(n), x(n),
X’(n) into K (possibly complex) subband signals e,(m) x;
(m), x/(m), i=0,1,...,K-1 that might be also decimated in
time. There exist K (possibly complex) subband adaptive
filets (SAFs) Wi(z) 44 (W, (2), i=0,1,..., K-1) which gen-
erate subband output signals z(m), i=0,1,...,K-1. All of
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the adaptive processing is done in a subband adaptive
processing (SAP) block 90 in Figure 3. A Synthesis Filter
Bank (SFB) 46 then combines the subband output sig-
nals to obtain the time domain signal z(n). The D/A con-
verter 32 converts the time domain, digital signal z(n) into
a time domain, analog signal z(t).

[0076] Figure 4 illustrates a subband ANC system 50a
for two microphones in accordance with an embodiment
ofthe present invention. In Figure 4, adaptive processing
is implemented in a SAP block 91. The system 50a of
Figure 4 employs suband FX-LMS, and includes a block
54 that includes a subband estimate of Q(s) depicted as
Q;(2),i=0,1,..., K-1. Subband estimation and implemen-
tation of Q(s) allows for faster computation due to parallel
subband processing by filters Q; (z). This allows the sys-
tem50ato include only two AFBs 52 fortwo microphones.
One AFB is provided to x(n), while the other is provided
to e(n). K (possibly complex) subband adaptive filers
(SAFs) W;(z) 56 (W;(2), i=0,1,..., K-1) generate subband
output signals z;(m), i=0,1,..,K-1, based on x;(m),
i=0,1,..., K-1. A block (such as NLMS) 58 is provided to
adapt the subband adaptive filters Wi(z), A SFB 60 com-
bines the subband output signals z;(m), i=0,1,...,K-1, to
obtain the time domain signal z(n), The D/A converter 32
converts the time domain, digital signal z(n) into a time
domain, analog signal z(t).

[0077] It is possible to implement FX-LMS with only
one microphone as illustrated in Figure 5. Figure 5 shows
a conventional feedback ANC system 70. The system
70 is disclosed in Kuo-Morgan99. In Figure 5, the refer-
ence signal is reconstructed in the system (signal r(n))
via a discrete-time estimated transfer function Q(z) 72
and a summation node 74,

[0078] The system 50a of Figure 4 may be implement-
ed using oversampled filterbank as shown in Figure 9,
AFBs 52 of Figure 4 may be implemented by over-sam-
pled analysis filterbanks 112,114 of Figure 9, WOLA im-
plementation offers a low-delay, flexible, and efficient im-
plementation of the over-sampled filterbanks as de-
scribed in U.S. Patent Nos. 6,236,731, 6,240,192 and
6,115,478, which are incorporated herein by reference.
The system 50a of Figure 4 may be implemented using
WOLA filterbank as shown in Figures 11 and 16. AFBs
52 of Figure 4 may be implemented by WOLA analysis
filterbanks 132, 134 of Figures 11 and 16, and SFB 60
of Figure 4 may be implemented by a WOLA synthesis
filterbank 13 8 of Figures 11 and 16.

[0079] Figure 6 illustrates a subband feedback ANC
system 50b in accordance with a further embodiment of
the presentinvention. Asubband implementation of feed-
back FX-LMS system is shown in Figure 6. In Figure 6,
adaptive processing is implemented in a SAP block 92.
TheAreference signal is reconstructed in the system 50b
via Q; (2), i=0,1,..., K-1 (referenced by 80) and a summa-
tion node 82. The block 80 includes a subband estimate
of Q(s) depicted as Q, (2), i=0,1,..., K-1.

[0080] As discussed in the prior art (Kuo-Morgan99),
the use of AFBs insubbandimplementations may impose
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delays on the signal that are often prohibitively large for
the operation of the system.

[0081] The system 50b of Figure 6 may be implement-
ed using oversampled filterbank as shown in Figure 10.
AFB 52 of Figure 6 may be implemented by an over-sam-
pled analysis filterbank 114 of Figure 10. The system 50b
of Figure 6 may be implemented using WOLA filterbank
as shown in Figure 12, AFB 52 of Figure 6 may be im-
plemented by a WOLA analysis filterbank 134 of Figure
12, and SFB 60 of Figure 6 may be implemented by a
WOLA synthesis filterbank 138 of Figure 12,

[0082] Delayless subband ANC systems associated
with the systems of Figures 4 and 6 are shown in Figures
7 and 8. Figure 7 illustrates a delayless feed-forward sub-
band ANC system 50c in accordance with a further em-
bodiment of the present invention. Figure 8 illustrates a
delayless subbandfeedback ANC system 50d in accord-
ance with a further embodiment of the present invention.
In Figure 7, adaptive processing is implementedin a SAP
block 93, In Figure 8, adaptive processing is implemented
in a SAP block 94. Each of the systems 50c and 50d
includes the components of the system 50a of Figure 4,
and further includes a single time-domain filter W(z) 84.
The time-domain filter W(z) 84 is an FIR adaptive filter
synthesized from subband adaptive filters 56 by SFB 60
and applied for adaptive filtering in time-domain.

[0083] In each of Figures 7 and 8, SFB 60 is provided
to convert the SAFs W,(z), i=0,1,..., K-1 into the single
time-domain filter W(z)84. Thus, delays due to AFBs are
not seen in the signal path. The method to obtain the
time-filter from the SAFs is disclosed below in a further
embodiment(s) associated with delayless SAF. Using
this method, the processing delay of the filterbank is elim-
inated from the adaptive processing. As a result, more
non-stationary components of the noise can also be can-
celled through the digital ANC part of the system.
[0084] The system 50c¢ of Figure 7 may be implement-
ed using oversampled filterbank as shown in Figure 17.
AFBs 52 of Figure 7 may be implemented by over-sam-
pled analysis filterbanks 112, 114 of Figure 17. The sys-
tem 50c of Figure 7 may be implemented using WOLA
filteibank as shown in Figures 13 and 19. AFB 52 of Fig-
ure 7 maybe implemented by WOLA analysis filterbanks
132,134 of Figures 13 and 19, and SFB 60 of Figure 7
may be implemented by a WOLA synthesis filterbank
138 of Figures 13 and 19,

[0085] The system 50c of Figure 8 may be implement-
ed using oversampled filterbank. The system 50c of Fig-
ure 8 may be implemented using WOLA filterbank as
shown in Figure 22. AFBs 52 of Figure 8 may be imple-
mented by WOLA analysis filterbanks 132,134 of Figure
22, and SFB 60 of Figure 8 may be implemented by a
WOLA synthesis filterbank 138 of Figure 22.

[0086] U.S. Patent Application Publication No.
20030198357 (Serial No. 10/214,056), entitled "Sound
Intelligibility Enhancement Using a Psychoacoustics
Model and an Over-sampled Filterbank", which is incor-
porated herein by reference, discloses the use of ANC
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in combination with other techniques to improve the in-
telligibility of audio signals. The sound intelligibility en-
hancement disclosedinthis U.S. application is applicable
to the ANC systems of Figures 3, 4 and 6-8,

[0087] Convergenceimprovementtechniquessuch as
whitening by decimation (WBD), whitening by spectral
emphasis (WBS), and whitening by decimation and spec-
tral emphasis (WBDS), disclosed in U.S. Patent Appli-
cation Publication Nos. 20030108214 and 20040071284
(Serial Nos. 10/214,057 and 10/642,847), which are in-
corporated herein by reference, can be employedin com-
bination with all methods and systems described in Fig-
ures 3, 4, and 6-8.

[0088] A combination of an analog ANC and subband
processing is now described in detail. In Figures 9-13,
the analog ANC and the subband processing are com-
bined to achieve a higher performance as described be-
low.

[0089] Figure 9 illustrates an ANC system 100a in ac-
cordance with a further embodiment of the present in-
vention. The system 100a of Figure 9 includes an analog
ANC 105 and subband processing. The analog ANC 105
may be the analog ANC 2 of Figure 1.

[0090] Comparing Figure 9 with Figure 1 (b), it can be
seen that the analog ANC system is entirely embedded
in the system 100a. The system 100a further includes a
second (Reference) microphone that is possibly located
outside of the headset earcup to sample the noise. The
two microphone signals (x(t), e(t)) are converted to dig-
ital, discrete-time signals by the A/D converters 22 and
24 to obtain the signals x(n) and y(n) . The signals are
next processed by two (identical) over-sampled analysis
filterbanks 112 and 114. The subband processing block
116 processes the over-sampled subband signals (x;(m)
and y;(m), i=0,1,...,K-1) output from the over-sampled
analysis filterbanks 112 and 114, and detects various
system and signal conditions including the brink of insta-
bility of the analog ANC 105. Accordingly, itcan tune and
adjust parameters of the analog ANC system 105 (such
as loop-gain, and loop-filter bandwidth) and/or turn on or
off certain features (such as feedback loop) of the system
100a. The outputs of the subband processing block 116
are synthesized by an over-sampled synthesis filterbank
118, which produces the time domain, digital signal z(n).
[0091] The embodiments of the present invention may
also employ over-sampled subband processing to pro-
vide improved cancellation of periodic or other quasi-sta-
tionary signals. Here, the ambient noise (measured by a
reference where a microphone is possibly outside the
earcup for a feedforward system) is analyzed using sub-
band techniques to determine if there are any stationary
(ideally periodic) or quasi-stationary components in the
ambient noise. If these components are detected, the
DSP will generate a delayed version of this stationary or
quasi-stationary signal (shown as z(n) in digital form and
z(t) in analog) in Figure 9 and supply itto the analog ANC
subsystem (105) for subtraction.

[0092] Adaptive techniques, such as subband adap-
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tive filters on over-sampled filterbanks (OS-SAFs) similar
to those disclosed in U.S, Patent Application Publication
Nos. 20040071284 and 20030108214 can be employed.
The FX-LMS algorithm may be employed in subband
methods described in Figures 3, 4, and 6-8, where
OS-SAFs and SAPs are employed. This method of com-
bining the analog and digital ANC provides improved
noise cancellation compared to a system that does not
employ this technique.

[0093] Itis noted thatin Figure 9, the reference micro-
phone could have dual usages: 1) to provide information
tothe subband processing block about the ambient noise
in order to control the parameters of the analog ANC
system, 2) to provide a reference signal for digital ANC
part of the system (employing algorithms such as the
FX-LMS). In the system 100a of Figure 9, various ver-
sions of the subband FX-LMS, such as feed-forward,
feedback, and a combination of the two, may be used for
the digital ANC part of the system.

[0094] Insome systems, only one microphone is avail-
able (such as feedback ANC). The system 100a of Figure
9 can be modified to obtain another embodiment dis-
closedin Figure 10. Figure 10 illustrates a feedback ANC
system 100b in accordance with a further embodiment
ofthe presentinvention. Inthe system 100b, the subband
signals for controlling the analog ANC system 105 are
provided only by the error microphone. The SAP block
92 of Figure 6 can be employed as a part of the subband
processing block 116 of Figure 10 to do adaptive
processing. Similarly, the SAP block 91 of Figure 4 can
be employed in the subband processing block 116 of
Figure 9,

[0095] The over-sampledfilterbanks may be efficiently
implemented using WOLA analysis and synthesis. Fig-
ure 11 illustrates an ANC system 100c in accordance
with a further embodiment of the present invention. The
system 100c of Figure 11 includes WOLA analysis filter-
banks 132 and 134 and a WOLA synthesis filterbank 138.
Efficient hardware realizations of the WOLA have been
disclosed in U.S. Patent Nos. 6,236,731 and 6,240,192.
[0096] The embodiments of Figures 7 and 10 may be
efficiently implemented using the WOLA flterbanks as
shown in Figures 12 and 13, respectively. Figure 12 il-
lustrates a feedback ANC system 100d in accordance
with a further embodiment of the present invention. Fig-
ure 13 illustrates an ANC system 100e in accordance
with a further embodiment of the present invention. The
subband processing block 116 of Figure 12 may employ
feed-forward FX-LMS strategies, such as the SAP block
94 of Figure 8. The subband processing block 116 of
Figure 13 may employ feed-forward FX-LMS strategies
such the SAP block 93 of Figure 7.

[0097] The subband processing block 116 of Figures
9-13 may model one or more than one acoustic transfer
function, a transfer function for a microphone, a transfer
function for a loudspeaker, or combinations thereof in
accordance with an application,

[0098] Monitoringthe amplitude to the noise to be can-
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celled may save the battery life. The over-sampled filter-
bank can also perform this monitoring more accurately
using subband processing, since more accurate decision
making is possible by monitoring energies of the signals
in various subbands. For example, different energy
thresholds may be employed for different subbands ac-
cording to the effectiveness of ANC in various frequency
bands, ’

[0099] Delayless SAP through over-sampled synthe-
sis/WOLA synthesis is now described in detail.

[0100] Figure 14 illustrates a conventional OS-SAF
system 140a. The OS-SAF system 140a includes the
over-sampled analysis filterbanks 112 and 114, subband
adaptive processing blocks (APBs) 142, and the
over-sampled synthesisfilterbank 118, The OS-SAF sys-
tem 140a has two inputs, i.e., a primary input e(n) (e,g.,
the error microphone signal in the ANC systems of Fig-
ures 2-5), and a reference input x(n) (e.g., the reference
signal in the ANC systems of Figures 2-5). The reference
inputs leaks into the primary input for example by going
through an acoustic plant P(s) in Figures 2-5, As a result,
the primary and reference inputs become correlated. The
OS-SAF system 140a tries to eliminate the portion of the
primary input that is correlated with the reference input
through adaptive filtering.

[0101] Figures 15(a)-15(b) illustrate examples of
adaptive processing. The APBs of Figures 15(a)-15(b)
are applicable to APB 142 of Figure 14. The APB of Fig-
ure 15(b) contains a summation node 148, while the APB
of Figure 15(a) lacks the summation node 148.

[0102] The APB of Figure 15(a) is applicable to the
ANC applications, such as the FX-LMS method of Fig-
ures 2-6. The summation node 146 is rather transferred
to the acoustic domain as shown in the ANC systems of
Figures 2-6. The APB of Figure 15(b) is applicable to
applications, such adaptive interference (echo or noise)
cancellation. Here the interference signal is cancelled in
the digital domain through the adaptive algorithms 144,
Bothofthetwo APBsin Figures 15(a)-(b) couldbe equally
used in the embodiment of the present invention dis-
closed here. For brevity, it is assumed that in the descrip-
tion below, the APB 142 has the form of Figure 15(b),
unless otherwise stated.

[0103] An example of the disclosed time-filter recon-
struction through WOLA synthesis is described for an
echo cancellation application as follows.

[0104] As disclosed in U.S. Patent Application Publi-
cation Nos. 20030108214 and No. 20040071284 (Serial
Nos. 10/214,057 and 10/642,847), which are incorporat-
ed herein by reference, the over-sampled analysis and
synthesis filterbank operations can be efficiently imple-
mented using the WOLA analysis and synthesis, respec-
tively, WOLA analysis/synthesis for oversampled filter-
bank analysis/synthesis is disclosed in U.S. Patent Nos.
6,236,731 and 6,240,192, which are incorporated herein
by reference. Figure 16 illustrates an OS-SAF system
140b having WOLA analysis filterbanks 132 and 134 and
a WOLA synthesis filterbank 138.
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[0105] Figure 17 illustrates an OS-SAF system 150a
in accordance with a further embodiment of the present
invention. In the system 1503, the subband adaptive fil-
ters W, (n) are combined together through the filterbank
synthesis process to obtain a time-domain adaptive filter
W(z) 154 of W(n). The adaptive filter W(z) 154 receives
the reference input x(n). The output of the adaptive filter
W(z) 154 and the reference input e(n) are summed at
156.

[0106] Figure 18 illustrates an OS-SAF system 150b
in accordance with a further embodiment of the present
invention. In the AFBs 142 of the system 150b, the AFB
of Figure 15(b) is employed.

[0107] Figure 19 illustrates an OS-SAF system 150c¢
in accordance with a further embodiment of the present
invention. The system 150c corresponds to the system
150a of Figure 17, and utilizes the WOLA filterbank. As
illustrated in Figure 19, the WOLA synthesis could be
used to efficiently synthesize the time-domain adaptive
filter. The WOLA synthesis process includes steps dis-
closed in U.S. Patent Nos. 6,236,731, 6,240,192 and
6,115,478.

[0108] Closed-loop versions af the OS-SAF systems
disclosed above are also possible. Figure 20 illustrates
a closed-loop version of the system 150a in Figure 17,
and Figure 21 discloses a closed-loop version of the sys-
tem 150c in Figure 19. The feedback systems 150d and
150e of Figures 20-21 offer steady-state performance,
since the final error signal is sensed back by the system
and optimally eliminated.

[0109] Figure 22 illustrates a delayless WOLA-based
subband feedback ANC system using a FX-LMS in ac-
cordance with a further embodiment of the present in-
vention. The system 150h of Figure 22 corresponds to
the system 50d of Figure 8, and utilizes the WOLA filter-
bank.

[0110] A. Filter reconstruction for Low-resource
delayless subband adaptive filter using WOLA
[0111] Method and system for reconstruction of a
time-domain adaptive filter (TAF) by using WOLA syn-
thesis method (implemented with an oversampled filter-
bank) is described in detail. Aninverse fast Fouriertrans-
form (IFFT) of length Kis employed in the method. Due
to the nature of the WOLA synthesis, the reconstruction
process is distributed in time rendering it suitable for re-
al-time implementation. The method is arranged such
that segments of the TAF may be used as they become
available in time. This makes the method a perfect match
for sequential partial update algorithms (described later)
that are often integral parts of low-resource implemen-
tations. The WOLA synthesis of the subband filters de-
scribed below is efficiently implemented on an oversam-
pled filterbank that also benefits from the WOLA imple-
mentation for its analysis stage. The system is designed
and described for an echo cancellation set up thongh it
could be used for other adaptive applications such active
noise cancellation or adaptive feedback cancellation,
[0112] A-1. WOLA Synthesis for Filter Reconstruction
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[0113] Figure 23 illustrates a delayless SAF structure
with echo plant. At the output of APBs of Figure 23, the
sub-band adaptive filters P,(z), k=0,7,---, K-1 are ob-
tained. Rather than reconstructing the output signal as
in typical SAF systems, the adaptive filters are passed
to a weight transformation stage to obtain the time-do-
main adaptive filter P(z) to be used to filter the reference
signal x(n) inthe time-domain. Assumingasynthesisfilter
set, in the DFT-FIR approach the TAF is obtained by
passing the SAFs through a synthesis filterbank as de-
scribed by the J. Huo reference and the L. Larson refer-
ence:

[0114]
K-1
P =Y R@R (" M
k=0
[0115] where Ris the filterbank decimation factor, and

F(z) is the prototype filter of the filterbank, bandlimited
to n/A. Synthesis filters are obtained through discrete
Fouriertransform (DFT) modulation of the prototype filter
as Fi(2)=Fy(zWKwhere W=e72VK Theterm zL9Zisadd-
ed to compensate for delay of the synthesis filter of length
Ls.

[0116] The DFT-FIR uses a polyphase-FFT structure
to reconstruct the TAF through a weight transform of the
SAP set. By contrast in this section, a different approach
is described whereby the TAF is reconstructed through
a WOLA synthesis of the SAFs. This method is more
amenable to ablock processing approach and more com-
patible to hardware implementation. Basically, this meth-
od treats the SAFs p,(m), k=0,1,---, K-1, m =0,1,--, M-1
as a set of Ksubband signals, and passes them through
an oversampled filterbank synthesis stage as shown in
Figure 24. To efficiently implement the oversampled syn-
thesis stage, we use the WOLA implementation as de-
picted in Figure 25. For further explanation, consider the
SAFs all included in an SAF matrix P, with elements
defined as P(k,m)= P,(m), m=0,1,.-,M-1, k=0,1,---,K-1.
The matrix is set as input to the synthesis stage, one
column at every subband time-tick. We call this method
of TAF reconstruction "sequential synthesis". As depict-
ed in Figure 25, the WOLA synthesis starts with taking
an IFFT of each column (of length K) of the SAF matrix.
After the IFFT 166, and proper circular shifting 168, the
vectors of length K are periodically extended to obtain a
vector as long as the synthesis window. Next this result
is multiplied by the synthesis window followed by an over-
lap-add operation. Both evenly-stacked FFT and odd-
ly-stacked FFTs may be used. Odd stacking requires an
extra sign sequencer to be employed at the final stage.
The WOLA synthesis is well described in U.S. Patent
Nos. 6,236,731, 6,240,192 and 6,115,478. Assuming
aliasing is low in the analysis stage, the SAFs can be
shown to converge to the Wiener solution. As a result,
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the solution will be almost independent of the analysis
filter design. Thus the synthesis filter set F(2), = 0,7,---,
K-1 is designed independently of the analysis filter set
to constitute a near perfect-reconstruction set. To obtain
the TAF, the output buffer 168 in Figure 25 is first zeroed
out. After reading in the input SAF matrix (one column
per subband clock tick), the first Ls/2 samples of the out-
put are discarded. The next L output samples produced
a block at a time ( R time-samples) constitute the TAF.
Thus it takes L/R input (subband) clock ticks to obtain
the TAF. Through optimuzed implementation it became
possible to avoid the initial Ls/2 sample delays between
consecutive filter reconstructions. The total input-output
delay for the TAF filter reconstruction is thus (La + Ls)/2
samples where La denotes the analysis window length.
This delay is not seen inthe signal path; ratherthe optimal
filter for the reference and primary signals is delayed by
this amount. When the echo plant varies slowly (relative
to this reconstruction delay), this delay does not degrade
the system performance. It is possible to minimize the
delay by choosing shorter analysis and synthesis win-
dows as long as distortions in the time-filter due to the
reconstruction process are kept within a tolerable range.
[0117] Inthe conventional SAF systems shorter anal-
ysis/synthesis windows will lead to increased output sig-
nal degradation since all signals pass through the com-
plete filterbank as described in H. Sheikhzadeh et al.
("Performance Limitations of a New Subband Adaptive
System for Noise and Echo Reduction", Proc. Of IEEE
ICECS, 2003). By contrast, in the delayless SAF system
of Figure 24, signals are passed through the analysis
filterbank only to obtain the adaptive filter. As a result,
the adverse effects of shorter analysis/synthesis win-
dows on output signal quality is much less pronounced.
Itisalsopossible to furtherreduce the TAF reconstruction
delay to only La/2 samples if one is ready to perform
filterbank reconstruction of the whole SAF matrix P for
every output block. We call this method of TAF recon-
struction "batch synthesis" as opposedto the "sequential
synthesis" described in this section. Batch synthesis will
increase the computation cost from a single WOLA syn-
thesis (per output block) in the sequential synthesis to
MWOLA synthesis operations. It is also possible to se-
quentially reconstruct more than one (but less than M)
columns of matrix P at every subband time-tick if the
computational resources permit.

[0118] A-2 System Evaluation

[0119] We evaluate the WOLA filter reconstruction
process for a filterbank set up of: analysis and synthesis
window lengths of La = 64, and Ls =128 samples with
K=16subbands and decimation rate of R= 4. The anal-
ysis filter is shorter in length (and wider in frequency do-
main) compared to the synthesis filter. This was chosen
to provide better excitation in the analysis filter transition
region leading to better convergence behavior as report-
ed by P. L. De Leon Il et al ("Experimental Results with
Increased Bandwidth Analysis Filters in Oversampled,
Subband Acoustic Echo Cancellers," IEEE Sig. Proc.
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Letters, Jan , 1995, vol. 2, pp 1-3). Each SAF p, (m) is
of length M=32resultingin a 76 X 32 SAF matrix P . For
comparison, the same filterbank setup was also em-
ployed for the oversampled SAF system with the WOLA
implementation depicted in Figure 26. The echo plant
was the eighth plant of the ITUT G. 168 standard (Rec-
ommendation ITU-T G.168, Digital Network Echo Can-
cellers, Int’'1 Telecommunication Union, 2000), the Echo
Return Loss (ERL) was 70 dB, and random white noise
was used at the reference input without any near-end
disturbance.

[0120] For subband adaptation, the Gauss-Seidel
Pseudo-Affine Projection (GS-PAP) (Albu et al., "The
Gauss-Seidel Pseudo Affine Projection Algorithm and its
Application for Echo Cancellation," 37" Asilomar Conf.
Sig. Sys. &Comp., Pacific Grove, Calif., Nov. 2003) with
an affine order of two was employed. The method pro-
vides fast convergence and is simple enough to be tar-
geted for a low-resource real-time implementation.
GS-PAP may be superior to the Fast Affine Projection
Algorithm (FAPA) since unlike the FAPA that operates
on atransformed adaptive filter, the GS-PAP directly pro-
vides the adaptive filter itself (the Albu et al. reference).
To demonstrate the capability of the WGLA filter recon-
struction algorithm in matching sequential update algo-
rithms, sequential update GS-PAP (SGS-PAP) de-
scribedin H. Sheikhzadeh et al. ("Partial update subband
implementation of complex pseudo-affine projection al-
gorithm on oversampled filterbanks", ICASSP, 2005
IEEE International Conference on Acoustics, Speech,
and Signal Processing, March 18-23, 2005, US) was also
used for subband adaptation.

[0121] SGS-PAP employs sequential update of the
adaptive filter in the framework of GS-PAF to reduce
computation cost. The sequential decimation factor of
the SGS-PAP was chosento be eight (D=8). This means
only one polyphase component (of length 32/8=4 taps)
out of a total of 8components of each SAF is adapted at
each subband clock tick. For D=1, the S GS-PAP is ob-
viously the same as GS-PAP. In the delayless algorithm,
a block of R new samples of the TAF is available every
subband tick. This new block is used to update the TAF
as soon as it becomes available. This way a smooth and
continuous filter reconstruction is achieved.

[0122] Figure 27 shows (A) Time-domain echo plant,
and the reconstructed plant with SGS-PAP adaptation,
for D=1,8, and (B) error in reconstructed TAFs for D=1
and (C) error for D=8

[0123] Figure 27 illustrates the ERLE results for the
SAF system of Figure 26 as well as the delayless WOLA
filter synthesis algorithm (Figures 24 and 25), employing
SGS-PAP with D=1,8. As expected, the delayless meth-
od achieves a greater ERLE compared to the SAF sys-
tem, partially due to the fact that the input signals are not
passed through the WOLA analysis/synthesis stages.
This is consistent with the result and analysis presented
inthe J, Huo reference and the L. Larson reference. The
SGS-PAP method shows a slight performance degrada-
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tionfor D=8 (for boththe SAF and the delayless methods)
since the subband adaptive filters are updated at a much
lower rate. Adaptation cost is, however, reduced by a
factor of D=8.

[0124] Figure 28 illustrates the ERLE results for
SGS-PAP adaptation with D=1,8, forthe SAF system of
Figure 26 and the delayless SAF algorithms of Figure 24.
[0125] Using the WOLA synthesis, the TAF was syn-
thesized. Figure 27-A shows the synthesized time-filter
for SGS-PAP adaptation with D=17,8, super-imposed on
the ITUT plant. As shown the three impulse responses
are almost identical. To observe the differences, Figures
27-B and 27-C depict time-domain differences between
each of the synthesized time-filters and the ITUT plant
for D=1,8. As shown, the differences are negligible in
both cases, and higher for D=8as predicted by the ERLE
results.

[0126] The WOLA structure is more amenable with a
block processing system (R.E. Crochiere et al. "Multirate
digital signal processing", Prentice-Hall, NJ, 1983). As
illustrated in Figure25, for every input vector, all the proc-
esses (after the IFFT) occur sequentially to generate R
samples of output. All various blocks of Figure 25 can
thus operate synchronously with a single subband clock,
and there is no need to extra buffering. Since the WOLA
filterbank is a block processing system, every slice gen-
erated from the IFFT block that must be overlap-added
to the previous results has a common exponent. This
simplifies the architecture, reducing power and enhanc-
ing throughput as described in U.S. Patent Nos.
6,236,731,6,240,192 and 6,115,478. The same does not
hold for straightforward polyphase implementation of the
J. Huo reference since it is a stream processing method.
In the polyphase filterbank synthesis of the J. Huo refer-
ence, a separate convolution of one of polyphase syn-
thesis filters (with one of the K subband signals) has to
occur for each sample of output. To do this, K different
data buffers have to be updated. To summarize, the WO-
LA synthesis of Figure 25 provides a simpler, more mod-
ular structure for real-time hardware implementation as
described in U.S. PatentNos. 6,236,73I, 6,240,192 and
6,115,478.

[0127] The method, based on WOLA synthesis of the
SAFs, is efficient and is well mapped to a low-resource
hardware implementation. Also the WOLA adaptive filter
reconstruction may easily be spread out in time simpli-
fying the necessary hardware. This time-spreading may
be easily combined with partial update adaptive algo-
rithms to reduce the computation cost for low-resource
real-time platforms.

[0128] A-3 Filter Reconstruction and Evaluation
[0129] An example for reconstruction by WOLA is de-
scribed, using WOLA setup of analysis window length of
L = 128, with K = 32 subband, and decimation rate of
R=8. Assume (without loss of generality) that APB’s are
of the form illustrated in Figure 15(b) employed for an
echo cancellation application. The collection of K SAFs
for subbands k= 0,1,..., K-1 is shown in Figure 25, Each
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SAF W, (m) is of length M,n=0,1,...,M-1 resulting in a
Kby M SAF matrix. The system 150c of Figure 19 for
echo cancellation is employed using the eighth plant of
the ITUT G. 168 standard for echo generation. The re-
construction process of Figure 25 was applied to this sim-
ulation.

[0130] Figure 29 shows an example of real and imag-
inary parts of SAFs for subbands k= 0,1,2,3 for the sub-
band adaptive system after convergence. Treating each
SAF as asubbandsignal, the process of WOLA synthesis
starts with taking the IFFT of each column (of length K)
ofthe SAF matrix. There are M columns to be processed.
After IFFT, and proper circular shifting, the vectors of
length K are periodically extended to obtain vectors as
long as the synthesis window. The result of periodic ex-
tension is shown in Figure 30 for the SAFs shown in Fig-
ure 29, where a total length of 256 samples (8 periodic
extensions) is used. Then a synthesis window (of length
Ls = 256 samples) is applied to the periodically extended
signals. A typical window is shown in Figure 31 and the
result of window application is shown in Figure 32. The
last step is the overlap-add of the vectors (a total of M
vectors involved). Using a properly designed synthesis
window, the time-domain filter is synthesized in time as
shown in Figure 33. Figure 34(a) shows the synthesized
time-filter super-imposed on the ITUT plant As shown,
the synthesized time-filter and the ITUT plant are almost
identical. Figure 34(b) illustrates the time-domain differ-
ence between the synthesized time-filter and the TTUT
plant. As shown, the difference is negligible.

[0131] Thetime-domain filter can be used for adaptive
filtering. As illustrated in Figure 35, for random noise input
and the same ITUT plant, the echo attenuation of the
time-domain filter is superior to the SAF filter using the
NLMS algorithm. This is partially due to the fact that the
inputsignaltothe time-domainfilter is notpassedthrough
the WOLA analysis stage (hence not experiencing dis-
tortions), as shown in Figure 4.

[0132] It is noted that as for the method of adaptation
of SAFs (e.g,, NLMS 30, 58), the Normalized Least Mean
Square (NLMS), the Affine Projection Algorithm (APA)
and its variants such as Fast APA (FAPA), or the Recur-
sive Least Squares (RLS) may also be used.

[0133] The corresponding Canadian Patent Applica-
tion No. 2,481,629 also describes reconstruction of TAF
by WOLA, which is incorporated herein by reference,
[0134] The embodiments of the present invention re-
duces acoustic feedback and provide as high a degree
of cancellation for periodic or other quasi-stationary sig-
nals.

[0135] The embodiments of the present invention au-
tomatically adapts to the different acoustic situations pre-
sented by different headsets and to the normal variations
encountered in production parts.

[0136] As described above, over-sampled filterbank
processing and system architecture disclosed in U.S.
Patent Nos. 6,240,192 B1, 6,236,731 B1, and 6,115,478
provide low group delay, low power and small size. The
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embodiments of the present invention can be efficiently
implemented on the system architecture disclosed in
U.S. Patent Nos. 6,240,192 B1, 6,236,731 B1, and
6,115,478.

[0137] As described above, an analog ANC provides
noise cancellation at predominantly low frequencies (be-
low 1500 Hz to 2000 Hz), The embodiments of the
present invention can extend this frequency range. The
introduction of a DSP processor also permits additional
processing to be incorporated, including techniques that
can improve speech intelligibility at frequencies where
even DSP enhanced analog ANC ceases to provide ben-
efit, as described in U.S. Patent Application Publication
No. 20030198357 (Serial No. 10/214,056). U.S. Patent
Application Publication No. 20030198357 discloses a
sound intelligibility enhancement (SIE) using a psycho-
acoustic model and preferably an oversampled filter-
bank. When combined with ANC, the SIE performs better
since ANC provides more benefit atlow frequencies while
SIE provides more benefit at high frequencies. Using the
ANC , undesired dynamic range reduction is avoidable
due to low-frequency noise.

[0138] The embodiments of the present invention dis-
closed above prevents acoustic feedback in a manner
that retains high fidelity and good performance in the
presence of typical disturbances. Subband acoustic
feedback reduction is employed to extend the operating
frequency range by permitting more loop gain to be in-
troducedbefore the onset of acoustic feedback. Thistype
of feedback cancellation introduces fewer artifacts than
full band approaches for feedback cancellation. It also
provides better performance in the presence of coloured
noise (disturbances). Finally the reduced group delay
(compared to a full band system with similar feedback
cancellation performance) provides a faster response
time for feedback cancellation,

[0139] As detailed in the U.S. Patent No. 6,118,878,
the brink of instability can be detected by finding the ratio
of external to internal noise at high frequencies. Alterna-
tively, the residual signal can be monitored at various
frequencies to detect and prevent an impending instabil-
ity. Employing an over-sampled filterbank provides more
accurate and reliable prediction of impending instabili-
ties. Generally, the overall control of the ANC system
employing an over-sampled subband approach is more
efficient, and accurate.

[0140] The delayless OS-SAF in accordance with the
embodiments of the present invention considerably re-
duces the delay introduced in the primary signal path.
Also, sincethe actualechocancellation occursintime-do-
main, inevitable distortions due to over-sampled filter-
bank analysis/synthesis is avoided. As the results dem-
onstrate, the delayless SAF method proposed outper-
forms the traditional OS-SAFs in terms of adaptive noise
and echo cancellation performance. This is possible due
to avoiding errors due to band edges in the OS-SAF sys-
tem.

[0141] The embodiments of the present invention pro-
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vide a combination of OS-SAF and time-domain filtering.
Comparing to a full band system with similar adaptive
processing, this combination provides a faster conver-
gence and response time of the adaptive system.
[0142] The embodiments of the present invention may
be implemented by hardware, software or a combination
of hardware and software having the above described
functions. The software code, either in its entirety or a
part thereof, may be stored in a computer readable me-
dium. Further, a computer data signal representing the
software code which may be embedded in a carrier wave
may be transmitted via a communication networlc. Such
a computer readable medium and, a computer data sig-
nal and carrier wave are also within the scope of the
present invention, as well as the hardware, software and
the combination thereof.

[0143] All citations are hereby incorporated by refer-
ence.
[0144] The presentinvention has been described with

regard to one or more embodiments. However, it will be
apparent to persons skilled in the art that a nhumber of
variations and modifications can be made without de-
parting from the scope of the invention as defined in the
claims.

Claims
1. A system for active noise cancellation, comprising:

a first over-sampled analysis filterbank fortrans-
ferring a primary signal in a time-domain, which
is associated with an acoustic signal and may
be contaminated by noise, into a plurality of sub-
band primary signals in a frequency-domain;

a subband processing module for the subband
primary signals and implementing one or more
than one subband adaptive algorithm in the fre-
quency-domain; and

an over-sampled synthesis filterbank for trans-
ferring the outputs of the subband processing
module into a time-domain output signal.

2. A system according to claim 1, further comprising:

a second over-sampled analysis filterbank for
transferring a reference signal in the time-do-
main, which is associated with the noise, into a
plurality of subband reference signals in the fre-
quency-domain;

the subband processing module processing the
subband primary signals, the subband refer-
ence signals or combinations thereof, and im-
plementing the one or more than one subband
adaptive algorithm in the frequency-domain.

3. A system according to claim 1, further comprising:
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an analog active noise cancellation (ANC) sys-
tem for performing an active noise cancellation
to the primary signal in the time-domain,

the subband processing module including
means for implementing the adaptive algorithm
for adjusting one or more than one parameter
of the analog ANC system.

4. A system as claimed in claim 3, comprising:

a second over-sampled analysis filterbank for
transferring a reference signal in the time-do-
main into a plurality of subband reference sig-
nals in the frequency-domain, the reference sig-
nalinthe time-domain being associated with the
noise;

the subband processing module processing the
subband primary signals, the subband refer-
ence signals or combinations thereof, and ad-
justing the one or more than one parameter of
the analog ANC system.

5. A system according to claim 1, wherein

the first over-sampled analysis filterbank in-
cludes afirst WOLA analysis filterbank for trans-
ferring the primary signal inthe time-domain, in-
to the plurality of subband primary signals;

the subband processing module includes
means for implementing the adaptive algorithm
for providing a plurality of subband adaptive fil-
ters; and

the over-sampled synthesis filterbank includes
aWOLA synthesisfilterbank for synthesizing the
subband adaptive filters to provide a time-do-
main filter for filtering a reference signal in the
time-domain associated with the noise.

A system as claimed in claim 5, comprising:

a second WOLA analysis filterbank for transfer-
ring the reference signal in the time-domain,
whichis associated with the noise, into a plurality
of subband reference signals in the frequen-
cy-domain;

the subband processing module processing the
output of the first WOLA analysis filterbank, the
output of the second WOLA analysis filterbank
or a combination thereof, and providing the plu-
rality of subband adaptive filters.

A system for active noise cancellation, comprising:

a first analysis filter bank for transferring a ref-
erence signal in a time-domain into a plurality of
subband reference signals in a frequency-do-
main;

a second analysis filter bank for transferring a
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primary signal in the time-domain, which is as-
sociated withanacousticsignaland maybecon-
taminated by noise, into a plurality of subband
primary signals in the frequency-domain;

a subband estimator for modeling subband
acoustic transfer function forthe subband refer-
ence signals;

a subband adaptive filter for providing a plurality
of subband output signals in response to the
subband reference signals;

an adjustor for adjusting the subband adaptive
filter in response to the subband primary signals
and the modeling for the subband reference sig-
nals; and

a synthesis filter bank for transferring the sub-
band outputsignals to a time-domain output sig-
nal.

A system for active noise cancellation, comprising:

an analysis filter bank for transferring a primary
signal in a time-domain into a plurality of sub-
band primary signals in a frequency-domain;

a subband filter bank for providing a plurality of
subband output signals in response to a plurality
of subband reference signals;

a synthesis filter bank for transferring the sub-
band output signals into a time-domain output
signal; and

a feed-backloop for generating the subband ref-
erence signals, including:

a first subband estimator for modeling sub-
band acoustic transfer function for the sub-
band output signals;

a signal path for providing the subband ref-
erence signals in response to the subband
primary signals and the modeling for the
subband output signals;

a second subband estimator for modeling
subband acoustic transfer function for the
subband reference signals; and

an adjustor for adjusting the subband adaptive
filter in response to the subband primary signals
and the modeling for the subband reference sig-
nals.

A system for active noise cancellation, comprising:

a first analysis filter bank for transferring a pri-
mary signal in a time-domain into a plurality of
subband primary signalsin afrequency-domain;
atime-domain filter bank for providing atime-do-
main output signal in response to a reference
signal in the time-domain;

a feed-back loop for generating the reference
signal, including:



10.

11.

12.

13.

14.

15.

25

a first subband estimator for modeling sub-
band acoustic transfer function for the
time-domain output signal,

a signal path for providing the reference sig-
nal in the time-domain in response to a pri-
mary signal in the time-domain and the
modeling for the time-domain output signal,
a second subband estimator for modeling
subband acoustic transfer function for the
subband reference signal,

a second analysis filter bank for transferring
the primary signal into a plurality of subband
primary signals in the frequency-domain,
an adjustor for adjusting the subband adap-
tive filterinresponsetothe subband primary
signals and the modeling for the reference
signal, and

a synthesis filter bank for converting the sub-
band adaptive filter to the time-domain filter
bank for filtering the reference signal.

A system as claimed in any one of claims 1-4, where-
in the first over-sampled analysis filterbank is imple-
mented by a Weighted-Overlap Add (WOLA) anal-
ysis filterbank, and the over-sampled synthesis fil-
terbank is implemented by a WOLA synthesis filter-
bank.

A system as claimed in any one of claims 1-6 and
10, wherein the subband processing module is pro-
vided for implementing one or more than one delay-
less subband adaptive algorithm.

A system as claimed in any one of claims 1-4,10 and
11, whereinthe subband processingmodule is adap-
tive or re-programmable, and models one or more
than one subband transfer function associated with
an application of a listening device.

A system as claimed in any one of claims 2, 4, 10
and 11, wherein:

the over-sampled synthesis filterbank employs
WOLA synthesis process to convert a plurality
of subband adaptive filters from the subband
processing module into a time-domain filter for
filtering the reference signal in the time-domain.

A system as claimed in claim 13, wherein a time-do-
main output signal is provided by the output of the
time-domain filter, or a combination of the output of
the time-domain filter and the primary signal.

A system as claimed in claim 13, wherein:

a time-domain output signal is provided by the
output of the time-domain filter and the primary
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16.

17.

18.

19.

20.

21.

22.

23.

24.

25.

26

signal, and

the time-domain output signal is provided as in-
put to the second over-sampled analysis filter-
bank.

A system as claimed in any one of claims 3, 4 and
10, wherein the subband processing module is pro-
vided for implementing one or more than one sub-
band adaptive algorithm.

A system as claimed in any one of claims 1-4 and
10-16, wherein the subband adaptive processing in-
cludes Filtered-X LMS (FX-LMS) algorithm.

A system as claimed in claim 11, wherein the delay-
less subband adaptive algorithm includes delayless
Filtered-X LMS (FX-LMS) algorithm.

A system as claimed in claim 3 or 4, wherein the
adjustable parameters of the analog ANC system
include loop-filter frequency, loop-gain, similar pa-
rameters or combinations thereof.

A system asclaimed in any one of claims 3-6, where-
in the subband processing module is capable of
modeling one or more than one acoustic transfer
function, a transfer function for a microphone, a
transfer function for a loudspeaker, or combinations
thereof

A system as claimed in claim 7, wherein:

the synthesisfilter bank employs WOLA synthe-
sis process to convert the subband adaptive fil-
ter into a time-domain filter for filtering the ref-
erence signal in the time-domain,

A system as claimed in any one of claims 7-9 and
21, wherein the system is implemented by an
over-sampled filterbank.

A system as claimed in any one of claims 7-9 and
21, wherein the system is implemented by a WOLA
filterbank.

A system asclaimed in any one of claims 7-9, where-
in the adjustor implements NMSL adaptation algo-
rithm.

A method for implementing active noise cancellation
according to any one of claims 1-24.
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ADAPTIVE SPEECH DETECTOR SYSTEM

TECHNICAL FIELD OF THE INVENTION

This invention relates to speech detector systems.
The invention is particularly suitabl~ for use in
combination with a transmitter for voice communication
and which is equipped with a dual-microphone amplifier
system arranged so as selectively to transmit speech
signals whilst suppressing ambient-sound-related signals.

There are a number of applications for speech
detector systems. For example, wireless transmitters,
especially of the portable type, are commonly required
to have a VOX facility, that is, automatic keying of the
transmitter in response to speech signals.
BACKGROUND ART

In previously~known VOX systems which utilise a
single microphone channel, it has been difficult to
combine effective recognition of the operator's speech
with adequate rejection of unwanted background noise or

’ speech. Various techniques have been employed to

improve the voice discrimination, including

band-separation filtering and the use of
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noise-cancelling microphones coupled with automatic gain
control, abbreviated as "AGC". However, where a wide
amplitude-dynamic-range is achieved by the use of AGC it
is difficult to avoid false-triggering of the VOX
circuit. In addition, the AGC system tends td amplify
background noise signals and circuit noise to an
objectionable level during peribds when the speech is
interrupted. This is especially evident when a
transmitter is switched to a manual—keyiﬁg or
press-to-talk mode, sometimes abbreviated as "PTT".

A system which has been used shccessfully to
overcome the foregoing disadvantages of VOX and AGC
systems comprises a two-channel dual-microphone
arrangement in which one microphone receives the
operator's speech, superimposed on ambient noise, and
the other principally receives ambient noise. Not only
is noise cancellation possible, overrat least the lower
part of the frequency range, but the ambient noise
signal may be used to control the speech channel gain in
the absence of speech and, by this method, prevent the
noise signal at the speech channel output from rising
above, for example, a level lOdBrbelow the nominal
speech signal output level. A significant advantage of
this system when combined with a speech detector is
that, at least in the steady state, there is a
well-defined difference in speech and noise levels which

is easily discriminated in a simple comparator circuit.
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Some constraints and disadvantages of the

dual-microphone system are:

A time delay must be included in the speech
detector response to take account of the AGC attack
time which can be, for example, up to 5 ms.

The two microphones must be closely matched in
sensitivity and frequency response.

Direct noise cancellation is usually only possible
at frequencies up to about 500 Hz because of the
transit time difference for a sound pressure wave
travelling to each of the two microphones, this
varying with the direction of the sound source.
There is a variation of the
automatic-gain-controlled ouput level of either
channel with input signal level,

depending on the loop gain of the AGC loop.

There is an uncertainty in the output reference
level of the AGC system because of production
tolerances in components.

There is a need for precise tracking, or equality
cf gain, in the control elements of the speech and
noise channels.

There is an uncertainty in the speech detector
reference level owing to production tolerances in
components.

A number of the constraints and disadvantages

listed above can produce effects which are additive.
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This can give rise to a substantial error in the
effective speech detector threshold. Even with the
inclusion in the circuit of a speech detector threshold
adjustment means to take account of static mismatch with
the preceding microphone and AGC amplifier system,
dynamic uncertainties may still give rise to
false~triggering by the speech detector.

An object of the present invention is to provide
circﬁit means which at least ameliorate some of the
above disadvantages of the prior art and which in
preferred embodiments reduce if not eliminate the
effects of variations in AGC levelé, mismatch between
speech detector and AGC reference levels, tracking
errors ofVAGC elements and transient signals during the
AGC attack time. 1In principle this is achieved by
combining the functions of AGCrand speech detection to
eliminate mismatch occurring in separate circuits and,
further, by dynamically comparing the detected speech
level with the detected noise level instead of with a
constant threshold.

DISCLOSURE OF INVENTION

This invention consists in a speech detector system
comprising means for producing a first (speech) signal
representative of speech superimposed on émbient noise
and a second (noise) signal representative of said
ambient noise:;

comparator means to determine a speech signal
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threshold according to peak values of said second signal
and to produce a third (pulse) signal which provides an
indication of when said first signal exceeds said speech
signal threshold; and

discriminator means responsive to an indication by
said third signal to produce a fourth signal indicating
detected speech when an indication occurs within a
second selected period which is spaced from a preceeding
indication by a first selected period.

For preference the speech signal and noise signal
are subjected to automatic gain control and noise
cancellation prior to input to the comparison means.

For preference also the ratio of the noise cancelled
speech signal to the noise signal fed to the comparison
means is greater than 1:1.

Other aspects of the invention will be apparent
from the description which follows.
BRIEF DESCRIPTION OF DRAWINGS

An embodiment of the invention will now be
described by way of example only with reference to the
accompanying draﬁings wherein:

Figure 1 is a schematic block diagram showing part
of a wireless transmitter speech detector system having
a two channel audio system with speech and noise inputs.

Figure 2 shows a first circuit suitable for use as
the peak comparator shown as a block in Fig. 1.

Figure 3 shows a circuit suitable for use as the
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pulse discriminator shown as a block in Fig. 1.

Figure 4 shows a preferred circuit which combines
the peak comparator and pulse discriminator in a single
circuit.

Figure 5 shows a further preferred circuit which
combine the peak comparator and pulse discriminator.
BEST MODE FOR CARRYING OUT INVENTIONV

The block diagram of Figure 1 shows schematically a
wireiess transmitter speech detector system having a two
channel audio system with speech and noise inputs, and
AGC. The rectified speech and noise signals are
compared to detect the presence of speech.

The AGC system operates in substantially the known
manner to control the peak noise level at the output of
the noise channel, to a predetermined value equal to
VREF/JI-? The high-frequency components of noise in
the speech channel, which are not removed by the
low-frequency noise-~cancellation circuit, will generally
be of similar amplitude to the output of the noise
channel. The foregoing control mode is over-ridden when
the level of signal in the speech channel output exceeds
VREF' thus suppressing the noise further and enabling.
an effective signal-to-noise ratio for speech of 104B to
be maintained in noisy environments.

It has been found that, in a practical system, it
is desirable to have the VOX control switched at a

speech-to-noise ratio of approximately 6dB, based on
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peak values. In previously-known speech detectors it
has been usual, therefore, to detect, by means of a
comparator amplifier, the instances when a signal in the
speech channel exceeds a predetermined value of =¥
2v ./ J10.

In the present invention, the peak value of the
rectified noise-channel signal is itself used, after
amplification, as the comparator reference as shown in
Fig. 2.

Figure 2 shows a peak comparator circuit for use in
the arrangement shown in Figure 1. Rectified speech
signal Is representative of speech superimposed on
ambient noise (a first signal) and rectified noise
signal nIN representative of ambient noise (a second
signal) are fed to the inputs as shown after
amplification by amplifiers shown in Figure 1, where n
is the ratio of the amplification of the noise channel
to the amplification of the speech channel.

The current signals Is and nIN respectively
generate voltages Vs and VN across the input
resistors Rl and R2'

Voltage VN generated by signal nIN appears at
the base of transistor Ql which has its collector
connected to a positive power supply Vcc' The emitter
of transistor Q1 is connected to an R-C combination of
resistor R4 and capacitor C2. Transistor Ql, capacitor

C2 and resistor R4 comprise peak detecting means. The
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transistor Ql operates as a voltage follower when VN

is greater than the voltage on capacitor C2 and is
switched off when VN is less than the voltage on
capacitor C2. Current to charge capacitor C2 is drawn
from supply Véc. The charging current is therefore
independent of the current drawn by resistor R2 thereby
avoiding response lag. Resistor R4 is in parallel with
capacitor C2 and the decay time constant R4C2 is long
enough for acceptable smoothing of random noise.

Voltage Vs generated by signal Is charges
capacitor Cl1 through diode D1 only when the voltage
stored across capacitor Cl is less than Vs' That is,
when a positive pulse or peak occurs in the speech
signal Is. The time constant of resistor Rl and
Capacitor Cl is short enough to allow Cl to be charged
by peaks in,Is corresponding to speech "glottal"
pulses, but long enough to filter out transient noise.
Resistor R3 is in parallel to capacitor Cl and its value
sets the decay time of the charge on capacitor Cl. The
decay time constant resistor R3 and capacitor Cl is made
equal to the time constant of resistor R4 and capacitor
C2 to provide good dynamic tracking.

The voltages appearing across capacitors Cl and C2
are fed to the inputs of a differential amplifier OP1
which produces a positive output when the voltage across
Cl exceeds the voltage across C2 and a negative output

in the reverse situation. That is, the voltage across
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capacitor C2 constitutes a speech signal threshold and
the output of amplifier OPl comprises a third signal
which provides an indication of when the speech signal
exceeds the speech signal threshold.

The rectified noise signal amplification in Figure
1 is usually twice the rectified speech signal
amplification so that a positive peak in the speech
signal of at least twice the level of ambient noise is
required to produce a positive output from differential
amplifier OPl.

Fig. 3 shows one kind of pulse discriminator
circuit, the principle purpose of which is to generate
an output VOX control pulse only if a series of speech
bulses is received but not when a single pulse or short
burst of pulses is received. This is achieved by
discriminating between glottal pulses comprising speech,
which typically occur at 6-8 ms intervals, and single
Pulses or short bursts of pulses separated by less than
3 ms generated by noise. In this way the system
provides immunity to transient noise such as that caused
by an impact, which is typically too fast for AGC
response to be effective.

In the system shown, a bistable latch is used to
generate a VOX control or "speech detected" signal.
When a trigger pulse is received from the peak
comparator, a timer comprising a double pulse generator

generates two control pulses, A and B, with a first
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selected period Tl and a second selected period T2
respectively. Control pulse A and the trigger pulse
from the peak comparator are fed to an AND gate. The
output of the AND gate is connected to the SET input of
the bistable latch. A delay is included in the trigger
pulse connection to prevent a trigger pulse reaching the
AND gate before control pulse A. In this way control
pulse A inhibits the setting of the bistable latch by
either the initial trigger pulse or any subsequent pulse
occurring within the period Tl, typically 5 ms.

However, a triggerrpulse occurring within the period T2
is able to set the bistable latch as well as re-starting
the timing period T2 of control pulse B. The latter
function ensures that the output VOX control pulse has
at least a period equal to tﬁe initial or minimum value

" of T2, 10 ms for example. This period is determined by
the requirements of any ensuing transmitter circuit. At
the end of the period T2 after the last trigger pulse,
the bistable latch is reset and control pulse A trigger
is enabled.

Fig. 4 shows a system which combines the peak
comparator and pulse-discriminator functions in one
circuit, resulting in a substantial saving in componenté
which can be important in the envisaged applications.

The transistors Ql and Q2 act as peak detecting
means for the noise and speech rectified inputs

respectively, and because transistors Ql and Q2 share a
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common connection to ground via the parallel combination
of resistor R4 and a storage element comprising
capacitor C2, the collector-emitter current of either
transistor on input signal peaks is dependent on the
previous peak value to which capacitor C2 has been
charged. By suitable choice of the decay time of
capacitor C2 via resistor R4, the transistor pair Ql, Q2
can therefore also act to supress second and subsequent
peaks separated by less than the normal “glottal" period.

This is achieved because the total charge flowing
into the collector of transistor Q2 during a detected
speech pulse input IS is dependent on the
instantaneous charge of capacitor C2, which is arranged
to decay via resistor R4. It follows that, if a rapid
burst of pulses of similar amplitude occur in Is'
capacitor C2 will charge up rapidly and only one or two
large pulses of charge will flow into the collector of
transistor Q2, followed by small charge pulses which are
sufficient to keep capacitor C2 charged. In contrast,
speech signals typically have large impulses, or glottal
pulses, spaced apart at 6-8 ms intervals with smaller
amplitude pulses in between. By choice of decay time
capacitor C2 charge decays enough for each glottal pulse
to produce a large current impulse in the collector lead
of transistor Q2. .It is therefore quite a simple matter
to discriminate between speech and either continuous or

impact noise by integrating the collector charge
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impulses and comparing this voltage with a suitable
reference value using a Schmitt trigger circuit.

Integration is achieved in the circuit of Figure 4
by means of the R-C combination comprising resistor RS
and capacitor C3. Charge impulses from the collector
lead of transistor Q2 result in a voltage appearing
across capacitor C3 with respect to constant voltage
supply Véc' The reference voltage is chosen so that
it is exceeded by the voltage across C3 when three
consecutive pulses occur in the collector lead of
transistor Q2 without substantial decay of the charge on
capacitor C3 between pulses. This is achieved by
suitable choice of resistor R5 so that "staircase"
integration of current pulses is obtained for pulses
occurring within a selected period.

The Schmitt trigger is preferred to a comparator, -
for example, to ensure clean switching and an output
pulse width in excess of some arbitrary value, dependent
on the needs of ensuing circuitry. This is related
partly to the decay time-~constant of capécitor C3 which
is controlled by resistor R5. The decay time-constant
is principally determined by the need for recovery
between typical impact-noise occurrences, but must be
long enough for effective "staircase" integration of
glottal pulses. A resistor R6 is included in the
collector leadrof transistor Q2 to limit the amplitude

of charge impulses in the event of the AGC system being
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overloaded momentarily by a large impact-noise signal,
thus ensuring that effective discrimination is
maintained.

As will be apparent to those skilled in the art,
the amplification of detected noise inputs IN by a
greater factor n than speech input Is further enhances
the discrimination of the circuit by, firstly,
generating a comparator threshold proportional to the
ambient noise level and thereby reducing the frequency
of Q2 collector impulses resulting from random noise
and, secondly, because of the previously-discussed
properties of the two-microphone system, permitting
operator speech to be distinguished from more distant
"ambient" speech, the effectiveness of the approach
being improved because of the reduced reliance on AGC
control accuracy. 7

Figure 5 shows a further circuit combining the peak
comparator and pulse discriminator functions. The
circuit operates in substantially the same manner as the
circuit of Figure 4 however the transistors Q4 and Q5
act as a current mirror in a known manner to produce a
current flowing through collector of transistor Q5
proportional to the collector current of transistor Q2.
This allows R-C combination of resistor R5 and capacitor
C3 to be connected to ground thereby eliminating the
need for maintaining the voltage supply Vcc in Figure

4 constant.
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It will be apparent that resistor R5 and capacitor
C3 effectively integrate charge iﬁpulses flowing from
transistor Q5 collector in substantially the same manner
as described above to control the voltage at the input
of Schmitt trigger S1 which generates a VOX controlror
"speech detected” signal when a predetermined threshold
voltage is reached.

The amplitude of charge impulses from the collector
of Q5 is limited by the shunting action of Q3 in
response to the voltage developed across R7 by the
current flowing into Q2rcollector.

As will be apparent to those skilled in the art the
invention hereof may be embodied in other circuits which
function in an equivalent or analagous manner and such

embodiments are within the scope hereof.

Page 2017 of 2198



WO86/00133 PCT/AUS85/00121

Exhibit 1009

- 15 =

THE CLAIMS DEFINING THE INVENTION ARE AS FOLLOWS:-
1. A speech detector system comprising means for
producing a first (speech) signal representative of
speech superimposed on ambient noise and a second
(noise) signal representative of said ambient noise;

comparator means to determine a speech signal
threshold according to peak values of said second signal
and to produce a third (pulse) signal which provides an
indication of when said first signal exceeds said speech
signal threshold; and

discriminator means responsive to an indication by
said third signal to produce a fourth signal indicating
detected-speech when an indication occurs within a
second selected period which is spaced from a preceding
indication by a first selected period.
2. A speech detector system as claimed in claim 1
wherein said speech signal threshold is determined from
said second signal by peak detecting means including a
storage element.
3. A speech detector system as claimed in claim 2
wherein said first signal is compared with said speech
signal threshold by means of a differential amplifier,
the output of the differential amplifier producing said
third signal.
4. A speech detector system as claimed in claim 2
wherein said comparator means comprises a three terminal

amplifier to generate said third signal, said amplifier
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having the terminal common to input and output connected
to the storage element of said peak detector means.

5. A speech detector system as claimed in claim 4
wherein current flow through the output terminal of said
three terminal amplifier comprises said third signal.

6. A speech detector system as claimed in claim 5
wherein said 3-terminal amplifier is a transistor and
said terminal common to input énd output is the emitter.
7. A speech detector system as claimed in claim 4 or
claim 5 further comprising means to limit said third
signal amplitude.

8. A speech detector system as claimed in claim 5 or ©
further comprising a current mirror to produce a
mirrored current flow ptoporticnal to said third signai
current flow and wherein said discriminator means is
responsive to the mirrored current flow.

9. A speech detector as claimed in-claim 8 further
comprising transistor current shunting means to limit
said mirrored current flow.

10. A speech detector system'as'ciaimed in any one of
claims 1 to 9 whérein said discriminator means comprises
a control pulse generator which in response to an
indication in said third signal generates a first
control pulse having a duration equal to said first
selected period and a second control pulse having a
duration equal to said second selected period, said

first control pulse acting to inhibit the production of
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a fourth signal during the duration thereof and said
second control pulse acting to permit production of a
fourth signal only in response to pulse indications in
said third signal occuring during the duration of said
second control pulse.
11. A speech detector system as claimed in claim 10
wherein a bistable latch generates said fourth signal
and said first and second control pulses act to control
operation of the bistable latch by said third signal.
12. A speech detector system as claimed in any one of
claims 1 to 9 wherein said discriminator means comprises
an integrator the output of which controls production of
said fourth signal, said second selected period being
determined by the integration constant.
13. A speech detector system as claimed in claim 12
wherein the output of the integrator is compared with a
reference voltage to produce said fourth signal.
l4. A speech detector system as claimed in any one of
claims 11 to 13 wherein the integrator comprises a
capacitor and the integration constant is determined by
the decay time of the capacitor through a parallel
connected resistance.
15. A speech detector system as claimed in any of
claims 1 to 14 wherein said first signal and said second
signal are amplified and the second signal is amplified
by a greater amount than the first signal.

16. A speech detector system substantially as herein
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described with reference to Figures 1, 2 and 3, or
Figures 1 and 4, or Figures 1 and 5 of the accompanying

drawings.
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(54) Method of obtaining a characteristic, and hearing instrument

(57)  According to the invention, a hearing instru-
ment comprising at least one inner microphone (6) op-
erable to determine a sensing signal representative of
an acoustic signal at a position in front of the user's ear-
drum - which may be an acoustic signal at a position
between an ITE (or ITC or CIC) hearing instrument and

the eardrum or between an earpiece and the eardrum -

is used. In accordance with the invention, in front of the
eardrum an acoustic signal is produced. The inner mi-
crophone creates a sensing signal representative of the

acoustic signal, and the signal processing unit of the
hearing instrument determines a characteristic of the
user's ear canal based thereon and memorizes values
indicative of the characteristic. According to a preferred
embodiment, the characteristic is an acoustic coupling
transfer characteristic, which is determined based on a
comparison of a signal representative of the input signal
of the hearing instrument's receiver and the sensing sig-
nal. In contrast to the state of the art, no control loop is
necessary to adapt the gain to the ear canal character-
istic, but the memorized values may be used therefor.
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Description
FIELD OF THE INVENTION

[0001] The invention is in the field of hearing instruments. It more particularly relates to a method of obtaining a
characteristic of acoustical circumstances in an ear canal of a user, to a hearing instrument, and to a method of fabri-
cating a hearing instrument.

BACKGROUND OF THE INVENTION

[0002] The acoustical output of a hearing instrument as perceived by the user depends on the environment of the
hearing instrument, especially on the ear canal properties. Conventionally, for modeling the effective gain provided by
a hearing instrument placed in an ear canal, measurements in a so-called "2cc coupler" are used. However, this model
system merely provides an influence of an average ear canal on the effective gain provided by a hearing instrument.
The accuracy of such a model system is limited. The difference between the signal level in the real ear and the level
in the 2cc coupler is often called "Real Ear to Coupler Difference" RECD.

[0003] As aconsequence, when hearing instruments are set up in accordance with the needs of a user, the problem
of the uncertain RECD given the individual ear canal parameters arises. The different ear canal geometries and ear
canal textures of individuals' ear canals, conchas and neighboring tissues and organs (leading to individual ear imped-
ances) as well as uncertainties concerning the vent geometry, leakage, hook damping and individual tubing give rise
to different signal transfer characteristic even if the gain of the hearing instruments is the same.

[0004] The state of the art contains different approaches for addressing this problem. Swiss patent 678'692 teaches
to place a microphone in the user's ear canal in order to measure acoustical properties. The results are analyzed by
a specific device (audiometer). According to the teachings of US patent 4,596,902 and US patent 6,658,122 the hearing
device comprises a microphone operable to measure the acoustic pressure in the ear canal and a control circuit for
real-time adjustment of the gain characteristic if the measured acoustic pressure does not correspond to a reference
acoustic pressure. Such a feedback control, however, uses up a lot of calculation power.

SUMMARY OF THE INVENTION

[0005] It is an object of the invention to provide a method of operating a hearing instrument, a hearing instrument,
and a method of manufacturing a hearing instrument which address the problem of uncertain coupling of the hearing
instrument to the individual ear of a user and which overcome drawbacks of prior art approaches and especially do
not require too much calculation power to be used.

[0006] According to the invention, a hearing instrument comprising at least one microphone operable to determine
a sensing signal representative of an acoustic signal at a place in front of the user's eardrum is used. In the case of a
hearing instrument including multiple components (such as a hearing instrument comprising an in-the-ear (ITE) com-
ponent (earpiece) and a behind-the-ear (BTE) component), said microphone may be physically located in the innermost
component (earpiece) or may be located elsewhere and connected to the place the signal is collected from. This
microphone in this text - independent of its physical location - is called "inner microphone" in contrast to the at least
one "outer microphone" which converts the acoustic signal incident on the hearing instrument (or a component thereof)
from the outside into an electric signal to be transformed in an output signal. In cases where the inner microphone is
not placed at the position from where the acoustic signal is collected, it is connected to the position by sound conducting
means. Such means may comprise a sound conducting tube, possibly including cerumen protection and/or a specifically
adapted end geometry for ideal sound incoupling. As an alternative, the means may comprise a channel within a
housing or other sound conductors.

[0007] The acoustic signal may for example be a signal in a closed or not closed volume between an ITE (or ITC or
CIC) hearing instrument and the eardrum or a volume between an earpiece of a hearing instrument and the eardrum.
[0008] In accordance with the invention, in front of the eardrum, an acoustic signal is produced. The inner microphone
creates a sensing signal representative of the acoustic signal, and the signal processing unit of the hearing instrument
determines a characteristic of acoustical circumstances in the user's ear canal based thereon and memorizes values
indicative of the characteristic.

[0009] In this text, a signal processing unit may comprise a single digital signal processor (DSP) possibly including
analog-to-digital (A/D) and digital-to-analog (D/A) conversion stages. An analog amplifier may be also integrated or
may be provided separately. This includes, as an example, a class D amplifier that is directly fed by a pulse width
modulated signal from the signal processing unit and which redundantizes a classical D/A converter. As an alternative,
the signal processing unit may comprise two or more communicatively coupled entities, for example a digital signal
processor and physically separate A/D and/or D/A converters. It may also comprise a plurality of processors and/or
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other digital and/or analog signal processing elements. The signal processing unit also comprises a data memory,
which is for example integrated in the digital signal processor(s) or in another element or which may be provided as
separate data memory. Different elements constituting the signal processing unit do not need to be physically grouped
together but may even be distributed between different hearing instrument components.

[0010] According to the invention, the hearing instrument's signal processing unit may calculate a characteristic of
the ear canal which is used for optimized signal processing, for example for adapting a gain to the individual properties
of the ear canal (vent leakage, impedance, elfc.). Therefore, on the one hand, a separate device for measuring ear
canal characteristic is not necessary, and the user of the hearing instrument does not have to go to the hearing aid
professional in order to adapt the hearing instrument to the ear canal characteristic. On the other hand, the approach
in accordance with the invention eliminates the need for a control loop - as has been presented in the state of the art
- which would use up a lot of calculating power. Also, in contrast to the state of the art, a stored characteristic may not
only be used for controlling and correcting the actually perceived signal by way of a gain adjustment but may be used
for other purposes as well, including diagnostic purposes, as will be explained in the following.

[0011] In accordance with a first aspect of the invention, a transfer characteristic is evaluated by the hearing instru-
ment, i.e. by the digital signal processing (DSP) unit. The transfer characteristic is representative of the acoustic cou-
pling from the processed electric signal, as presented at the DSP output, to the real-ear acoustic signal.

[0012] The transfer characteristic may be stored in any way suitable to store a characteristic. Examples of values
representative of a transfer function include:

1) the complex values obtained by a Fourier analysis of the transfer function.
2) only the absolute values of the Fourier coefficients.

3) one absolute value for each one of a plurality of frequency bands, such as bark bands, bands in accordance
with an other psychoacoustical scale, third octave bands, etc. Such absolute values may for example be obtained
by averaging a number of coefficients in accordance with 2).

4) Coefficients of a Finite Impulse Response (FIR) filter approximation of an Infinite Impulse Response (lIR) ap-
proximation or similar.

5) impulse responses.
6) complex coefficients of a numerator/denominator polynomial.
7) etc.

[0013] The values may for example be stored in the signal processing unit as the RECD values. Storing of RECD
values for signal processing has been known in state-of-the-art hearing instruments. In state-of-the-art hearing instru-
ments, however, the RECD values are determined indirectly during a fitting process. One advantage of the first aspect
of the invention, therefore, may be to simplify the fitting process.

[0014] In accordance with a preferred embodiment of the invention, a signal representative of an output of the digital
signal processing stage is compared with the sensing signal in order to obtain the transfer characteristic and to obtain
a gain adjustment to the real ear situation.

[0015] The digital signal processing stage (DSP) output is the signal after the signal processing steps including
hearing loss correction, noise reduction steps, etc. The DSP output may but need not be the physical output of a signal
processing 'chip'. Rather, often a signal processing chip comprises a digital-to-analog conversion stage or a processing
stage transforming the digital signal into a pulse width modulated signal, which stage may be thought of as being
arranged downstream of a DSP output.

[0016] In accordance with this embodiment, therefore, the hearing instrument comprises

at least one acoustic signal acquisition microphone (the outer microphone(s),
a signal processing unit,

and at least one receiver, the at least one acoustical signal acquisition microphone being operationally connected
to a first input of the signal processing unit,

an output of the signal processing unit being operationally connected to an input of said receiver,
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the signal processing unit comprising a digital signal processing stage and a memory,

an output of said digital signal processing stage being operationally connected to said output of the signal process-
ing unit,

the hearing instrument further comprising an in-the-ear canal acoustic signal acquisition microphone (the inner
microphone), an output of which is operationally connected to a second input of said signal processing unit,

the signal processing unit being operable to apply a gain on an input signal supplied to said first input to obtain an
output signal and to supply said output signal to said output,

the signal processing unit further being operable to calculate, based on a comparison of said sensing signal sup-
plied to said second input with an output signal of said digital signal processing stage, a transfer characteristic,
and to apply a gain adjustment on said gain, the gain adjustment based on said transfer characteristic,

wherein at least one of the transfer characteristic and of the gain adjustment is stored in the memory, and wherein the
same transfer characteristic is used for determining a gain adjustment for a plurality of gain calculation cycles or wherein
the same gain adjustment is applied to the gain for a plurality of gain calculation cycles (or sampling cycles; the time
interval during which a same gain adjustment is applied corresponds to a plurality of sampling intervals).

[0017] In a simplified model of the gain relations in a hearing instrument the incident acoustic signal is subject to the
following steps to yield the acoustic signal in the user's ear:

Data acquisition — DSP Gain — Outcoupling

[0018] The quantity measuring the gain of the data acquisition stage (which gain is governed by the location of the
microphones on the hearing instrument and their physical properties) is the input sensitivity SENSIN. The gain of the
outcoupling is governed by the output sensitivity of the receiver(s) and the properties of the real ear (impedance, etc.).
The output sensitivity SENSOUT of a hearing instrument is usually known for the 2cc coupler situation. The difference
between this known output sensitivity and the real-ear output sensitivity is known as the RECD.

[0019] Therefore, for the effective gain (Real Ear Aided Gain, REAG) the following relation holds:

DSP GAIN = REAG - SENSIN - SENSOUT - RECD (M

[0020] If "ACOUSTIC COUPLING" is defined as

ACOUSTIC COUPLING = SENSOUT + RECD (2

it follows that

DSP GAIN = REAG - SENSIN - ACOUSTIC COUPLING (3)

[0021] In equation (1), the individual RECD is the only unknown quantity of the system, since the input sensitivity as
well as the output sensitivity on the coupler are known. In the present invention, preferably instead of addressing the
RECD, ACOUSTIC COUPLING is quantified.

[0022] In modem hearing instruments, the DSP gain is situation dependent. It is influenced by user chosen programs
(for example direction sensitive or omnidirectional), environmental conditions (adaptive noise suppression, possibly
for special kinds of noise), etc. Therefore, in general the relationship between an input signal and an output signal is
non-linear.

[0023] It is an insight of the inventor of the present application that, however, the acoustic coupling as part of the
pure electro-acoustic system is approximately linear and that it therefore may be viewed as independent of the sound
level and as a consequence also independent of the DSP GAIN, which latter may vary dynamically depending on the
situation. This means that the acoustic coupling may be characterized by an essentially time independent transfer
function T(f), where fdenotes the frequency. The transfer function is independent of the DSP gain and at least approx-
imately also of the acoustic signal preduced by the receiver, since the DSP-output-to-real-ear-sound-pressure-transfer
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is at least approximately linear. The spectrum of the signal is cancelled out when the transfer function is measured. It
is, therefore, preferred to compare the output of the DSP (i.e. the digital or - less preferred - possibly, if the amplification
is load independent, the analog signal after the gain stage) with the sensing signal. In other words, in contrast to the
situation in dynamic control circuits, where an input signal or an uncorrected output of the digital signal processor is
compared with the acoustic signal in the ear canal, the approach presented here includes using for the comparison a
signal which is representative of the electric input signal of the receiver. For example, the signal used for the comparison
may be the receiver input signal before Digital-to-Analog conversion and amplification, i.e. a signal at least approxi-
mately proportional to the receiver input signal.

[0024] Itisforthis reasonthatthis approach of usingthe acoustic coupling redundantizes a control circuit dynamically
controlling the effective signal level in the ear. It suffices to obtain a transfer characteristic once or repeatedly at intervals
which are long compared to the sampling interval and to characteristic sound signal variation time constants. For
example in the case of digital signal processing, the rate with which a transfer characteristic is obtained (if the transfer
characteristic is obtained regularly at all) is at least 1000, preferably at least 1'000'000 times lower than the signal
processing unit's sampling rate. The transfer characteristic may for example be obtained only during the fitting process
and/or once every day (when the hearing instrument is switched on), once every hour, upon incidence of certain events
(for example initiation by the user, battery replacement, etc.), or the like. In case of regular updates of the transfer
characteristic, the interval between updates is for example always greater than 1 s, preferably greater than 1 min. or
even greaterthan 1 h.

[0025] The transfer characteristic may, as mentioned above, for example be memorized by way of storing parameters
of a transfer function T(f). Alternately, instead of a transfer function, gain correction parameters may be directly stored,
so that no explicit calculation of the transfer function T(f) is necessary. The art provides yet further alternatives of
characterizing a transfer between a (digital) electric signal and a real-ear acoustic signal, which further alternatives
may also be used in accordance with the invention.

[0026] Since the transfer from the DSP output to the signal in the ear canal (the acoustic coupling) is linear, it may
be characterized by comparing a DSP output representing any acoustic signal with the corresponding real ear acoustic
signal. In order to determine the transfer characteristic, an arbitrary acoustic signal may be incident on the hearing
instrument at a measuring time. It is not necessary to use a particular signal with a particular frequency characteristic
for this. According to an embodiment of the invention, however, the arbitrary input signal may be replaced or supple-
mented by a special processor generated measuring signal supplied to the receiver. By this, the coherence and thus
the quality of the measurement may be improved. The measuring signals may be on a non-audible level and may
provide the desired functionality nevertheless due to appropriately longer averaging. Possible suited measuring signals
are for example Maximum Length Sequence (MLS) signals, which as such are known in the art and are not described
any further here.

[0027] The transfer characteristic may be used for adjusting a gain of the hearing instrument, which gain is then
specifically adapted to the individual circumstances. Nevertheless, in contrast to control circuit approaches such as
the approaches disclosed in US 4,596,902 and US 6,658,122, the adaptation to the individual circumstances does not
necessarily cause a lot of computing power to be used. Rather, the same correction parameters may be used during
a long period and in largely different circumstances, nevertheless yielding a good and appropriate correction. Also, in
contrast to other prior art approaches, the presence of a hearing aid professional and of special equipment is not
necessary in order to make this specific adaptation.

[0028] Most hearing instruments nowadays comprise at least two input microphones ("outer microphones" in this
text) in order to enable beamforming. As a consequence, the hearing instruments also comprise an equal number of
Analog-to-Digital (A/D) converters. According to a preferred embodiment of the invention, the inner microphone does
not necessitate a further A/D converter. Rather, the hearing instrument comprises a switch by which alternatively the
output of one outer microphone and of the inner microphone may be connected to the input of one of the A/D converters.
This makes possible, that for occasional measurements of the transfer characteristic, the beamforming functionality is
at least partially interrupted, and the characteristic may be measured without interrupting the hearing aid operation
and without additional hardware.

[0029] A similar approach may be chosen for hearing instruments with only one outer microphone. In such hearing
instruments, a single A/D converter input may be alternatively switched between the outer and the inner microphone.
For measuring the transfer characteristic, a processor generated signal is used, and the hearing aid operation has to
be interrupted. However, this procedure for example only has to be done initially when the hearing instrument is posi-
tioned at is operating place and is therefore not even necessarily perceived by the user.

[0030] The transfer characteristic may, in addition to influencing the gain characteristic of the signal processing unit
or as an alternative thereto, also be used for other purposes.

[0031] As a first additional or alternative use, the transfer characteristic may be used for estimating the ear canal
transfer function. Even though often in the literature no difference is made between different positions of a microphone
placed in the ear canal (of an "inner microphone") or of an end of a sound conducting means leading thereto, in practice
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the distance between the microphone and the eardrum is important. In order to address this, a testing probe may be
placed close (closer than 5 mm) to the eardrum and used to measure the sound level there. However, this may be
done by a hearing aid professional only (due to the danger of damaging the eardrum), brings about additional efforts,
and is imprecise due to the influence of the testing probe's finite size on the acoustical circumstances. However, in-
vestigations by the inventor have shown that there is a strong relation between the acoustical impedances and the
transfer within the ear canal. Therefore, since the acoustic coupling contains the information on the acoustical imped-
ances, the ear canal transfer may be estimated based on the measured acoustic coupling. This may be done using
any estimation method known in the art. It may for example be based on electro-acoustical models, statistic models,
discrimination or decision tree based, neuronal networks, fuzzy logic, etc.

[0032] A second additional or alternative use is an estimate of the ear impedance. The ear impedance is a basis for
hearing instrument optimization and for modeling in general. In principle, ear impedance measurement requires a
laborious calibration of the system and measurement of the complex acoustic coupling transfer function. The corre-
sponding 1-microphone theory has been published in EP 1 316 783. The content of this publication is explicitly referred
to, especially concerning the teaching in paragraphs [0012] to [0025] and [0027] to [0042] of the A2 publication.
[0033] A third additional or alternative use is an automatic on/off switch based on the measured acoustic coupling.
This use is based on the insight that the acoustic coupling is characteristic of the situation where the hearing instrument
is in place in or at the user's ear. As soon as the hearing instrument is removed, the acoustic coupling changes dras-
tically, in which case the hearing instrument may switch off or switch to a standby-mode automatically. For this use,
the acoustic coupling has to be measured repeatedly and permanently. This, however, does not imply the measurement
to be real-time. A measurement once every split second, second, or plurality of seconds or even minutes may be
sufficient.

[0034] As a fourth additional or alternative use, the acoustic coupling is used for making a diagnosis. This may be
a diagnosis on the hearing instrument hard- or software or on the middle ear. For example, by means of characterizing
the acoustic coupling, a clogging of the vent, the microphone or of the receiver outlet may be detected.

[0035] In accordance with a second aspect of the invention, the inner microphone of a hearing instrument according
to the invention may also be used to measure other transfer functions than the transfer characteristic of the path from
the digital signal to the acoustic signal in the ear canal.

[0036] A first example of such other characteristic is the "real ear occluded gain" transfer function. In addition to the
signal provided by the hearing aid receiver(s), the user also perceives the acoustic signal bypassing the hearing in-
strument, through vent and guided by the human tissue, the instrument casing, etc. The output-input-relationship of
this bypassing signal is called the real ear occluded gain (REOG). When the REOG is measured, the electro-acoustical
amplification path of the hearing instrument is switched off, and the stimulating signal corresponds to the signal incident
from outside, potentially supported by an additional source.

[0037] A second example of such other characteristic is the measurement of the acoustical feedback limit, i.e. the
maximum achievable acoustical amplification for compensating the hearing loss. The acoustical feedback limit is not
identical to the limit determined by the maximal DSP gain and standard RECD. It rather corresponds to the individual
maximal acoustic gain. The acoustical feedback limit is not primarily dependent on the acoustic coupling, but depends
on the path vent (+ housing + tissue) - outcoupling - transfer to the outer microphone. This transfer is covered if the
transfer from the inner microphone to the outer microphone is measured. Measurement of the acoustical feedback
limit in accordance with this aspect of the invention, therefore, comprises supplying the receiver with a processor
generated signal and comparing the sensing signal obtained by the inner microphone with the signal produced by at
least one outer microphone upon incidence of the signal transmitted from the receiver back via vent, housing and
human tissue.

[0038] The term "hearinginstrument" or "hearing device", as understood in this text, denotes on the one hand hearing
aid devices that are therapeutic devices improving the hearing ability of individuals, primarily according to diagnostic
results. Such hearing aid devices may be Behind-The-Ear (BTE) hearing aid devices or In-The-Ear (ITE) hearing aid
devices (including the so called In-The-Canal (ITC) and Completely-In-The-Canal (CIC) hearing aid devices, as well
as partially and fully implanted hearing aid devices). On the other hand, the term stands for devices which may improve
the hearing of individuals with normal hearing, e.g. in specific acoustical situations as in a very noisy environment or
in concert halls, or which may even be used in the context of remote communication or of audio listening, for instance
as provided by headphones.

[0039] The hearing devices addressed by the present invention are so-called active hearing devices which comprise
at the input side at least one acoustical to electrical converter, such as a microphone, at the output side at least one
electrical to acoustical converter, such as a loudspeaker (often also termed "receiver"), and which further comprise a
signal processing unit for processing signals according to the output signals of the acoustical to electrical converter
and for generating output signals to the electrical input of the electrical to mechanical output converter. In general, the
signal processing circuit may be an analog, digital or hybrid analog-digital circuit, and may be implemented with discrete
electronic components, integrated circuits, or a combination of both. In the context of this application, signal processing
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units comprising digital signal processing means are preferred.
BRIEF DESCRIPTION OF THE DRAWINGS

[0040] In the following, embodiments of the invention are described with reference to drawings. The drawings are
all schematical and show:

- Fig. 1 diagram of a hearing instrument according to the invention,

- Fig. 2 an ear canal with an in-the-ear-canal component of a hearing instrument according to the invention,

- Fig. 3 a diagram illustrating processing steps of a method according to the invention,

-  Fig. 4 adiagram illustrating the transfer steps of the acoustic coupling,

- Fig. 5 graphs illustrating an example of a gain correction,

- Fig. 6 adiagramillustrating processing steps of an alternative embodiment of the method according to the invention,

- Fig. 7 a diagram illustrating the use of an A/D converter of a hearing instrument comprising multiple outer micro-
phones,

- Fig. 8 adiagram illustrating the measurement of the REOG,

- Fig. 9 a diagram illustrating the measurement of the acoustic feedback limit,

- Fig. 10 a diagram illustrating the estimation of the ear canal transfer function,

- Fig. 11 a diagram illustrating further embodiments of the method according to the invention.
[0041] In the figures, corresponding components are provided with the same reference numerals.
DESCRIPTION OF THE PREFERRED EMBODIMENTS

[0042] The hearing instrument of Figure 1 comprises at least one outer acoustic-to-electric converter (microphone)
1 (often, two or even three acoustic-to-electric converters are available in each hearing instrument), a signal processing
unit (SPU) 3 operable to apply a time- and/or frequency-dependent gain to the input signal or input signals S, resulting
in an output signal So and at least one electric-to-acoustic converter (receiver) 5. The hearing instrument further com-
prises an inner acoustic-to-electric converter 6.

[0043] In Figure 2, very schematically an ear canal 8 with an inserted in-the-ear-canal component, namely an oto-
plastic 7, of a behind-the-ear hearing instrument is illustrated. In general, an in-the-ear-canal component or an in-the-
ear component of a hearing instrument in the context of this application is also called earpiece. The sound output signal
is guided from the receiver to an interior of the ear canal 8 by means of a sound conducting tube 9 held by the otoplastic
7. The otoplastic 7 is an element shaped to fit in the user's ear, which comprises next to holding means for holding the
sound conducting tube also a vent 2 for pressure equalization. The vent, and, more generally, the earpiece or the
hearing instrument may have any shape as such know in the art including large vents (such as IROS venting), or limited
open fittings (with or without otoplastics).

[0044] The inner microphone 6 is integrated in the otoplastic. In the figure, the eardrum is denoted by 10, the volume
between the eardrum and the otoplastic by 11. In contrast to the shown embodiment, the inner microphone may be
placed in an interior of the earpiece (or the CIC, ITC, or ITE hearing instrument) and may be connected to the volume
11 by a channel. It may also be arranged adjacent to the sound conduction means from the receiver to the volume or
adjacent to the vent.

[0045] Inthe shown embodiment, a digital signal processor (a core part of the signal processing unit) and preferably
the entire signal processing unit is placed in the behind-the-ear component (not shown), together with the outer mi-
crophone(s), the receiver, and a battery compartment. The hearing instrument comprises a sensing signal transmission
wire 4 connecting the inner microphone with the signal processing unit. Signal transmission between the inner micro-
phone and the signal processing unit may as an alternative be wireless, in which case, however, the in-the-ear-canal
component has to comprise an energy source.
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[0046] Inthe shown embodiment of a BTE hearing instrument, the inner microphone is placed in the earpiece, where-
as the outer microphone and the receiver are arranged in the behind-the-ear component. Thus there is a sound con-
ducting connection (sound conducting tube 9) between the receiver and the earpiece, and an electrical signal conduct-
ing connection between the inner microphone and the behind-the-ear-component. However, it is also possible to either
place the inner microphone in the behind-the-ear component, in which case there is a sound conducting connection
between the earpiece and the inner microphone, or to place at least one receiver in the earpiece (in which case there
is an electrical signal conducting connection between the behind-the-ear component and the receiver), or both. It is
even possible to place the outer microphone in the earpiece, although this alternative is clearly less preferred.
[0047] Instead of a behind-the-ear (BTE) hearing instrument, the instrument may also be an in-the-ear (ITE) or in-
the-canal (ITC) hearing instrument, including a completely-in-the-canal (CIC) hearing instrument. In such a hearing
instrument, the outer microphone(s) is/are for example placed on an outside facing side of the instrument, whereas
the inner microphone is placed on the inside facing the eardrum or is connected to the inside by sound conducting
means. In an ITE, an ITC or a CIC hearing instrument, the in-the-ear component is often the only constituent of the
hearinginstrument, i.e. the hearing instrument may consist of its in-the-ear-canal component. As yet another alternative,
the in-the-ear component may be an in-the-ear-canal component of the kind described in the European patent appli-
cation 05 405 022.4.

[0048] A very schematic diagram of the signal path in a basic embodiment of the invention is shown in Figure 3.
The outer microphone 1 produces an (analog) electric signal which is the input signal S for the signal processing unit.
The signal processing unit comprises a signal collecting stage 12. The signal collecting stage 12 preferably includes
an analog-to-digital converter and may include further functionality such as analysis, the calculation of noise reduction
parameters, etc. The signal processing unit further comprises a signal processing stage 13, where the input signal is
transferred into a (digital) output signal. This may include having a frequency dependent gain act upon the signal,
which frequency dependent gain may depend on parameters such as acoustic signal direction of incidence, signal
level, detected noise levels, etc. Signal collecting stage 12 and signal processing stage 13 may together have the
functionality of any known or yet to be developed signal management in hearing instrument technology.

[0049] The frequency dependent gain may, according to a preferred embodiment of the invention, be further depend-
ent on a transfer characteristic, as will be explained in the following.

[0050] The outputsignal DSPg; of the signal processing stage 13 is converted into an analog electric signal, amplified
and converted into an acoustic signal. These steps are illustrated in Figure 4, where 21 denotes a digital-to-analog
converter, 22 an amplifier, 5 a receiver and 23 the sound conduction by tubing (if, for example, the hearing instrument
is of the behind-the-ear-type) and the influence of the earmold (otoplastic).

[0051] Returning to Figure 3, conversion of the DSPq,,; signal into the real-ear acoustic signal in front of the eardrum
is denoted by a single step "acoustic coupling" in the figure. As explained, for the purpose of the first aspect of the
invention, it is sufficient to measure the acoustic coupling as a whole. Knowledge of the mechanisms underlying the
individual steps - as represented in Fig. 4 - is not necessary. Note that in the representation of Fig. 3, as well as in the
following description, the acoustic coupling 15 includes the digital-to-analog conversion and the amplification by the
analog amplifier. The term "acoustic coupling", therefore, in this description is used for the sum of steps leading to the
conversion of the processed digital output signal into the real-ear acoustic signal in the ear canal.

[0052] The ear canal sound pressure level pc in the volume 11 in front of the eardrum is sensed by the inner micro-
phone 6. The sensing signal S, output by the inner microphone 6 is compared to a signal DSPg ,; representative of
the receiver input by an analyzer 14. The transfer characteristic may for example be represented by explicitly known
parameters of a transfer function T(f) or as an alternative by appropriate gain correction values, etc. The transfer
characteristic is supplied to the signal processing stage and preferably has an influence on the effective gain values.
The DSP may control the analyzer 14; it may for example trigger a measurement, define the measurement parameter,
etc. For example, if the transfer characteristic reveals that the acoustic signal in a particular frequency region is sup-
pressed stronger than average, the gain calculated by the signal processing unit based on the input signal and pre-
stored information is corrected by a corresponding increase in said frequency region. A simplified example of an eval-
uation of a gain correction C(f) is very schematically shown in Figure 5. The acoustic coupling transfer function 7(f) of
a signal 51 is compared with an average transfer function 52 which may have been obtained as an average of a large
number of measurements or by a measurement with a 2cc coupler, which is factory stored in the signal processing
unit and to which the uncorrected gain calculation is adapted. From the difference of the signal 51 and the average
signal 52, a gain correction C(f) is evaluated. The gain correction may be stored in the signal processing unit and be
applied to the gains evaluated thereby during operation of the hearing instrument. Since the acoustic coupling is linear
and the acoustic coupling transfer function essentially time and acoustic signal independent, so is the gain correction.
Therefore, applying the once evaluated gain correction C to the input signal a plurality of times always results in an
appropriately corrected gain. The dots 54 in the right panel of figure 5 illustrate a discretized version of the gain cor-
rection for the case the gain is evaluated discretely in a number of frequency bands. Applying the gain correction may
then just be an addition of the correction values Cyto the calculated gain values. The correction values C;are indicative
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of the transfer characteristic, and storing a number of discrete gain correction values Cyis also a preferred way of
storing the characteristic in the signal processing unit.

[0053] According to a further, less preferred embodiment, instead of a signal representative of the receiver input, a
signal of a different stage in the signal processing may be used, for example an input signal of the signal processing
stage 13 (tapped at point A in the figure).

[0054] As mentioned, it has been found that the acoustic coupling is approximately linear and that it therefore may
be viewed as independent of the sound level and as a consequence also independent of the operations of the signal
collecting stage 12 and of the signal processing stage 13. This means that the acoustic coupling may be characterized
by a transfer function T(): Sgps(t, N = T(NDSP, 4t 1), where f denotes the frequency and f the time. Therefore, the
analyzer can characterize the acoustic coupling once (or repeatedly with a repetition rate that is small compared to
the sampling rate of the digital signal processor, for example during the fitting process and once every hour, or once
every day), and the characterization parameters - for example parameters of a transfer function - may be stored. The
characteristic may in the following be used for setting an appropriate, situation adapted gain or the like.

[0055] Figure 6 shows an alternative embodiment of a hearing instrument. The illustrated hearing instrument is
distinct from the hearing instrument of Fig. 3 in that it comprises a signal generator 17 for generating a measuring
signal in order to potentially enhance the quality of the measurement. The measuring signal may be admixed to the
processed input signal, or it may be used instead of the latter. The corresponding adding stage 18 and switch 19 are
also illustrated in the figure.

[0056] The hearing instrument of Figure 7 is of the type comprising at least two outer microphones in order to enable
beamforming. Each outer microphone is allocated an Analog-to-Digital converter 31.1, 31.2 (which may be integrated
in a signal processing unit and which is comprised in the signal collecting stage 12 in the above figures; if the A/D
converters are not integrated, instead of two separate A/D converters, in practice often a dual A/D converter comprising
two inputs and two outputs will be used). Also the inner microphone output signal, of course, has to be analog-to-
digital-converted in the case of digital signal processing. Corresponding analog-to-digital converters are not shown
separately in Fig. 3 and 6, but are assumed to be integrated in the analyzer 14. However, due to the approach in
accordance with the invention, the inner microphone 6 output signal does not permanently need to be processed and
as a consequence does not permanently require an analog-to-digital converter. The hearing instrument of Figure 7
comprises a switch 32 by which alternatively the output of one outer microphone 1.2 and of the inner microphone 6
may be connected to the input of one of the A/D converters. This makes possible, that for occasional measurements
of the transfer characteristic, beamforming functionality is at least partially interrupted (if the hearing instrument is not
anyway in the "omni" mode in which only one microphone signal is required), and the characteristic may be measured
without interrupting the hearing aid operation and with the switch 32 as only additional hardware. In the representation
of Figure 7, the functionality of the analyzer is shown as integrated in the digital signal processor 33.

[0057] Figures 8-11 illustrate different operation modes of the hearing instrument of either of the hearing instruments
sketched in the previous Figures. In accordance with Figure 8, a real ear occluded gain (REOG) characteristic is
measured. Forthis measurement, the amplification path of the hearing instrument is switched off, and merely the output
signals of the outer microphone 1 and of the inner microphone 6 are compared to provide a REOG transfer character-
istic. This may be by way of a REOG transfer function Tgepog(f), where for example Sgens(fi )= Treog(D™ S(f1).
[0058] A set-up for measuring the real-ear acoustical feedback limit is shown in Figure 9. A measuring signal gen-
erated by the signal generator 17 is output via the receiver, preferably in a situation, where no or little external noise
is present. The analyzer compares the sensing signal Sg.,s by the inner microphone with the signal S, detected by
the outer microphone. From this comparison, the analyzer can compute the individual maximum gain which information
is used by the signal processing stage 13 in subsequent signal processing.

[0059] Figure 10 illustrates the estimation of the ear canal transfer characteristic. By this estimation, the difference
between the real-ear sound level at the place of the inner microphone and at the position of the eardrum is addressed.
The ear canal transfer 41 is illustrated by a corresponding box in the figure. The ear canal transfer characteristic
estimator 42 is provided with appropriate means of estimating the ear canal transfer characteristic from the acoustic
coupling transfer characteristic.

[0060] Further uses of the knowledge of the acoustic coupling transfer characteristic are summarized in Figure 11.
According to one embodiment, the additional processing stage 61 serves for calculating or estimating the ear imped-
ance (IM). According to another embodiment, the additional processing stage 61 determines whether or notthe hearing
instrument is properly worn by the user. This allows the hearing instrument to control a corresponding smart on/off-
switch by which for example the consumption of electricity may be drastically reduced in case the hearing instrument
is not worn. According to yet another embodiment, the further processing stage calculates a quantity (DIAG) which
may be used for diagnosing a status of either the person wearing the hearing instrument or the hearing instrument
itself or both. The uses of Figures 10 and 11 may, of course, be combined.
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Claims

10.

1.

12.

13.

14.

15.

A method of obtaining a characteristic of acoustical circumstances in an ear canal of a user, in which a hearing
instrument or a hearing instrument component is placed, the hearing instrument including at least one outer mi-
crophone (1, 1.1, 1.2), a signal processing unit (3), at least one receiver (5), and at least one inner microphone
(6) operable to obtain a sensing signal from an acoustic signal at a position in front of the user's eardrum (10), the
method comprising the steps of producing an acoustic signal in at least a part of the ear canal, of obtaining, by
means of said inner microphone, a sensing signal representative of said acoustic signal, of determining, by said
signal processing unit and from said sensing signal, a characteristic of the acoustical circumstances, and of mem-
orizing values indicative of said characteristic for further use.

A method according to claim 1, wherein said acoustic signal is produced by said at least one receiver, and wherein
said characteristic is a transfer characteristic.

A method according to claim 2, wherein the acoustic signal is directed from the receiver to the ear canal by means
of a sound conducting tube positioned at least partially in the ear canal.

A method according to claim 2 or 3, wherein signal processing of a signal obtained from the at least one outer
microphone (1, 1.1, 1.2), includes a digital signal processing stage, and wherein for determining the transfer char-
acteristic, a signal representative of an output signal of said digital signal processing stage is compared to said
sensing signal.

A method according to any one of claims 2-4, wherein said transfer characteristic is given by a transfer function
(T(H), and wherein said values are parameters of the transfer function.

A method according to any one of claims 2-5, wherein receiver input signal is supplied by a processor generated
measuring signal for generating said acoustic signal.

A method according to any one of claims 2-6, wherein a gain acting on an input signal S, of the signal processing
unit is adjusted based on the transfer characteristic.

A method according to any one of claims 2-7, wherein the transfer characteristic is used to estimate an ear canal
transfer function indicative of an acoustic transfer property within the ear canal to the eardrum.

A method according to any one of claims 2-8, wherein the transfer characteristic is used to estimate an ear im-
pedance.

A method according to any one of claims 2-9, wherein the transfer characteristic is used to determine whether the
hearing instrument is properly worn by the user, and wherein the hearing instrument is switched off or is switched
to a standby mode if it is found not to be worn by the user.

A method according to any one of claims 2-10, wherein the transfer characteristic is used to make a diagnosis on
a state of the hearing instrument or on a status of the user.

A method according to any one of the previous claims, wherein the transfer characteristic is obtained upon a user
induced event and/or is obtained repeatedly at regular or irregular intervals during operation of the hearing instru-
ment, wherein said intervals are greater than a signal processing unit sampling interval by at least a factor of 1000.

A method according to claim 1, wherein the acoustic signal is produced by an acoustic source outside of the ear
canal, wherein, for the determination of the sensing signal, any amplification by the hearing instrument is switched
off, and wherein the characteristic is a real ear occluded gain transfer characteristic.

A method according to claim 1, wherein the input of the at least one receiver is supplied by a processor generated
measuring signal for generating said acoustic signal, and wherein said characteristic is an acoustical feedback

limit measured by comparing the sensing signal with an acoustic signal detected by at least one outer microphone.

A hearing instrument comprising an in-the-ear component adapted to be at least partially placed in the ear canal
of a user, the hearing instrument further comprising at least one outer microphone (1), a signal processing unit (3)

10
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comprising a data memory, and at least one receiver (5), the signal processing unit being operable to transform
an input signal provided by said at least one outer microphone into an output signal supplied to said at least one
receiver, the hearing instrument further comprising at least one inner microphone (6) operable to obtain a sensing
signal from an acoustic signal at a position in front of the user's eardrum (10), an output of the inner microphone
being operatively connected to an input of the signal processing unit, the signal processing unit being operable to
obtain from the sensing signal provided by said inner microphone, a characteristic of acoustical circumstances in
the user's ear canal, and to memorize, in said data memory, values indicative of said characteristic for further use.

A hearing instrument according to claim 15, the output of the inner microphone not being part of a control loop.

A hearing instrument according to claim 15 or 16, wherein the signal processing unit comprises a digital signal
processing component and an analyzer entity (14), the analyzer entity operable to carry out a comparison between
said sensing signal and a an output of said digital signal processing component, to evaluate said characteristic
from said comparison, and to provide said characteristic to the digital signal processing component.

A hearing instrument according to any one of claims 15-17, wherein the signal processing unit comprises a signal
generator (17) operable to generate a processor generated measuring signal supplied to said at least one receiver

®).
A hearing instrument according to any one of claims 15-18, the in-the-ear component comprising a vent (2).
A hearing instrument according to claim 19, the in-the-ear component being an open fitting element.

A hearing instrument according to any one of claims 15-20 being a behind-the-ear hearing instrument comprising
a behind-the-ear component, the behind-the-ear component including a digital signal processor of the signal
processing unit, the in-the-ear component being an earpiece connected to the behind-the-ear component by sound
conduction means and further by signal transmission means operable to transmit the sensing signal to the digital
signal processor.

A hearing instrument according to claim 21, wherein the inner microphone is placed in the earpiece, and wherein
the hearing instrument comprises an electrical wiring between the inner microphone and the digital signal proces-
sor.

A hearing instrument according to claim 21, wherein the inner microphone is placed in the behind-the-ear compo-
nent and wherein the hearing instrument comprises a sound conduction tubing between a position fixed by the
earpiece and the inner microphone.

A hearing instrument according to any one of claims 21-23, wherein the receiver or all receivers are placed in the
behind-the-ear component, and wherein the hearing instrument comprises a sound conduction tubing between
the receiver and a position fixed by the earpiece.

A hearing instrument accordingto any one of claims 21-23, wherein at least one receiver is arranged in the earpiece,
and wherein the hearing instrument comprises an electrical wiring between the signal processing unit and the
receiver.

A hearing instrument according to any one of claims 15-20 being an in-the-ear, in-the-canal or completely-in-the-
canal hearing instrument.

A method of manufacturing a hearing instrument, the method comprising the steps of

- assembling at least one outer microphone (1), a signal processing unit (3), at least one receiver (5) and at
least one inner microphone, the inner microphone forming part of an in-the-ear component or comprising
sound conducting tubing connecting it to the in-the-ear component, the signal processing unit comprising a
data memory,

- of establishing operational connections between an output of the at least one outer microphone and the signal

processing unit, between an output of the signal processing unit and an input of the at least one receiver, and
between an output of the at least one inner microphone and a further input of the signal processing unit,

11
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- and of providing the signal processing unit with a software enabling the signal processing unit to obtain from
a sensing signal provided by said inner microphone, a characteristic of acoustical circumstances in the user's
ear canal, and to memorize, in the data memory, values indicative of said characteristic for further use.
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EAR TERMINAL WITH A MICROPHONE DIRECTED TOWARDS THE MEATUS.
The invention concerns the physical design of an
adaptive hearing protective earplug combined with an audio

communications terminal.

There exist a lot of solutions for hearing protection
and audio communication in noisy environments based on
earplugs and ear-muffs with earphones (loudspeakers), boom
microphones, cheek-bone microphones, or throat microphones.
All these solutions have one of more of the following
undesirable properties:

- heavy and clumsy.

- uncomfortable.

- inferior quality of sound pick-up and restoration.
- poor noise attenuation.

- attenuate both desired and unwanted sounds.

It is an object of this invention to provide an ear
terminal having none of these shortcomings, being a
lightweight, all-in-the-ear intelligent hearing protector
with wireless communication. The noise attenuation is
automatically adapted to the noise conditions and
communication modes. The present invention therefore
simultaneously protects the hearing and provides improved
communication abilities in different noise environments. It
is intended for continuous use during the working day or
other periods when hearing protection and/or voice
communication is needed.

The invention also concerns a device for utilising the
speech sound produced in the ear of a person carrying ,
hearing protective communications ear plugs according to the
invention.

Present day devices intended to pick up speech from a
person in a very noisy environment représent a technological
challenge and take several forms. Common types include
- A microphone in close proximity to the mouth, carried

on a microphone boom. The microphone is made with a

characteristic emphasising the near field from the

mouth. This type is sometimes referred to as "noise
cancelling".
- A vibration pickup in contact with the throat, picking
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up the vibrations of the vocal cord.

- A vibration pickup in contact with the wall of the
meatus, the outer ear canal, picking up the vibrations
of the tissue in the head.

- A similar pickup in contact with the cheek-bone.

These device types are either fairly sensitive to
acoustic noise masking the speech, or certain speech sounds
are poorly transmitted, especially the high frequency
consonant sounds necessary for good intelligibility.

Persons exposed to high noise levels are required by
health and safety regulations to wear hearing protectors.
The protectors take the form either of sealing cups which
enclose the ear, or ear plugs which block the ear canal. The
latter type of protector is often preferred because of its
small size and relatively good comfort.

Thus it is an additional object of this invention to
provide an ear plug with two desirable properties:

- The cavity sealed off in the inner portion of the
meatus by the ear plug is relatively free of external
noise, this i1s the purpose of the ear plug in
protecting the hearing.

- The sound field in the cavity generated by the persons
own voice contains all the frequency components
necessary to reconstruct the speech with good
intelligibility.

The solution according to invention takes advantage of
these facts. By using a microphone to pick up the acoustic
sound field in the inner portion of the meatus and
processing the microphone signal according to the invention,
a speech signal of high quality and low noise masking is
produced.

It is an additional object of this invention to provide
a system for increasing the user’s feeling of naturalness of
the user’s own voice when using a hearing protective
communications terminal according to the invention.

Using ordinary earplugs or earmuffs, the user usually
feels his own voice being distorted, a feature reducing the
comfort of wearing hearing protectors. Ordinary hearing
defenders changes the normal sound transmission path from

Exhibit 1009
Page 2047 of 2198



10

15

20

25

30

35

WO 02/17836 PCT/NO01/00357

3

the mouth to the eardrums. Thus the auditory feedback from

the users own voice is affected resulting in an unintended

change in the speech output. A normal response is to raise
one’s own voice level when using headsets or earplugs.

The invention solves this problem by filtering and
mixing in the user’s own voice picked up by either the outer
or the inner microphone at one ear and reproduce the signal
at the loudspeaker in the other ear. It is also possible to
reproduce the signal by the loudspeaker in the same ear, in
which case feedback cancellation has to be applied. Thus the
user’s voice ig felt more natural both with respect to
frequency response and speech level. This feature will
increase the level of acceptance for continuous use of
hearing protectors during the whole working day. The own
voice signal is added and reproduced in such a way that the
noise reduction property of the hearing protector is
maintained.

An additional object of thisg invention is to provide a
programmable personal noise exposure dose meter that
measures the true exposure in the user’s ear and calculates
the hearing damage risk.

Present day noise exposure dose meters, also called
dosimeters, usually consist of a microphone and a small
electronics unit that may be attached to the body or worn in
a pocket. The microphone may be mounted on the electronics
unit or it may be fastened to the collar or on the shoulder.
ANSI S1.25 specifies dosimeters. ‘

Present day dosimeters have several shortcomings:

- Dosimeters do not measure the noise that actually
affects the hearing organ (e.g. when the user wears a
hearing protector, helmet, etc.). Even when the ear is
not covered, measurements may be influenced by body
shielding.

- Dosimeters are susceptible to non-intentional ox
intentional errors, which may influence readings, such
as wearers tapping or singing into dosimeter
microphones or by wind-generated noise.

- Dosimeters are inaccurate if impulse or impact noise is
present.
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The invention solves these problems by using a
microphone that measures the sound at the eardrum and
employs analysis procedures that take into account both
stationary and impulsive sound. When the dose meter is part
of a communications terminal this includes external noises,
incoming communication signal, as well as possible
malfunctioning of the equipment.

It is also an object of this invention to provide a
device for verifying in situ that a hearing protector is
properly used.

Present day hearing protectors take the form either of
sealing cups which enclose the ear, or ear plugs which
blocks the ear canal. For both types, it is critically
important to avoid leakage of the noise sound through or
around the sealing and blocking parts of the hearing
protectors.

Experience shows that several factors may compromise
the sealing of a hearing protector and thereby increase the
risk of hearing damage. These factors include
- Irregular surfaces which the sealing material is not

able to follow properly. Examples are spctacles used

with ear cups, and ear plugs used by persons with
irregularly formed ear canals.

- Improper placement of the hearing protector. Experience
and patience is required by the user to get a hearing
protector mounted correctly. In cases where the user is

" wearing a helmet or cap, the hearing protector may-be
accidentally pushed out of position during use.

- Ageing of the materials in the sealing may reduce the
resilience of the sealing and thereby allow leakage
around the sealing.

The result of leakage is reduced damping of potentially
harmful noise. Ideally, the leakage should be detected and
remedied prior to noise exposure. The leakage may not be
clearly audible. Accordingly, noise situations may comprise
of intermittent or impulsive components which may damage the
hearing almost instantaneously if a hearing protector should
be malfunctioning or imperfect without the user's knowledge.
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The invention solves these problems by an in situ
acoustical measurement, which is analysed and reported to
the user in audible form, or to external equipment by means
of communication signals. The devices necessary for the

5 measurement are an integral part of the hearing protector.
Verification may be activated by the user at any time, or be
continuously running when the application is critical.
Optionally, verification may be activated by other persons
(oxr devices) than the user, e.g. to verify hearing protector

10 function before admittance to a noisy area is allowed.
The above mentioned problems are solved by the
invention according to the attached claims.
The invention will be described below with reference to
the accompanying drawings, the drawings illustrating the
15 invention by way of examples.

Fig. 1 is a simplified vertical section along the central
axis of the meatus of the outer ear of an erect
human, with an inserted ear terminal according to
one embodiment of the invention also shown in

20 vertical section along the axis, locally
coincident with the meatus axis.

Fig. 2 is an electrical wiring diagram showing the
functional components and connections between
electronic components in a preferred embodiment

25 according to the invention. ‘

Fig. 3 is an illustration of one method according to the
invention, showing that spectral analysis of sound
picked up in the ear 1is compared with spectral
analysis of sound picked up by a microphone at a

30 standard distance, e.g. of 1 metre, under
otherwise quiet conditions.

Fig. 4 is an illustration of speech sound analysis and
following sound source classification with
filtering conducted according to the sound source

35 classification, according to one embodiment of the
invention.

Fig. 5 is an illustration of another method according to
the invention, illustrating an analysis of sound
picked up close to the ear being compared with an
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analysis of sound picked up by a microphone
arranged in the meatus.

Fig. 6 illustrates a simplified section through a human’s
right and left ears with ear terminals according
to the invention illustrated for improved natural
sound purposes.

Fig. 7 illustrates a process diagramme for one embodiment
of the invention concerning noise dose metering,
here illustrating an A-weighting with accumulated
noise dose measurements, and also with C-weighting
for peak noise value registration.

Fig. 8 illustrates another embodiment of the invention
illustrating a processing scheme for online
verification of hearing protector pexrformance.

Fig. 9 illustrates an electric analogy diagram of the
acoustic phenomenon on which an embodiment for
online verification of hearing protector
performance is based.

Description of preferred embodiments of the invention.

The physical design of an embodiment of the present
invention enables the construction of a complete all-in-the-
ear hearing protector and communications terminal with
strong passive sound attenuation, strong active sound
attenuation, high quality sound restoration, high quality
sound pick-up, small size, low weight, and comfortable fit.

One embodiment of this invention is illustrated in
Fig. 1, and provides the general physical design of a
complete all-in-the-ear hearing protector and communications
terminal, regarded as a combination of passive sealing,
characteristics and placement of electro-acoustic
transducers as well as acoustic filters, electric circuitry,
and a ventilation system for pressure equalisation.

The ear terminal comprises an outer section 1 arranged
for sitting adjacent to the outward facing portion of the
sealing section 2 and a part of the inward facing portion of
the outer section 1 is formed to fit the concha around the
outer portion of the meatus 3.
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The physical design represented by an embodiment of the

invention enables some or all of the following
functionalities:
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External sounds are attenuated by a combination of
passive and active noise control. The passive
attenuation is obtained by means of an earplug 1,2 with
a sealing system 2 inserted in the outer part of the
ear canal or meatus 3. The active noise control is
achieved by using one or two microphones M1, M2 and a
loudspeaker SG together with electronic circuits in an
electronics unit 11 mounted in the earplug system.

The algoritmes for noise control are per se known and
will not be described in any detail here, but may
include active noise cancelling by feedback of acoustic
signals converted by at least one of said microphones
(M1,M2) throught the sound generator (SG).

Restoration of desired sounds (external sounds and
signals from the communication system) at the eardrum
or tympanum 4 is achieved by usging the same microphones
M1, M2, and loudspeaker SG and the electronics unit 11.
Again, the algoritmes for obtaining this are per se
known and will not be described in any detail here, but
may include amplification of chosen frequencies
converted by said the microphone (M1l) and generating a
corresponding acoustic signal through said sound
generator (SG). The frequencies may for example be
within the normal range of the human voice.

Ear terminal according to claim 1, comprising a sound
generator (SG) arranged for being directed toward the
meatus and being coupled to said electronics unit (11),
wherein the electronics unit (11) comprises filtering
means for active sound transmission e.g. by
amplification of chosen frequencies converted by said
outer microphone (M1) and generating a corresponding
acoustic signal through said sound generator (SG).

Pick-up of the user’s voice is performed by a
microphone M2 with access to the closed space in the
meatus 3. This signal is processed by means of analogue
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or digital electronics in the electronics unit 11 to
make it highly natural and intelligible, either for the
user himself or his communication partners or both
parts. This signal is of high quality and well suited

5 for voice control and speech recognition.

- Online control and verification of the hearing
protector performance is obtained by injecting an
acoustic measurement signal, preferrably by the sound
generator or loudspeaker SG in the ‘meatus, and

10 analysing the signal picked up by the microphone M2
that has access to the acoustic signal in the meatus 3.

- Measurement of noise exposure dose at the tympanum 4
and online calculation performed by electronic
circuits, and warning of hearing damage risk eithexr by

15 audible or other warning signals, either to the wearer
of the hearing protection or other relevant personnel.

- Equalisation of pressure between the two sides of the
earplug system is obtained by using a very thin duct
T3,T4 or a valve that equalises static pressure

20 differences, while retaining strong low frequency sound
attenuation. A safety valve V to take care of rapid
decompression may be incorporated in the pressure
equalisation system T3,T4.

Fig. 1 illustrates an embodiment aécording to the

25 invention. The earplug comprises a main section 1 containing

two microphones M1 and M2 and a sound generator SG. The main
section is designed in a way that provides comfortable and
secure placement in the concha (the bowl-shaped cavity at
the entrance of the ear canal). This may be obtained by

30 wusing individually moulded ear-pieces that are held in

position by the outer ear or by using a flexible surrounding
pressing against the structure of the outer ear. A sealing
section 2 is attached to the main section. The sealing
section may be an integral part of the earplug, or it may be

35 interchangeable. The sound inlet of microphone M1 is

connected to the outside of the earplug, picking up the

external sounds. The microphone M2 is connected to the inner

portion of the meatus 3 by means of an acoustic transmission
Exhibit 1009
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channel Tl. The acoustic transmission channel may contain
optional additional acoustic filtering elements. An outlet
Sge of sound generator SG is open into the inner portion of
the meatus 3 by means of an acoustic transmission channel T2
between the sound generator SG and the inward facing portion
of the sealing section 2. The acoustic transmission channel
T2 may contain optional additional acoustic filtering
elements.

When smaller microphones M2, and sound generators SG
are available, it will be possible to mount the microphone
M2 and the sound generator SG at the innermost part of the
sealing section. Then there is no need for the transmission
channels Tl and T2.

The two microphones and the sound generator are
connected to an electronics unit 11, which may be connected
to other equipment by a connection interface 13 that may
transmit digital or analogue signals, or both, and
optionally power.

Electronics and a power supply 12, e.g. a battery, may
be included in main section 1 or in a separate section.

The microphones M1,M2 may in a preferred embodiment be
standard miniature electret microphones like the ones used
in hearing aids. Recently developed silicon microphones may
also be used.

The sound generator SG may in a preferred embodiment be
based on the electromagnetic or electrodynamic principle,
like sound generators applied in hearing aids.

According to a preferred embodiment of the invention, a
safety valve V is incorporated in the ventilation duct
comprising the channels T3 and T4. The valve V is arranged
to open if the static pressure in the inner part of the
meatus 3 exceeds the outside pressure by a predetermined
amount, allowing for pressure equalisation during rapid
decompression. Such decompression may occur for military or
civilian air personnel experiencing rapid loss of external
alr pressure. Such a decompression may also occur for
parachuters, divers, and the like. Pressure equalisation for
slowly varying pressure changes is obtained by using a
narrow vent T4 which may bypass the valve V. A proper design
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of this vent T4 allows for static pressure equalisation
without sacrificing low-frequency noise attenuation.

The main section of the earplug may be made of standard
polymer materials that are used for ordinary hearing aids.
The sealing part may be made of a resilient, slowly re-
expanding shape retaining polymer foam like PVC, PUR or
other materials suitable for earplugs.

For some applications (less extreme noise levels) the
earplug may be moulded in one piece 1,2 combining the main
section 1 and the sealing section 2. The material for this
design may be a typical material used for passive earplugs
(Elacin, acryl).

It is also possible to make the earplug in one piece
comprising the main section 1 and the sealing section 2, all
made of a polymer foam mentioned above, but then the
channels T1,T2,T3,T4 have to be made of a wall material
preventing the channels T1,T2,T3,T4 to collapse when the
sealing section 2 is inserted in the meatus 3.

All the features mentioned above may be obtained by an
electric circuitry represented by the block diagram in
Fig. 2. .

The microphone M1 picks up the ambient sound. A signal
from the microphone M1 is amplified in E1 and sampled and
digitised in an analogue to digital converter E2 and fed to
a processing unit E3 that may be a digital signal proceésor
(DSP), a microprocessor (uP) or a combination of both. A
signal 51 from microphone M2, which picks up the sound in
the meatus 3 between the isolating section 2 and the
tympanum 4, is amplified in the amplifier E4 and sampled and
digitised in the analogue to digital converter E5 and fed to
the processing unit E3.

A desired digital signal DS is generated in the
processing unit E3. This signal DS is converted to analogue
form in the digital to analogue converter E7 and fed to the
analogue output amplifier E6 that drives the loudspeaker SG.
The sound signal produced by the loudspeaker SG is fed to
the tympanum 4 via the channel T2 into the meatus 3 as
described above.

The processing unit E3 1is connected to memory elements
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RAM (Random access memory) E8, ROM (read only memory) EO9,
and EEPROM (electrically erasable programmable read only
memory) E10. The memories E8,E9, and E10 are in a preferred
embodiment of the invention used for storing computer
programs, filter coefficients, analysis data and other
relevant data.

The electronic circuitry 11 may be connected to other
electrical units by a bi-directional digital interface E12.
The communication with other electrical units may be
performed via a cable or wireless through a digital radio
link. The Bluetooth standard for digital short-range radio
(Specification of the Bluetooth System, Version 1.0 B, 01
Dec 1999, Telefonaktiebolaget LM Ericsson) is one possible
candidate for wireless communication for this digital
interface El2.

In a preferred embodiment of the invention, signals
that may be transmitted through this interface are:

- program code for the processing unit E3

- analysis data from the processing unit E3

- synchronisation data when two ear terminals 1,2 are
used in a binaural mode

- digitised audio signals in both directions to and from

an ear terminal 1,2.

- control signals for controlling the operation of the
ear terminal.

- digital measurement signals for diagnosis of the ear
terminal performance.

A manual control signal may be generated in El1ll and fed
to the processing unit E3. The control signal may be
generated by operating buttons, switches, etc, and may be
used to turn the unit on and off, to change operation mode,
etc. In an alternative embodiment, a predetermined voice
signal may constitute control signals to the processing unit
E3.

The electric circuitry is powered by the power supply
12a that may be a primary or rechargeable battery arranged
in the earplug or in a separate unit, or it may be powered
via a connection to another equipment, e.g. a communication
radio.
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One embodiment of the invention concerns the use of the
ear terminal as an “in-the-ear voice pick-up”. The sound of
a person’s own voice as heard in the meatus is not identical
to the sound of the same person’s voice as heard by an
external listener. The present embodiment of the invention
remedies this problem. The microphone M2 illustrated in Fig.
3 picks up the sound in the inner portion of the meatus 3
sealed off by a sealing section 2 in an ear protecting
communications device of the earplug type. The signal is
amplified by the amplifier E4 illustrated in Fig. 2, A/D
converted by the A/D converter E5, and processed in the
digital signal processing (DSP) or microcomputer unit E3.
The processing may be viewed as a signal dependent filtering
taking into account the speech signal properties as well as
computed estimates of the location of sound generation for
the different speech sounds. Thereby the speech
intelligibility and naturalness may be improved.

Figs. 1 and 3 show examples of embodiments of the
invention, with the microphone M2 being integrated in a
hearing protective communications earplug. The acoustic
transmission channel T1 connects microphone M2 to the inner
portion of the meatus 3. Microphone M2 picks up the sound
field produced by the person's own voice. The signal may be
amplified in amplifier E4, A/D converted in A/D converter E5
and processed in the digital signal processing (DSP) or
microcomputer unit E3. A processed signal from E3 may be
transmitted in digital form through a digital interface E12
to other electrical units. In an alternative embodiment, the
processed signal from E3 may be D/A converted and
transmitted in analogue form to other electrical units.

Fig. 4 illustrates one possible signal processing
arrangement according to the invention. It illustrates an
example of the type of signal dependent filtering which may
be applied to the signal from microphone M2 in order to
obtain a good reconstruction of the speech signal, making it

highly intelligible, even in extremely noisy environments.
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After amplification in E4 and A/D-conversion E5, the
microphone M2 signal is analysed in the DSP/uP processing
unit E3. The analysis represented by block 21 in Fig. 4 may
comprise a short term estimate of the spectral power in the
microphone signal, a short term auto-correlation estimate of
the microphone signal, or a combination of both. Based on
these estimates, a running classification with corresponding
decision represented by block 22 may be made in the
processing unit E3 for the selection of the most suitable
conditioning filter for the signal from microphone M2. In
the example shown in Fig. 4, the selection may made between
e.g. three filters H1(f), H2(f) and H3(f) represented by
blocks 23, 24 and 25, appropriate for vowel sounds, nasal
sounds and fricative sounds respectively. The processed
signal is present at output 26 of block 22. Other sound
classifications using more sophisticated subdivisions
between sound classifications and corresponding sound
filters and analysis algorithms may be applied. The
selection algorithm may comprise gradual transitions between
the filter outputs in order to avoid audible artefacts.
Filtering and selection is carried out in the processing
unit E3 concurrently with the sound analysis and
classification.

The basis for the filter characteristics and the
corresponding analysis and classification in the processing
unit E3 may be derived from an experiment of the form shown
in Fig. 3. An ear plug with a microphone M2 with the same
properties as the one used for the voice pickup is used to
pick up the voice of a test subject from the meatus 3
illustrated in the upper part of Fig. 3. Concurrently, the
volice is recorded by a high quality microphone M3 in front
of the subject, at a nominal distance of 1 meter, under an-
echoic conditions. Estimates of the power spectral densities
may be computed for the two signals by the analyses
represented by blocks 27 and 28 respectively, and the

corresponding levels L1(f) and L2 (f) are compared in
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comparator 29. The output from the comparator is represented
by the transfer function H(f). The analyses may be short
time spectral estimates, e.g. 1/9 octave spectra in the
frequency range 100 Hz to 14000 Hz. The test sequences which
the subject utters may comprise speech sounds held constant
for approximately 1 second. For voiced sounds, the subject
person may make the pitch vary during the analysis period.
The transfer functions of the filters described in
connection with Fig. 4 may be based on diagrams of H(f), the
spectral density levels of the free field microphone M3
subtracted from the corresponding levels of the in-the-ear
microphone M2.

A simplest embodiment of the invention may reduce the
system in Fig. 4 to one single time invariant filter. The
analysis and selection processing may then be omitted. The
transfer function of the single filter is still based on
diagrams of the spectral density levels of the free field
microphone subtracted from the corresponding levels of the
in-the-ear microphone, described in connection with Fig. 3.
The transfer function may be a combination of the results
for the various speech sounds, weighted in accordance with
their importance for the intelligibility and naturalness of

the processed speech.

Another embodiment of the invention is best understood
under the term “Natural Own Voice”, indicating that a pexson
wearing an ear terminal shall perceive his own voice as
being natural while having the meatus blocked by an earplug.

The inner microphone M2 or the outer microphone M1, or
a combination of both, picks up the sound signal
representing the users voice signal. The signal is
amplified, A/D converted, and analysed in the digital sigmnal
processor E3. Based on previously measured transfer
functions from the user’s speech to the microphone M2
(and/oxr M1), the microphone signal may be filtered to regain

the naturalness of the user’s speech. The signal is then
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D/A-converted, amplified and reproduced at an internal
loudspeaker SG. The internal loudspeaker SG may be arranged
in a similar ear terminal 1,2 in the wearer's other ear to
prevent local feedback in the earplug. In a more
acoustically demanding arrangement the loudspeaker SG,
arranged in the same meatus 3 as the inner pickup microphone

M2 1s situated, may be used, thus demanding feedback

cancellation. The desired signal to the loudspeaker SG in

the other ear may be transmitted via electric conductors
outside of the wearer’s head, or via radio signals.

Fig. 6 shows one preferred embodiment of the invention
with the natural own voice feature being integrated in two
active hearing protective communications earplugs. Each
earplug may comprise a main section 1 containing two
microphones, an outer microphone M1l and an inner microphone
M2, and a sound generator SG. The right and left earplugs
are generally symmetrical, otherwise identical for both
ears. Section 2 is the acoustic sealing of the hearing
protector. An acoustic transmission channel T1 connects
microphone M2 to the inner portion of meatus 3. Microphone
M2 picks up the sound from the meatus 3. When the user is
speaking and the ear canal is sealed, this signal is mainly
the user’s own voice signal. This signal is filtered and
reproduced at the loudspeaker SG at the other ear. An
acoustic transmission channel T2 connects sound generator SG
to the inner portion of meatus 3. A block diagram of the
electronic system is shown in Fig. 2.

Fig. 4 shows an example of the type of signal dependent
filtering which may be applied to the microphone signal in
order to obtain a good reconstruction of the voice.

After amplification in E4 and A/D-conversion E5, the
microphone M2 signal is analysed in the DSP/uP processing
unit E3. The analysis represented by block 21 in Fig. 4 may
comprise a short term estimate of the spectral power in the
microphone signal, a short term auto-correlation estimate of

the microphone signal, or a combination of both. Based on
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these estimates, a running classification with corresponding
decision represented by block 22 may be made in the
processing unit E3 for the selection of the most suitable
conditioning filter for the signal from microphone M2. In
the example shown in Fig. 4, the selection may made between
e.g. three filters H1(f), H2(f) and H3(f) represented by
blocks 23, 24 and 25, appropriate for vowel sounds, nasal
sounds and fricative sounds respectively. The processed
signal is present at output 26 of block 22. Other sound
classifications using more sophisticated subdivisions
between sound classifications and corresponding sound
filters and analysis algorithms may be applied. The
selection algorithm may comprise gradual transitions between
the filter outputs in order to avoid audible artefacts.
Filtering and selection is carried out in the processing
unit E3 concurrently with the sound analysis and
classification.

The basis for the filter characteristics and the
corresponding analysis and classification in the processing
unit E3 may be derived from an experiment of the form shown
in Fig. 5. An ear plug with a microphone M2 with generally
the same properties as the one used for the voice pickup is
used to pick up the voice of a test subject from the meatus
3 illustrated in the upper part of Fig. 5. Concurrently, the
voice is recorded by a high quality microphone M4 close to
the subject's ear, under an-echoic conditions. Estimates of
the power spectral densities may be computed for the two
signals by the analyses represented by blocks 37 and 38
respectively, and the corresponding levels L1 (f) and L2 (f)
are compared in comparator 39. The output from the
comparator is represented by the transfer function H(f). The
analyses may be short time spectral estimates, e.g. 1/9
octave spectra in the frequency range 100 Hz to 14000 Hz.
The test sequences which the subject utters may comprise
speech sounds held constant for approximately 1 second. For

voiced sounds, the subject may make the pitch vary during
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the analysis period. The transfer functions of the filters
described in connection with Fig. 4 may be based on diagrams
of H(f), the spectral density levels of the free field
microphone M4 subtracted from the corresponding levels of
the in-the-ear microphone M2.

A simplest embodiment of the invention may reduce the
system in Fig. 4 to one single time invariant filtexr. The
analysis and selection processing may then be omitted. The
transfer function of the single filter is still based on
diagrams of the spectral densgity levels of the free field
microphone subtracted from the corresponding levels of the
in-the-ear microphone, described in connection with Fig. 5.
The transfer function may be a combination of the results
for the various speech sounds, weighted'in accordance with
their importance for the naturalness of the processed

speech.

Another embodiment of the invention is called a
“personal Nolise Exposure Dose Meter”. Similar to the above
embodiments, a microphone M2 picks up the sound in the
meatus 3. One of the novél features is that this noise
exposure is measured in the meatus, even while the ear is
already noise protected. The signal from the microphone M2
is amplified, A/D converted, and analysed in a digital
signal processing (DSP) or microcomputer unit E3 in the same
way as described above. According to a preferred embodiment
of the invention, the analysis covers both stationary or
semistationary noise, and impulsive noise. The result of the
analysis is compared to damage risk criteria and the user
gets an audible or other form of warning signal when certain
limits are about to be exceeded and actions have to be made.
The warning signal may also be transmitted to other parties,
e.g. industrial health care monitoring devices. The time
record of the analysis may according to a preferred
embodiment be stored in a memory, e.g. in the RAM E8 for

later read-out and processing.
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Fig. 1 shows a preferred embodiment of the invention
with the personal noise exposure dose meter integrated in an
active hearing protective communications earplug, comprising
a main section 1 containing two microphones, an outer
microphone M1 and an inner microphone M2, and a sound
generator SG. Since this embodiment is part of a hearing-
protecting earplug, a sealing section 2 ig attached to the
main section. An acoustic transmission channel Tl connects
microphone M2 to the inner portion of the meatus 3.
Microphone M2 therefore picks up the sound present in the
meatus 3, just outside the eardrum (tympanum) 4. An acoustic
transmission channel T2 connects sound generator SG to the
inner portion of the meatus 3. The sound generator SG may
provide audible information to the user, in form of warning
signals or synthetic speech.

All the electronics as well as the battery are provided
in the main section 1.

A block diagram of one possible implementation of this
embodiment is shown in Fig. 2. The sound is picked up by the
microphone M2, amplified, and AD-converted before it is fed
to the processing unit E3 with DSP or uP (or both) as
central processing units. The memory units E8 with RAM, E9
with ROM, and E10 with EEPROM may store programs,
configuration data, and analysis results. Information to the
user is generated in the central processing unit E3, DA-
converted, amplified, and may be presented as audible
information via the loudspeaker SG. The digital interxrface is
ugsed for programming, control, and readout of results.

The signal processing for the computation of noise
exposure is shown in the flow diagram in Fig. 7. The signal
from microphone M2 ig amplified, converted to digital form
and analysed by algorithms in processing unit E3. First,
sample-by-sample equalization represented by block 41 is
applied to compensate for irregularities in the microphone
response, the transmission channel Tl and the missing ear

canal response due to the blocking of the canal by the
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earplug. The processed samples may according to the
invention be evaluated in at least two ways. To obtain the
stationary or semistationary noise dose, an A-weighting
represented by block 42 is applied. Standards for this A-
weighting exists: IEC 179, and the samples values are
squared and accumulated in blocks 43 and 44 respectively. To
obtain the peak value for assessing impulsive noise, a C-
weighting represented by block 45 is applied according to
internationally accepted standards, also IEC 179, and the
peak value (regardless of sign) is saved in block 46. The
noise dose and peak values are finally compared to
predetermined limits in a decision algorithm represented by
block 47 so that a warning may be given. The audible
information to the user may be provided in form of warning
signals or synthetic speech. The warning signal may also be
transmitted to other parties, e.g. industrial health care
monitoring devices. The time record of the two may also be
stored in the memory of the processing unit E3 for later
readout and further evaluation.

In addition to the use in passive ear protection
devices this embodiment of the invention may be used as ear
protection when the terminal is used as a headphone coupled
to CD players for similar, monitoring the noise dose
submitted from the headphones to the ear over time, or in

peaks.

Another embodiment of the invention, called “Online
verification/control of hearing protector performance”,
utilises the fact that a sound field locally generated in
the cavity near the ear drum is influenced by leakage in the
hearing protector. A small electro-acoustic transducer
(sound source) SG and a microphone M2 are arranged in a
gsealing section 2 arranged for attenuating sounds entering
the meatus cavity 3. A digital signal processing (DSP) or
microcomputer unit E3 in the main section 1 or im the

sealing section 2 is used to generate a predetermined signal
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which is D/A converted by the D/A converter E7, amplified by
amplifier E6 and applied to the sound source SG, which
generates a sound field in the closed part of the meatus 3.
The microphone M2 picks up the sound in the meatus cavity 3.
This signal is amplified by amplifier E4, A/D converted by
A/D converter E5, and analysed in the digital signal
processor or microprocessor E3. The result of the analysis
is compared to stored results from previous measurements of
the same type in a situation with good sealing conditions.
The user may get audible or other messaged confirmation if
the leakage is acceptably low, or a warning signal if
leakage is unacceptably high. In the same manner, a signal
may be transmitted to other instances, e.g. an external
industrial health monitoring unit, with information about
the leakage. One example may be that an ear terxrminal
according to the invention is used for checking for leakage
in the hearing protection while the wearer is at a gate
controlling admittance to a noise exposed area. If leakage
occurs, a signal may be transmitted from the ear terminal to
a corresponding signal receiver at the gate, having means to
bleock the gate for entrance until the leakage condition is
remedied and verified.

' Fig. 1 illustrates an embodiment of the invention where
the verification device is integrated in a hearing
protective earplug. This embodiment comprises an outer
section 1 containing a microphone M2 and a sound generator
SG. An inner sealing section 2 is attached to the outer
section, but may be made in one integrated outer
section/sealing section 1,2. An acoustic transmission
channel T2 connects sound generator SG ﬁo the inner portion
of the meatus 3. The sound generator SG produces a
predetermined acoustic signal, which generates a sound field
in the meatus 3. An acoustic transmission channel T1
connects microphone M2 to the inner portion of the meatus 3.
Microphone M2 picks up the sound field being set up by the

sound generator SG. The signal generation and analysis is
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carried out in a digital signal processing (DSP) or
microcomputer unit E3 with appropriate amplifiers and
converters as described in the previous paragraphs. All the
electronics 11 as well as the power supply 12 are provided
in the outer section 1.

Fig. 8 illustrates a signal processing arrangement
according to a preferred embodiment of the invention. This
embodiment utilises a signal which produces reliable
characterisation of the sound field in the cavity,
preferably while not being annoying to the user. The signal
may comprise one or more sinusoidal components presented
simultaneously, or in sequence. Alternatively, a
pseudorandom sequence may be employed. In both cases,
preferxably both the in-phase and the out-of-phase portions
of the sound field are analysed and used in the verification
algorithm.

An example of the signal processing is shown in the
flow diagram in Fig. 8. In the example, two pure tones of
different frequencies £, and £, are generated by algorithms
in the processing unit E3. The generators are represented by
blocks 81 and 82 respectively. The genefators generate both
the in-phase (sin) and out-of-phase (cos) components. The
in-phase components are added together in block 83,
converted to analogue form, amplified and applied to the
sound generator SG. The resulting sound £ield is picked up
by the microphone M2, amplified, converted to digital form
and analysed by algorithms in the processing unit E3 for a
series of detectors represented by blocks 84, 85, 86 and 87.
The in-phase and out-of-phase components of the microphone
M2 signal are analysed for each of the two frequencies. The
detector algorithm pexrforms a sample-by-sample
multiplication of the two input signals and smoothes the
result with a low-pass filter. The four detector outputs are
applied to a decision algorithm represented by block 88
where they are compared to stored values. The decision

result may be a digital "go" / "no go" real time signal

Exhibit 1009
Page 2066 of 2198



10

15

20

25

30

35

WO 02/17836 PCT/NO01/00357

22

indicating acceptable noise protection attenuation or
unacceptable protection conditions. The result of the
analysis is compared to stored results f£rom previous
measurements of the same type in a situation with good
sealing conditions.

The stored values for the decision algorithm may
according to a preferred embodiment be based on previous
laboratory experiments, but values for the decision
algorithm may also be determined, e.g. making an average and
setting a lower acceptance limit for a general-purpose
embodiment of the invention.

The number and values of frequencies and the smoothing
characteristics of the detectors are chosen as a compromise
between audibility and response time. If a continuocusly
running verification should be necessary, low frequencies,
e.g. in the range of 10-20 Hz, of sufficiently low levels
may be utilised in order to avoid annoyance. The pure tones
may then be partially or fully aurally masked by the
residual noise transmitted by the hearing protector.

The acoustic phenomenon on which the embodiment of the
invention is based is illustrated by the electric analogy
diagram in Fig. 9. In the diagram, the sound generator SG is
modelled by its acoustic Thevenin equivalent represented by
blocks 91 and 92. The sound pressure pl is generated by the
Thevenin generator 91, resulting in a volume velocity
through the Thevenin impedance Z1(£f) 92. The microphone M2
is modelled by its acoustic impedance Z3 (f) represented by
block 93. The sound pressure p2 at the microphone entrance
is converted to an electric signal by the microphone. For
the purpose of the present illustration, all acouostic
elements exposed to the sound pressure generated by the
sound generator SG, except the microphone, are lumped
together in the acoustic impedance Z2 (f) represented by
block 95. A leakage in the hearing protector may be modelled
by a change in the variable acoustic impedance Z2(£). The
change will usually affect both the frequency dependent
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modulus and the frequency dependent phase of Z2(f). This
change leads to a change in the relationship between the
sound pressures p2 and pl, which is analysed as described in

connection with Pig. 8.

Exhibit 1009
Page 2068 of 2198



WO 02/17836 PCT/NO01/00357

24

Claims

1. Ear terminal comprising a sealing section (2) for
arrangement in the meatus (3) of a human,
comprising:

an inner microphone (M2) having a sound inlet (S2) for
being directed directed into the meatus,

an electronics unit (11) coupled the inner microphone
(M2) and also being coupled to a power supply (12) as well
as

an outer microphone (M1) for converting acoustic

signals in the environment into electrical signals.

2. Ear terminal according to claim 1, comprising a
pressure alignment channel (T3) for slow air throughput to

and from the meatus (3) through the sealing section (2).

3. Ear terminal according to claim 1, wherein the sound
inlet (S82) is constituted by a canal (T2) between the
microphone (M2) and the inward facing portion of the sealing

section (2) and the meatus.

4. Ear terminal according to claim 2, wherein the pressure
alignment channel (T3) includes a pressure release valve (V)
arranged for opening if the pressure difference between the
meatus and the environment of the user exceeds a

predetermined limit.

5. Ear terminal according to claim 4, comprising a bypass

channel (T4) in the pressure alignment channel (T3).

6. Ear terminal according to claim 1, comprising a
connection interface (13,El2), e.g. a radio receiver or
electric coupling, coupled to the electronics unit (11),
said electronics unit being provided with conversion means

(E7) for converting signals received from said interface and
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being coupled to the sound generator (SG) for transmitting

acoustic information to the user.

7. Ear terminal according to claim 1, comprising a
connection interface (13,E12), e.g. a radio transmitter or
electric coupling, coupled to the electronics unit (11),
said electronics unit being provided with conversion means
(E5) for converting signals received from the inner
microphone (M2) for transmitting electric or electromagnetic

information from the user.

8. Ear terminal according to claim 1, comprising a sound
generator (SG) coupled to said electronics unit (11),
wherein the electronics unit comprises énalyzing means for
active noise cancelling, e.g. by feedback of acoustic
signals converted by at least one of said microphones

(M1,M2) generated through said sound generator (SG).

9. Ear terminal according to c¢laim 1, comprising a sound
generator (SG) arranged for being directed toward the meatus
and being coupled to said electronics unit (11), wherein the
electronics unit (11) comprises filtering means for active
sound transmission e.g. by amplification of chosen
frequencies converted by said outer microphone (M1l) and
generated a corresponding acoustic signal through said sound

generator (SG).

10. Ear terminal according to claim 1, comprising a sealing
section (2) arranged for use in the ear meatus (3) of a
human, in which the electronic unit (11) including filtering
means coupled to said inner microphone for filtering the
signal from said inner microphone (M2), said filtering means
being programmable to transform the signals based on the
sounds received in the ear by said inner microphone (M2)
into sounds having essentially the characteristics of spoken

sounds of the wearer of the ear terminal.
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11. Ear terminal according to claim 10, comprising
a connection interface (13,E12) for transmitting the

filtered signal from the ear terxrminal;

12. Ear terminal according to claim 1,.for protection of a
users hearing comprising a sealing section (2) for
acoustically sealing the meatus (3) of a human,

comprising

a sound generator (SG) with a sound outlet (Sg) for
being directed toward the user meatus (3);

the electronics unit (11,E3) comprising a sound
analyser coupled to said inner microphone (M2), for
analyzing sound characterisics of the resulting sound field
in the meatus (3), producing analyzed sound characteristics;

storing means in the elecronics unit (11,E8,E9,E10) for
storing measured predetermined sound characteristics of a
properly functioning ear protecting device;

a comparing means in the electronics unit (11,E3) for
comparing the inner microphone (M2) analyzed sound
characteristics with the stored measured predetermined sound
characteristics;

indicating means coupled to said comparing means
(11,E3) for being activated if said analyzed sound
characterisics differ significantly from said predetermined

sound characteristics.

13. Ear terminal according to claim 1 comprising a sealing
section (2) arranged for use in the ear meatus (3) of a
human, and

an electronic unit (11) including filtering means
coupled to said inner microphone for filtering the signal
from said inner microphone (M2), said filtering means being
programmable to transform the signals based on the sounds
received in the ear by said inner microphone (M2) into
sounds when combined with the users own voice, providing a

voice sounding natural to the user.
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14. Ear terminal according to claim 13, comprising a sound
generator (SG) having a sound outlet arranged for being
directed into the meatus, said electronic unit also
comprising feedback suppresion means for suppressing the
feedback between the sound generator (SG) and the inner

microphone (M2).

15. Ear terminal system comprising two ear terminals, at
least the first of which being an ear terminal according to
claim 13, said first ear terminal comprising a connection
interface (13,E12) for transmitting the filtered signal from
the ear terminal; into said second ear terminal arranged for
being positioned in the opposite ear of the user, said
second ear terminal comprising a corresponding connection
interface (13,E12) and a sound generator (SG) for emitting

the sound into said second ear.

16. Ear terminal according to claim 1, wherein the inner
microphone (M2) has a sound inlet (S2) for being directed
toward the meatus (3), arranged for converting a picked-up
sound signal (52) to an output signal (51); the ear
protecting device also comprising a an electronics unit (11)
including sound analyzing means arranged for analyzing the
output signal (51) and comparing the signal with
predetermined signals corresponding to acceptable noise
limits and for activating an indicator (72) when detecting a

passing of these limits.
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through the remote device, such as to talk to another
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an ear piece wirelessly extended from the remote de-
vice, such system allows an individual with normal hear-
ing to privately communicate with or through the remote
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any device wired to the remote device. Each ear attach-
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sounds detected by the system to control possible ech-
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Description

[0001] This document generally relates to ear-level
communication systems and particularly, but not by way
of limitation, to such systems communicating with re-
mote devices via full duplex audio.

[0002] Ear-level communication systems are used for
hearing impaired individuals to use a communication
device such as a cellular phone or other devices trans-
mitting audio signals. They also allow private, hand-free
use of such a communication device by individuals with
normal hearing.

[0003] An ear-level communication system generally
includes tethered or wireless headsets with a micro-
phone boom or a microphone within a cord of the head-
set to detect voice of the person wearing the headsets.
An alternative way to detect voice is via bone connec-
tion. Examples include a "clam" shell device that cou-
ples to the helix and a custom carmold with a vibration
detector on the outer shell. Voice is picked up by detect-
ingbone vibration caused by, and representative of, the
voice of the person wearing the device.

[0004] Bi-directional communication has been
achieved by a simplex system including a device in the
ear canal that both transmits sound to and picks up
sound within the ear canal. The device is tethered to a
push-to-talk (PIT) system such as a walkie talkie. It is
not full duplex and therefore requires interaction by the
user in order to switch from listen mode to talk mode.
[0005] Voice operated exchange (VOX) is used to
conserve energy when voice is not being detected or
transmitted. For example, a headset system includes
two ear pieces - for full duplex communication with one
earpiece for transmitting and the other for receiving
voice - and uses ear canal voice detection to trigger a
VOX circuit in a control unit wired to the headset. The
system requires a headset with two headphones and
wires connecting the headphone to a control unit such
as a device clipped on belt. In another example, a full
duplex system includes a single headphone to transmit
and receive voice, again with a VOX circuit in a control
unit wired to the headphone.

[0006] Such ear-level communication systems are
likely to be worn by a person for long periods of time.
Users with hearing loss may use such a system on a
regular basis, both as a conventional hearing aid allow-
ing communication directly with a person and as a hear-
ing aid allowing communicating through another device.
Users with normal hearing may wear such a system to
be communicatively connected to another person or fa-
cility without the need to hold a device at any time. For
appearance or secrecy reasons, minimal visibility is
generally desirable. Wired connection between a head-
set or earpiece and a controller makes the system easily
visible and is cumbersome to users who need to com-
municate white being physically active.

[0007] Thus, there is a need for an ear-level commu-
nication system that is not easily visible. A need related
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to miniaturization is the longevity of the system between
battery replacements or recharges.

[0008] Ear-level full duplex audio communication sys-
tems each include one or two ear attachment devices,
such as in-the-ear (ITE) or behind-the-ear (BTE) devic-
es, that wirelessly communicates to a remote device.
Such a system allows a hearing impaired individual to
communicate with or through the remote device, such
as to talk to another person through a cellular phone.
Such a system also functions as an ear piece wirelessly
extended from the remote device that allows an individ-
ual to privately communicate with or through the remote
device without the need of holding the device.

[0009] In one embodiment of the invention, a system
includes an earmold configured for use as an ITE de-
vice. The earmold houses a microphone for use in an
ear canal, a processor, and a wireless transmitter. The
microphone receives an occluded sound from about the
ear canal. The processor processes the occluded
sound. The wireless transmitter receives the processed
occluded sound from the processor and transmits a
wireless signal representing the occluded sound.
[0010] In one embodiment, a system includes an ITE
module and a BTE module attached to the ITE module.
The ITE module includes a microphone foruse in an ear
canal. The microphone receives an occluded sound
from about the ear canal. The BTE module includes a
processor and a wireless transmitter. The processor
processes the occluded sound. The wireless transmitter
receives the processed occluded sound from the proc-
essor and transmits a wireless signal representing the
occluded sound.

[0011] In one embodiment, a system includes a first
ear-level device and a second ear-level device for use
in two opposite ears. The first ear-level device includes
a microphone, afirst processor, and a wireless transmit-
ter. Themicrophone isfor use in one earcanalto receive
an occluded sound from about that ear canal. The first
processor converts the occluded sound to an electrical
signal. The wireless transmitter receives the electrical
signal and transmits an outgoing wireless signal repre-
senting the occluded sound. The second ear-level de-
vice includes a wireless receiver, a second processor,
and a speaker. The wireless receiver receives anincom-
ing wireless signal representing a remote sound. The
second processor converts the incoming wireless signal
to the remote sound. The speaker is for use in the op-
posite ear canal to transmit the remote sound to that ear
canal.

[0012] In one embodiment, an occluded sound is de-
tected using a microphone placed in an ear canal. An
incoming radio signal representing a remote sound from
a remote device is also detected. A voice operated ex-
change (VOX) housed within an ear-level communica-
tion device is started when at least one of the occluded
sound and the incoming radio signal is detected if the
VOX s notalready on. The ear-level communication de-
vice includes one of an ITE device and a BTE device.
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When the occluded sound is detected while the incom-
ing radio signal is not detected, the occluded sound is
gated on, and remote sound is gated off. When the in-
coming radio signal is detected while the occluded
sound is not detected, the remote sound is gated on,
and the occluded sound is gated off.

[0013] Preferred embodiments of the present inven-
tion will now be described by way of example only and
with reference to the accompanying drawings, in which:

PIG. 1 is an illustration of an embodiment of an ear-
level communication system and portions of an en-
vironmentin which it is used. This ear-level commu-
nication system uses a single ear-level device.
FIG. 2 is anillustration of an embodiment of another
ear-level communication system and portions of an
environment in which it is used. This ear-level com-
munication system uses a pair of ear-level devices.
FIG. 3A is an illustration of one exemplary exterior
configuration of an in-the-ear (ITE) device used as
the single ear-level device of FIG. 1 or one of the
pair of ear-level devices of FIG, 2.

FIG. 3B is an illustration of one exemplary exterior
configuration of an in-the-canal (TTC) device used
as the single ear-level device of FIG. 1 or one of the
pair of ear-level devices of FIG. 2.

FIG. 3C is an illustration of one exemplary exterior
configuration of a completely-in-the-canal (CIC) de-
vice used as the single ear-level device of FIG. 1 or
one of the pair of ear-level devices of FIG. 2.

FIG. 4A is a block diagram showing one embodi-
ment of the circuit of ear-level device shown in
FIGS. 3A, 3B, or 3C used as the single ear-level
device of FIG. 1.

FIG. 4B is a block diagram showing one embodi-
ment of portions of a voice operated exchange
(VOX) circuit included in the single car-level device
of FIG. 1.

FIG. 5 is a block diagram showing another embod-
iment of the circuit of ear-level device shown in
FIGS. 3A, 3B, or 3C used as the pair of ear-level
devices of FIG. 1B.

FIG. 6 is an illustration of one exemplary exterior
configuration of an ear-level device including a be-
hind-the-ear (BTE) device used as the single ear-
level device of FIG. 1 or one of the pair of ear-level
devices of FIG. 2.

FIG. 7 is a block diagram showing one embodiment
of the circuit of the ear-level device shown in FIG.
6 used as the single ear-level device of FIG. 1.
FIG. 8 is a block diagram showing another embod-
iment of the circuit of ear-level device shown in FIG.
6 used as the pair of ear-level devices of FIG. 2.
FIG. 9 is a flow chart illustrating an embodiment of
a method for audio communication between the sin-
gle ear-level device or the pair of ear-level devices
and a remote device.

FIG. 10 is a flow chart illustrating another embodi-
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ment of the method for audio communication be-
tween the single ear-level device and a remote de-
vice.

[0014] The following embodiments are described in
sufficient detail to enable those skilled in the art to prac-
tice the invention, and it is to be understood that the em-
bodiments may be combined, or that other embodi-
ments may be utilized and that structural, logical and
electrical changes may be made without departing from
the scope of the present invention, as defined by the
appended claims.

[0015] It should be noted that references to "an",
"one", or "various" embodiments in this disclosure are
not necessarily to the same embodiment, and such ref-
erences contemplate more than one embodiment.
[0016] This documentdiscusses, among otherthings,
ear-level full duplex audio communication systems for
communicating with remote devices. These systems
each include one or two ear-level devices each worn in
or about an ear, such as in-the-ear (ITE) or behind-the-
ear (BTE) devices, wirelessly coupled to a remote de-
vice such as a computer, a personal digital assistant
(PDA), a cellular phone, a walkie talkie, or a language
translator. When used as a hearing aid, such a system
allows a hearing impaired individual to communicate
with or through the remote device, such as to talk to an-
other personthrough acellular phone. When being used
as an ear piece wirelessly extended from the remote de-
vice, such system allows an individual with normal hear-
ing to privately communicate with or through the remote
device without the need of holding the device or wearing
any device wired to the remote device.

[0017] Inthis document, "voice" includes to the sound
of speech made by a person, and sound generally in-
cludes an audible signal that includes voice and other
signals that can be heard and/or detected by an audio
detector. Unless particularly indicated, for example,
when voice is distinguished from sound by speech rec-
ognition, "voice" and "sound" are used interchangeably
throughout thus document because they are not practi-
cally separated. For example, detection of a sound re-
fers to the same action as detection of a voice because,
while the purpose is to detect the voice, other sounds
are picked up as well.

[0018] FIG. 1 is anillustration of an embodiment of an
ear-level communication system 100 and portions of an
environment in which it is used. System 100 includes an
ear-level device 110 attached to an ear 101A. Bar-level
device 110 communicates with a remote device 190
through a wireless telemetry link 195. The other ear
101B is free of device attachment. Ear-level device 110
is a self-contained device including its own power
source such as a replaceable or rechargeable battery.
To maximize battery life or period between recharges,
at least a portion of the circuit of ear-level device 110 is
voice activated. Thatis, ear-level device 110 is activated
only when it detects a need to transmit or receive a
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sound.

[0019] Ear-level device 110 is a full duplex audio de-
vice that allows two-way simultaneous conversation be-
tween ear 101A and remote device 190. In one embod-
iment, when being worn by a person having ear 101A,
ear-level device 110 picks up sound from the ear canal
of ear 101A and delivers sound to the same ear canal.
It detects the occluded sound from the ear canal when
the person speaks and transmits to the same ear canal
a sound received from remote device 190 and/or a
sound picked up from the environment surrounding the
person. In one embodiment, as illustrated in FIG. 1, ear-
level device 110 is configured for right ear attachment.
In an alternative embodiment, ear-level device 110 is
configured for left ear attachment.

[0020] FIG. 2is an illustration of an embodiment of an
ear-level communication system 200 and portions of an
environment in which it is used. System 200 includes a
pair of ear-level devices 210A, attached to an ear 101
A, and 210B, attached to ear 101B. Ear-level devices
210A and 210B communicate with a remote device 290
through a wireless telemetry link 295. Ear-level devices
210A and 210B are each a self-contained device includ-
ing its own power source such as a replaceable or re-
chargeable battery. To maximize battery life or period
between recharges, at least a portion of the circuit of
each of ear-level devices 210A and 210B is voice acti-
vated. That is, ear-level devices 210A and 210B are
each activated only when a need to transmit or receive
a sound is detected by the device itself.

[0021] In one embodiment, ear-level device 210A is
an audio transmitter that picks up sound from the ear
canal of ear 101A, and ear-level device 210B is an audio
receiver that delivers sound to the same ear canal. Ear-
level device 210A is activated when it detects a sound
from the ear canal. Ear-level device 210B is activated
when it detects a signal from remote device 290. When
both are being worn by a person, ear-level devices 210A
and 210B supports full duplex audio allowing two-way
simultaneous conversation between the person and re-
mote device 290. In one embodiment, as illustrated in
FIG. 2, ear-level device 210A is configured for right ear
attachment, and ear-level device 210B is configured for
left ear attachment. In an alternative embodiment, ear-
level device 210A is configured for left ear attachment,
and ear-level device 210B is configured for right ear at-
tachment.

[0022] FIGS. 3A, 3B, and 3C are illustrations of ex-
emplary exterior configuration of ear-level device 110 or
one of ear-level devices 210A and 210B. For the pur-
pose of this document, only a device attached to a right
ear is shown for each exemplary exterior configuration.
It is to be understood that each of ear-level devices 110,
210A, and 210B can be either a device configured for
right ear attachment or a device configured for left ear
attachment. Generally, a device configured for right car
attachment has an exterior configuration that is substan-
tially symmetrical to that of a device of the same type
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configured for left ear attachment. In system 100, a sin-
gle ear-level device 110 is a device configured either for
right ear attachment or for left ear attachment. In system
200, either one of car-level device 210A and 210B is a
device configured for right ear attachment, while the oth-
er is a device configured for left ear attachment.
[0023] An occluded sound 305, an ambient sound
306, and a remote sound 307 are illustrated in each of
FIGS. 3A, 3B, and 3C. Remote sound 307 is represent-
ed by a wireless radio signal transmitted to ear-level de-
vice 110. In this document, "occluded sound" includes
occluded sound 305, "ambient sound" includes ambient
sound 306, and "remote sound" includes remote sound
307.

[0024] FIG. 3A s an illustration of an exemplary exte-
rior configuration of an in-the-ear (ITE) device 310A
used as ear-level device 110 or one of ear-level devices
210A and 210B. As shown in FIG. 3A, ITE device 310A
is attached to an ear 101 with a pinna 302 and an ear
canal 303. ITE device 310A includes a portion inserted
into ear canal 303 and another portion fit into the cavity
formed by pinna 302.

[0025] FIG. 3Bis an illustration of an exemplary exte-
rior configuration of an in-the-canal (ITC) device 310B
used as ear-level device 110 or one of ear-level devices
210A and 210B. As shown in FIG. 3B, ITC device 310B
is attached to ear 101 with pinna 302 and ear canal 303.
ITC device 310B is a form of ITE device that also in-
cludes a portion inserted in ear canal 303 and another
portion fit into the cavity formed by pinna 302, but the
latter portion is smaller than that of ITE device 310A. Its
overall size is therefore generally smaller than that of
ITE deviee 310A.

[0026] FIG. 3C is an illustration of an exemplary ex-
terior configuration of a completely-in-the-canal (CIC)
device 310C used as ear-level device 110 or one of ear-
level devices 210A and 210B. As shown in FIG. 3C, CIC
device 310C is attached to ear 101 with pinna 302 and
ear canal 303. CIC device 310C is a form of ITC device
but includes only a portion that is completed inserted
into ear canal 303. Its overall size is therefore generally
smaller than that of ITC device 310B.

[0027] In one embodiment, each of ITE device 310A,
ITC device 310B, and CIC device 310C includes a cus-
tom earmold. In another embodiment, each of ITE de-
vice 310A, ITC device 310B, and CIC device 310C in-
cludes a modular earmold. In one embodiment, the ear-
mold is fully occluded to maximize audio efficiency. In
another embodiment, the earmold is vented to remove
undesirable low frequency sound.

[0028] The choice of a device type, such as from the
types shown in FIGS. 3A, 3B, and 3C, depends on the
need of individual users. For example, ITE device 310A
has a relatively large size to accommodate a relatively
large amplifier to serve the need of individuals suffering
severe hearing loss. The relatively large size can also
be utilized to house a relatively large size battery. On
the other hand, CIC device 310C is almost invisible,
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while the room for the circuit and the battery is very lim-
ited. Generally, the selection of the device type isa com-
promise among considerations such as the user's de-
gree of hearing loss (if applicable), ear canal size, desire
of invisibility, desired longevity between battery replace-
ments or recharges, and cost.

[0029] FIG. 4A is a block diagram showing one em-
bodiment of the circuit of ear-level device shown in
FIGS. 3A, 3B, or 3C used as the single ear-level device
110. The circuit is housed in an earmold configured for
use as one of the device types illustrated as ear-level
devices 310A, 310B, or 310C.

[0030] Ear-level device 110 includes an external mi-
crophone 420, an ear canal microphone 440, an car ca-
nal speaker 470, aprocessor 460, a wireless transceiver
450, an antenna 455, a voice operated exchange (VOX)
circuit 430, and a battery 480. External microphone 420
picks up ambient sound such that a hearing impaired
person wearing ear-level device 110 is not "isolated"
when communicating to remote device 190. Thus, ear-
level device enables the hearing impaired person to talk
to another person either directly (if the other person is
nearby) or through a device such as a cell phone. Ear
canal microphone 440 detects sound from the ear canal.
The sound includes primarily speech of the person
wearing ear-level device 110. Ear canal speaker 470
transmits sound received from remote device 190 and/
or external microphone 420 to the same ear canal. In
one embodiment, ear canal microphone 440 and ear ca-
nal speaker 470 are implemented as one physical de-
vice. Processor 460 converts the sound picked up from
the ear canal to an electrical signal to be transmitted to
remote device 190, and converts the signals received
from remote device 190 and/or external microphone 420
to a sound audible to the person wearing ear-level de-
vice 110. In one embodiment, processor 460 includes
one or more of amplification circuitry, filtering circuitry,
acoustic feedback reduction circuitry, noise reduction
circuitry, and tone control circuitry, among other circuits
performing signal processing functions as known in the
art In one embodiment, processor 460 includes a
speech recognition module to enhance the audio signal
received by and/or transmitted from ear-level device
110. Wireless transceiver 450 and antenna 455 form a
telemetry interface supporting telemetry link 195 be-
tween ear-level device 110 and remote device 190.
Wireless transceiver 450 includes a wireless transmitter
and a wireless receiver. The wireless transmitter re-
ceives the electrical signal representing the sound
picked up from the ear canal from processor 460 and
transmits an outgoing wireless signal representing the
same sound to remote device 190. The wireless receiv-
er receives an incoming wireless signal representing a
remote sound from remote device 190 and transmits an
electrical signal representing the remote sound to proc-
essor 460. Telemetry link 195 provides for bi-directional
communication allowing simultaneous signal transmis-
sion, in both directions, between ear-level device 110
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and remote device 190. VOX circuit 430 activates a ma-
jor portion of ear-level device 110 only when sound is
detected by at least one of external microphone 420,
ear canal microphone 440, end wireless transceiver
450. In one embodiment, VOX circuit 430 includes a
voice-controlled switch connecting between battery 480
and the portions of ear-level device 110 that are voice
activated. The switch is driven by the sound detected by
at least one of external microphone 420, ear canal mi-
crophone 440, and wireless transceiver 450. It is turned
on when sound detected by external microphone 420
exceeds a predetermined threshold, when sound de-
tected by ear canal microphone 440 exceeds another
predetermined threshold, and/or when wireless trans-
ceiver 450 receives the incoming wireless signal repre-
senting the remote sound. In one embodiment, as dis-
cussed with respect to FIG. 4B below, VOX circuit 430
gates or attenuates one or more sounds detected by ex-
ternal microphone 420, ear canal microphone 440, and
wireless transceiver 450, to eliminate or reduce echo
and ringing caused by the loop formed by ear canal
speaker 470 and ear canal microphone 440. Battery 480
supplies the power needed for the operation of ear-level
device 110. In one embodiment, battery 480 is a re-
chargeable battery that can be recharged without being
taken out from ear-level device 110.

[0031] FIG. 4B is a block diagram showing one em-
bodiment of portions of VOX circuit 430. In this embod-
iment, VOX circuit 430 includes an ambient sound gat-
ing module 421 that blanks or attenuates the sound de-
tected by external microphone 420, an occluded sound
gating module 441 that blanks or attenuates the sound
detected by ear canal microphone 440, a remote sound
gating module 451 that blanks or attenuates the sound
detected by wireless transceiver 450, and controller 431
to coordinate the states of the gating modules. Because
ear canal microphone 440 is capable of detecting the
sound delivered to the ear canal from ear canal speaker
470, there is a need to avoid echo and/or ringing. For
example, a remote sound from remote device 190 de-
livered to the ear canal may be detected as an occluded
sound and transmitted back to remote device 190, caus-
ing echo. The gating modules function in a coordinated
manner to eliminate or reduce such echo and/or ringing
caused by breaking, or applying resistance into, the au-
dio loop formed by ear canal speaker 470 and ear canal
microphone 440.

[0032] Forthe purpose of description, each of the gat-
ing modules is "on" when sound is "gated on" and "off'
when the sound is"gated off" A sound is "gated
on" when it is allowed to pass and be processed, and
is "gated off' when it is blanked or substantially attenu-
ated. Blanking refers to a substantially complete block-
age of a sound, or in other words, that a detected sound
is practically ignored by processor 460 such that it does
not cause any echo or ringing that is audible by an ear.
Substantial attenuation refers to an attenuation after
which the attenuated sound does not cause any echo
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or tinging having an intolerable intensity.

[0033] Ambient sound gating module 421 includes a
voice-driven switch or attenuator driven by the output of
a comparatorthat compares the amplitude of a detected
ambient sound with a predetermined threshold for the
ambient sound. When the amplitude ofthe detected am-
bient sound exceeds the threshold for the ambient
sound, and when controller 431 permits, ambient sound
gating module 421 is turned on. When the amplitude of
the detected ambient sound drops below the threshold
for the ambient sound, ambient sound gating module
421 isturned off. In one embodiment, afterthe amplitude
of the detected ambient sound drops below the thresh-
old for the ambient sound, ambient sound gating module
421 is turned off after a predetermined delay.

[0034] Occluded sound gating module 441 includes a
voice-driven switch or attenuator driven by the output of
a comparatorthat compares the amplitude of a detected
occluded sound with a predetermined threshold for the
occluded sound. When the amplitude of the detected oc-
cluded sound exceeds the threshold for the occluded
sound, and when controller 431 permits, occluded
sound gating module 441 is turned on. When the ampili-
tude of the detected occluded sound drops below the
threshold for the occluded sound, occluded sound gat-
ing module 441 is turned off. In one embodiment, after
the amplitude of the detected occluded sound drops be-
low the threshold for the occluded sound, occluded
sound gating module 441 is turned off after a predeter-
mined delay.

[0035] Inoneembodiment, remote sound gating mod-
ule 451 includes a voice-driven switch or attenuator driv-
en by the output of a comparator that compares the am-
plitude of a remote sound with a predetermined thresh-
old forthe remote sound. When the amplitude of the de-
tected remote sound exceeds the threshold for the re-
mote sound, and when controller 431 permits, remote
sound gating module 451 is turned on. When the ampli-
tude of the detected remote sound drops below the
threshold for the remote sound, remote sound gating
module 451 is turned off. In one embodiment, after the
amplitude of the detected remote sound drops below the
threshold for the remote sound, remote sound gating
module 451 is turned off after a predetermined delay.
[0036] In another embodiment, remote sound gating
module 451 includes a switch or attenuator driven by
the detection of the incoming wireless signal represent-
ing the remote sound. Remote sound gating module 451
is turned on upon detection of the incoming wireless sig-
nal when controller 431 permits, and turned off when the
incoming wireless signal is no longer detected. In one
embodiment, remote sound gating module 451 is turned
off after the incoming wireless signal is absent for a pre-
determined period.

[0037] Controller 431 coordinates the on/off states of
all the gating modules so the sounds are processed in
an orderly fashion. Even if a sound is detected, the gat-
ing module corresponding to that sound is turned on on-
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ly when controller 431 permits. In one embodiment, as-
suming that sounds A and B are gated by gating mod-
ules A and B, respectively, if both sounds A and B are
detected, whichever sound is detected earlier is gated
on. That is, if sound A exceeds its threshold first, gating
module Ais turned on and remain on until sound A drops
below threshold A. Then, gating module B is turned only
if sound B exceeds its threshold after gating module A
has been turn off.

[0038] Inone embodiment, controller 431 coordinates
the on/off states of all the gating modules according to
predetermined or programmed gating coordination
rules. According to one exemplary rule, ambient sound
gating module 421 is off, occluded sound gating module
441 is off, and remote sound gating module 451 is on.
This rule allows only the transmission of the remote
sound to ear canal 303, and prevents the remote sound
from being detected by ear canal microphone 440 and
echoed back to remote device 190. According to anoth-
er exemplary rule, ambient sound gating module 421 is
on, occluded sound gating module 441 is off, and re-
mote sound gating module 451 is on. This rule allows
the transmission of both the remote sound and the am-
bient sound to ear canal 303, and prevents the remote
soundfrom being detected by ear canal microphone 440
and echoed back to remote device 190. This also pre-
vents the ambient sound from being transmitted to re-
mote device 190. According to yet another exemplary
rule, ambient sound gating module 421 is off, occluded
sound gating module 441 is on, and remote sound gat-
ing module 451 is off. When the person wearing ear-
level device 110 speaks, both external microphone 420
and ear canal microphone 440 detect the voice. The
voice as detected by ear-level device 110 is first trans-
mitted to remote device 190. Without the gating modules
(or when ambient sound gating module 421 and occlud-
ed sound gating module 441 are both on), the same
voice as detected by external microphone 420 is trans-
mitted to ear canal 303, and therefore again detected
by ear canal microphone 440, and again be transmitted
to remote device 190. This rule allows only the trans-
mission of the occluded sound to remote device 190,
and prevents the same sound from being transmitted to
remote device 190 twice. Other rules are applied as a
person skilled in the art should see fit based on an un-
derstanding after reading this entire document.

[0039] FIG. 5 is ablock diagram showing another em-
bodiment of the circuit of ear-level device shown in
FIGS. 3A, 3B, or 3C used as each of ear-level devices
210A and 210B. The circuit of each of ear-level devices
210A and 210B is housed in an earmold configured for
use as of one of the device types illustrated as ear-level
devices 310A, 310B, or 310C.

[0040] Ear-level device 210A is an audio transmitter
that includes an ear canal microphone 540, a processor
560A, a wireless transmitter 550A, an antenna 555A, a
transmitter VOX circuit 530A, and a battery 580A. Ear
canal microphone 540 detects sound from the ear canal.
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The sound includes primarily speech of the person
wearing ear-level device 210A. Processor 560A con-
verts the sound picked up from the ear canal to an elec-
trical signal to be transmitted to remote device 290. In
one embodiment, processor 560A includes one ormore
of amplification circuitry, filtering circuitry, acoustic feed-
back reduction circuitry, noise reduction circuitry, and
tone control circuitry, among other circuits performing
signal processing functions as known in the art. In one
embodiment, processor 560A includes a speech recog-
nition module used to enhance the sound transmitted
from ear-level device 210A. Wireless transmitter 550A
and antenna 555A form a telemetry interface supporting
signal transmission from ear-level device 210A to re-
mote device 290. Wireless transmitter 550A receives
the electrical signal representing the sound picked up
from the ear canal from processor 560A and transmits
an outgoing wireless signal representing the same
sound to remote device 290. VOX circuit 530A activates
a major portion of ear-level device 210A only when
sound is detected by ear canal microphone 540. In one
embodiment, VOX circuit 530A includes a voice-control-
led switch connecting between battery 580A and the
portions of ear-level device 210A that are voice activat-
ed. The switch is driven by the sound detected by ear
canal microphone 540. It is turned on when sound de-
tected by ear canal microphone 540 exceeds a prede-
termined threshold. In one embodiment, VOX circuit
530A activates processor 560A when the sound is de-
tected. In one further embodiment, VOX circuit 530A al-
so activates wireless transmitter 550A when the sound
is detected. Battery 580A supplies the power needed for
the operation of ear-level device 210A. In one embodi-
ment, battery 580A is a rechargeable battery that can
be recharged without being taken out from ear-level de-
vice 210A.

[0041] Ear-level device 210Bis an audio receiver that
includes an external microphone 520, an ear canal
speaker 570, a processor 560B, a wireless receiver
550B, an antenna 555B, a receiver VOX circuit 530B,
and a battery 580B. External microphone 520 picks up
ambient sound such that the person wearing ear-level
devices 210A and 210B is not "isolated" when commu-
nicating to remote device 290. It allows that person to
talk to a nearby person directly, without the need to take
off ear-level devices 210A and/or 210B. Bar canal
speaker 570 transmits sound received from remote de-
vice 290 and/or external microphone 520 to the same
ear canal. Processor 560B converts the signals re-
ceived from remote device 290 and/or external micro-
phone 520 to a sound audible to the person wearing ear-
level device 210B. In one embodiment, processor 560B
includes one or more of amplification circuitry, filtering
circuitry, acoustic feedback reduction circuitry, noise re-
duction circuitry, and tone control circuitry, among other
circuits performing signal processing functions as
known in the art. In cne embodiment, processor 560B
includes a speech recognition module used to enhance
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the audio signals received by ear-level device 210B.
Wireless receiver 550B and antenna 555B form a telem-
etry interface supporting signal transmission from re-
mote device 290 to ear-level device 210B. Wireless re-
ceiver 550B receives an incoming wireless signal rep-
resenting a remote sound from remote device 290 and
transmits an electrical signal representing the remote
sound to processor 560B. VOX circuit 530B activates a
mayjor portion of ear-level device 110 only when sound
is detected by at least one of external microphone 520
and wireless receiver 550B. In one embodiment, VOX
circuit 530B includes a voice-controlled switch connect-
ing between battery 580B and the portions of ear-level
device 210B that are voice activated. The switch is driv-
en by the sound detected by at least one of external mi-
crophone 520 and wireless receiver 550B. It is turned
on when sound detected by external microphone 520
exceeds a predetermined threshold and/or when wire-
less transceiver 550B receives the incoming wireless
signal representing the remote sound. In one embodi-
ment, VOX circuit 530B activates processor 5608 when
the sound is detected. In one further embodiment, VOX
circuit 530B also activates ear-level speaker 570 when
the sound is detected. Battery 580B supplies the power
needed for the operation of ear-level device 210B. In
one embodiment, battery 580B is a rechargeable bat-
tery that can be recharged without being taken out from
ear-level device 210B.

[0042] System 200 accommodates a larger overall
circuit size without necessarily increasing the size of
each ITE device. While two separate ear-level devices
are required, because system 200 includes separate
audio transmitter (ear-level device 210A) and receiver
(ear-level device 210B) disposed in the ear canals of
opposite ears, ear canal speaker 570 and ear canal mi-
crophone 540 do not form a loop causing echo and ring-
ing.

[0043] FIG.6is anillustration of an exemplary exterior
configuration of an ear-level device including a behind-
the-ear (BTE) device 610 used as ear-level device 110
or one of ear-level devices 210A and 210B. BTE device
610 is attached to ear 101 with pinna 302 and ear canal
303. In one embodiment, BTE device 610 is used when
none of ITE device 310A, PTC device 310B, and CIC
device 310C provides sufficient space accommodating
the required circuit and battery sizes. For the purpose
of this document, only a device attached to a right ear
is shown for each exterior structure. It is to be under-
stood that each of ear-level devices 110, 210A, and
210B can be either a BTE device configured for right ear
attachment or a BTE device configured for left ear at-
tachment. Generally, a BTE device configured for right
ear attachment has a substantially symmetrical appear-
ance to a device of the same type configured for left ear
attachment In system 100, ear-level device 110 is a de-
vice configured either for right ear attachment or for left
ear attachment. In system 200, either one of ear-level
device 210A and 210B is a device structured for right
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ear attachment, while the other is a device structured
for left ear attachment.

[0044] BTE device 610 includes a behind-the-ear-
module (BTE module) 611 and an in-the-ear module
(ITE module) 612. ITE module 612 includes a custom
or modular earmold. In one embodiment, the earmold is
fully occluded to maximize audio efficiency. In another
embodiment, the earmold is vented to remove undesir-
able low frequency sound.

[0045] FIG. 7 is a block diagram showing one embod-
iment of the circuit of ear-level device shown in FIG. 6
used as ear-level device 110. The exterior configuration
of ear-level device 110 is of the type illustrated as BTE
device 610.

[0046] Ear-level device 110 configured as BTE device
610 differs from ear-level device 110 configured as ITE/
ITC/CIC devices 310A/310B/310C primarily in the phys-
ical arrangement of device components. By way of ex-
ample, but not by way of limitation, FIG. 7 illustrates one
embodiment in which BTE module 611 includes external
microphone 420, processor 460, wireless transceiver
450, antenna 455, VOX circuit 430, and battery 480, and
ITE module 612 includes ear canal microphone 440 and
ear canal speaker 470. Other possible embodiments de-
pend on size and other considerations that are known
to those skilled in the art. In one embodiment, behind-
ear portion 611 includes only battery 480 to maximize
the duration of use of ear-level device 110 between bat-
tery replacements or recharges.

[0047] FIG. 8 is a block diagram showing another em-
bodiment of the circuit of ear-level device shown in FIG.
6 used as each of ear-level devices 210A and 210B. The
exterior configuration of each of ear-level devices 210A
and 210B is of the type illustrated as BTE device 610.
[0048] Ear-level devices 210A/210B configured as
BTE device 610 differ from ear-level devices 210A/210B
configured as ITE/ITC/CIC devices 310A/310B/310C
primarily in the physical arrangement of device compo-
nents. By way of example, but not by way of limitation,
FIG. 8 illustrates one embodiment of ear-level device
210A including a BTE module 611A and an ITE module
612A, and ear-level device 210B including a BTE mod-
ule 611B and an ITE module 612B. BTE module 611A
includes processor560A, wireless transmitter 550A, an-
tenna 555A, transmitter VOX circuit 530A, and battery
580A. ITE module 612A includes ear canal microphone
540. Behind-the-ear portion 611B includes external mi-
crophone 520, processor 560B, wireless receiver 550B,
antenna 555B, receiver VOX circuit 530B, and battery
580B. ITE module 612B includes ear canal speaker570.
Other possible embodiments depend on size and other
considerations that are known to those skilled in the art.
In one embodiment, BTE modules 611A and 611B in-
clude only batteries 580A and 580B, respectively, to
maximize the duration of use of ear-level devices 210A
and 210B, respectively, between battery replacements
or recharges.

[0049] FIG. 9 is a flow chart illustrating an embodi-
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ment of a method for audio communication using sys-
tem 100 orsystem 200. The method provides for private,
simultaneous two-way communication between a per-
son and a remote device such as a computer, a personal
digital assistant (PDA), a cellular phone, a walkie talkie,
or a language translator. In this embodiment. VOX is
used for power management. A VOX circuit includes a
power switch connecting a battery to the portions of the
circuit of system 100 or system 200 that are voice acti-
vated. The VOX is "on" when the voice-activated por-
tions of the circuit are activated, i.e., when the power
switch remains on. It is "started" by turning on the power
switch, and "stopped" by turning off the power switch.
[0050] Steps 910-918 illustrate the process of detect-
ing a sound from an ear canal and transmitting it to a
remote device. A microphone disposed in an ear canal
detects an occluded sound within the ear canal at 910.
If the occluded sound is detected at 911, the VOX of the
system is started at 912 if it is not already on. The oc-
cluded sound is enhanced at 914 with a voice recogni-
tion system that improves the signal-to-noise ratio,
where the signal is the voice of a speech, and the noise
is any sound other than the voice of the speech. The
occluded sound is then converted to an outgoing radio
signal at 916. The outgoing radio signal representingthe
occluded sound is transmitted to the remote device at
918.

[0051] Steps 920-928 illustrate the process of detect-
ing a sound sent from the remote device and transmit-
ting it to the ear canal. A radio receiver detects an in-
coming radio signal representing a remote sound from
the remote device at 920. If the incoming radio signal is
detected at 921, the VOX of the system is started at 922
if it is not already on. The incoming radio signal is con-
verted to a first incoming audio signal (the remote
sound) at 924. The first incoming audio signal is en-
hanced at 926 with a voice recognition system that im-
proves the signal-to-noise ratio, where the signal is the
voice from the remote device, and the noise is any
sound other than the voice. A speaker disposed in the
ear canal transmits the first incoming audio signal rep-
resenting the sound from the remote device to the ear
canal at 928.

[0052] Steps 930-938 illustrate the process of detect-
ing a sound from the environment and transmit it to the
ear canal. A microphone outside the ear canal detects
an ambient sound at 930. If the ambient sound is de-
tected at 931, the VOX of the system is started at 932 if
it is not already on. The ambient sound is converted to
a second incoming audio signal at 934. The second in-
coming audio signal is enhanced at 936 with a voice rec-
ognition system that improves the signal-to-noise ratio,
where the signal is any voice included in the ambient
sound, and the noise is any sound other than the voice.
A speaker disposed in the ear canal transmits the sec-
ond incoming audio signal representing to the ear canal
at 928.

[0053] If no signal (sound or radio signal) is detected
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at911, 921, and 931, the VOXis stopped at 940. In other
words, if no sound is to be processed, the communica-
tion system is inactivated except for the portions that
must be active for sound detection at all times. In one
embodiment, the VOX is stopped after a predetermined
period of time to avoid frequent activation/deactivation
during a conversation.

[0054] Systems 100 and 200 are each a full duplex
system capable of performing steps 910-918, 920-928,
and 930-938 are performed in parallel and simultane-
ously. In an embodiment in which system 100 performs
the method, ear-level device 110 performs steps
910-918, 924-928, and 930-938. If a signal is detected
at 911, 921, or 931, VOX 430 activates at least portions
of device 110 performing steps 914-918, 924-928, or
934-938, respectively. If no signal is detected at 911,
921, or 931, VOX 430 deactivates at least the portions
of device 110 performing steps 914-918, 924-928, or
934-938, respectively.

[0055] In an embodiment in which system 200 per-
forms the method, ear-level device 210A performs steps
910-918, and ear-level device 210B performs steps
920-928 and 930-930. If a signal is detected at 911,
transmitter VOX 530A activates at least portions of de-
vice 210A performing steps 914-918. If a signal is de-
tected at 921 or 931, receiver VOX 530B activates at
least portions of device 210B performing steps 924-928
or 934-938, respectively. If no signal is detected at 911,
transmitter VOX 530A deactivates at least the portions
of device 210A performing steps 914-918. If no signal
is detected at 921 or 931, receiver VOX 530B deacti-
vates at least the portions of device 210B performing
steps 924-928 or 934-938, respectively.

[0056] FIG. 10 is a flow chart illustrating another em-
bodiment of the method for audio communication using
system 100. In this embodiment, in addition to power
management, the VOX is also used for gating, i.e.,
blanking or attenuating, sounds. The VOX circuit in-
cludes a power switch connecting a battery to the por-
tions of the circuit of system 100 that are voice activated
and gating modules capable of blanking or attenuating
the occluded sound, the remote sound, and the ambient
sound. Examples of such gating modules include oc-
cluded sound gating module 441, remote sound gating
module 451, and ambient sound gating module 421,
designated for the occluded sound, the remote sound,
and the ambient sound, respectively.

[0057] Steps 1010-1019 illustrate the process of de-
tecting the occluded sound from the ear canal and trans-
mitting it to the remote device. The microphone dis-
posed in the ear canal detects the occluded sound within
the ear canal at 1010. If the occluded sound is detected
at 1011, the VOX of the system is started to power the
voice-activated portions of the circuit of system 100 at
1012 if they are not already powered. The VOX deter-
mines whether to start gating the occluded sound on at
1013. In one embodiment, the occluded sound is gated
on when its amplitude exceeds a predetermined thresh-
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old and when the effective gating coordination rule per-
mits. Examples of gating coordination rules are de-
scribed above with respect to FIG. 4B. If the occluded
sound is gated on at 1013, it is processed at 1014 by
following steps that are identical or similar to steps
914-916-918. The occluded sound is gated off at 1019
if it has been gated on but is no longer detected. In one
embodiment, the occluded sound is gated off after it is
not detected for a predetermined period.

[0058] Steps 1020-1028 illustrate the process of de-
tecting the remote sound sent from the remote device
and transmitting it to the ear canal. A radio receiver de-
tects the incoming radio signal representing the remote
sound from the remote device at 1020. If the remote
sound is detected at 1021, the VOX of the system is
started to power the voice-activated portions of the cir-
cuit of system 100 at 1022 if they are not already pow-
ered. The VOX determines whether to start gating the
remote sound on at 1023. In one embodiment, the re-
mote sound is gated on when its amplitude exceeds a
predetermined threshold and when the effective gating
coordination rule permits. In another embodiment, the
remote sound is gated on when the incoming radio sig-
nal is detected and when the effective gating coordina-
tion rules permits. If the remote sound is gated on at
1023, it is processed at 1024 by following steps that are
identical or similar to steps 924-926-928. The remote
sound is gated off at 1029 if it has been gated on but is
no longer detected. In one embodiment, the remote
sound is gated off after it is not detected for a predeter-
mined period.

[0059] Steps 1030-1038 illustrate the process of de-
tecting the ambient sound and transmit it to the ear ca-
nal. A microphone outside the ear canal detects the am-
bient sound at 1030. If the ambient sound is detected at
1031, the VOX of the system is started to power the
voice-activated portions of the circuit of system 100 at
1032 if they are not already powered. The VOX deter-
mines whether to start gating the ambient sound on at
1033. In one embodiment, the ambient sound is gated
on when its amplitude exceeds a predetermined thresh-
old and when the effective gating coordination rule per-
mits. If the ambient sound is gated on at 1033, it is proc-
essed at 1034 by following steps that are identical or
similar to steps 934-936-938. The ambient sound is gat-
ed off at 1039 if it has been gated on but is no longer
detected. In one embodiment, the ambient sound is gat-
ed off after it is not detected for a predetermined period.
[0060] If no signal (sound or radio signal) is detected
at 1011,1021, and 1031, the VOX is stopped at 1040. In
other words, if no sound is to be processed, the com-
munication system is inactivated except for the portions
that must be active for sound detection at all times, In
one embodiment, the VOX is stopped after a predeter-
mined period of time to avoid Sequent activation/deac-
tivation during a conversation.

[0061] It is to be understood that the above detailed
description is intended to be illustrative, and not restric-
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tive. Other embodiments will be apparent to those of skill
inthe art upon reading and understanding the above de-
scription. For example, two ear-level devices 110, or a
pair of devices each being similar to ear-level device
110, can be used to deliver a stereo sound. The scope
of the invention should, therefore, be determined with
reference to the appended claims.

Claims

1. A system adapted for use in at least one of a first
ear having a first ear canal and a second ear having
a second ear canal, comprising:

a first ear-level device including:

a first microphone adapted for use in one
of the first ear canal and the second ear ca-
nal, the first microphone receiving an oc-
cluded sound from about the one of the first
ear canal and the second ear canal;

a first processor, connected to the first mi-
crophone, to process the occluded sound,;
a wireless transmitter, connected to the
first processor, to receive the processed
occluded sound from the first processor
and transmit a first wireless signal repre-
senting the occluded sound; and

a first earmold housing at least the first mi-
crophone, at least a portion of the first ear-
mold configured for placement in the one
of thefirst ear canal and the second ear ca-
nal.

2. The system according to claim 1, wherein the first
earmold houses the first microphone, the first proc-
essor, and the wireless transmitter, and wherein the
first earmold is configured for use as an in-the-ear
(ITE) device.

3. The system according to claim 1, wherein the first
ear level device comprises an ITE module including
the first microphone and a behind-the-ear (BTE)
module attached to the ITE module, the BTE mod-
ule including the first processor and the wireless
transmitter.

4. The system according to any of the preceding
claims, further comprising a voice operated ex-
change (VOX) circuit connected to the first proces-
sor.

5. The system according to claim 4, wherein the VOX
circuit comprises an occluded sound gating mod-
ule, coupledto the first microphone, to blank or sub-
stantially attenuate the occluded sound.
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10

6.

10.

11.

12.

13.

The system according to claim 1, further compris-
ing:

a wireless receiver, connected to the first proc-
essor, to receive a second wireless signal rep-
resenting a remote sound; and

a speaker connected to the first processor, the
speaker adapted for use in the one of the first
ear canal and the second ear canal,

wherein:

the first processor further processes the remote
sound, and the speaker is adapted to transmit
the processed remote sound to the one of the
first ear canal and the second ear canal; and
the first earmold further houses at least the
speaker.

The system according to claim 6, wherein the first
microphone and the speaker include one common
device receiving the occluded sound and transmit-
ting the processed remote sound.

The system according to any of claims 6 and 7, fur-
ther comprising a second microphone connected to
the first processor, the second microphone adapted
to receive an ambient sound from outside the one
of the first ear canal and the second ear canal, and
wherein:

the first processor further processes the ambi-
ent sound; and

the speaker is configured to transmit the proc-
essed remote and ambient sounds to the one
of the first ear canal and the second ear canal.

The system according to claim 8, further comprising
a voice operated exchange (VOX) circuit connected
to the first processor.

The system according to claim 9, wherein the VOX
circuit comprises an occluded sound gating mod-
ule, coupledto the first microphone, to blank or sub-
stantially attenuate the occluded sound.

The system according to any of claims 9 and 10,
wherein the VOX circuit comprises a remote sound
gating module, coupled to the wireless transceiver,
to blank or substantially attenuate the remote
sound.

The system according to any of claims 9 -11, where-
in the VOX circuit comprises an ambient sound gat-
ing module, coupled to the first microphone, to
blank or substantially attenuate the ambient sound.

The system according to any of the preceding
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15.

16.

17.

18.

19.

20.

21.

22.

19

claims, wherein the first processor comprises a
speech recognition module.

The system according to any of claims 6 -13, where-
in the first earmold houses the first microphone, the
first processor, the wireless transmitter, the wireless
receiver, and the speaker, and wherein the first car-
mold is configured for use as an in-the-ear (ITE) de-
vice.

The system according to claim 14, wherein the first
earmold is configured for use as an in-the-canal
(ITC) device.

The system according to claim 15, wherein the first
earmold is configured for use as a completely-in-
the-canal (CIC) device.

The system according to any of claims 6 - 13,
wherein the first ear level device comprises an ITE
module including the first microphone and the
speaker and a behind-the-ear (BTE) module at-
tached to the ITE module and including the second
microphone, the first processor, the wireless trans-
mitter, and the wireless receiver.

The system of claim 17, wherein the BTE module
comprises a voice operated exchange (VOX) cir-
cuit.

The system of claim 17, wherein the BTE module
comprises a rechargeable battery.

The system according to any of claims 6 - 19, further
comprising a remote device communicatively cou-
pled to the wireless transmitter and the wireless re-
ceiver via a telemetry link providing for simultane-
ous bi-directional communication between the first
ear-level device and the remote device.

The system according to claim 20, wherein the re-
mote device comprises at least one of a computer,
a personal digital assistant (PDA), a cellular phone,
a walkie talkie, or a language translator.

The system according to claim 1, wherein the first
microphone is adapted for use in the first ear canal
and receives the occluded sound from about the
first ear canal, wherein the at least the portion of the
first earmold is configured for placement in the first
ear canal, and further comprising a second ear-lev-
el device including:

awireless receiverto receive a second wireless
signal representing a remote sound;

a second processor, connected to the wireless
receiver, to convert the second wireless signal
to the remote sound;
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a speaker connected to the second processor,
the speaker adapted for use in the second ear
canal to transmit the remote sound to the sec-
ond ear canal; and

a second earmold housing at least the speaker,
at least a portion of the second earmold config-
ured for placement in the second ear canal.

The system according to claim 22, wherein the sec-
ond ear-level device further comprises a second mi-
crophone connected to the second processor, the
second microphone adapted to receive an ambient
sound from outside the second ear canal, and
wherein:

the second processor further processes the
ambient sound; and

the speakeris configured to transmit the remote
sound and the processed ambient sound to the
second ear canal.

The system according to any of claims 22 and 23,
wherein the first ear-level device further comprises
a first voice operated exchange (VOX) circuit con-
nected to the first processor, and the second ear-
level device further comprises a second VOX circuit
connected to the second processor,

The system according to any of claims 22 - 24,
wherein the first processor and the second proces-
sor each comprise a speech recognition module.

The system according to any of claims 22 - 25,
wherein the first and second ear-level devices are
each an behind-the-ear (BTE) device.

The system according to any of claims 22 - 25,
wherein the first and second ear-level devices are
each an in-the-ear (ITE) device.

The system according to claim 27, wherein the first
and second ear-level devices are each an in-the-
canal (ITC) device.

The system according to claim 28, wherein the first
and second ear-level devices are each an com-
pletely-in-the-canal (CIC) device.

The system according to any of claims 22 - 29, fur-
ther comprising a remote device communicatively
coupled to the first and second ear-level devices.

The system according to claim 30, wherein the re-
mote device comprises at least one of a computer,
a personal digital assistant (PDA), a cellular phone,
a walkie talkie, or a language translator.

A method, comprising:



33.

34.

35.

36.

37.

38.
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detecting an occluded sound using a first mi-
crophone adapted for use in an ear canal;
detecting an incoming radio signal representing
a remote sound from the remote device;
starting a voice operated exchange (VOX)
housed within an ear-level communication de-
vice when at least one of the occluded sound
and the incoming radio Signal is detected if the
VOX is not already on, the ear-level communi-
cation device being one of an in-the-ear (ITE)
device and a behind-the-ear (BTB) device;
gating the occluded sound on, and gating the
remote sound off, when the occluded sound is
detected while the incoming radio signal is not
detected; and

gating the remote sound on, and gating the oc-
cluded sound off, when the incoming radio sig-
nal is detected while the occluded sound is not
detected.

The method according to claim 32, wherein detect-
ing the occluded sound comprises comparing an
amplitude of the occluded sound to an occluded
sound threshold, wherein the occluded sound is de-
tected when the amplitude of the occluded sound
exceeds the occluded sound threshold.

The method according to any of claims 32 and 33,
wherein detecting the incoming radio signal com-
prises comparing an amplitude of the remote sound
to a remote sound threshold, wherein the incoming
radio signal is detected when the amplitude of the
remote sound exceeds the remote sound threshold.

The method according to any of claims 32 - 34, fur-
ther comprising detecting an ambient sound using
a second microphone, and wherein starting the
VOX comprises starting the VOX when at least one
of the occluded sound, the incoming radio signal,
and the ambient sound is detected if the VOX is not
already on.

The method according to claim 35, further compris-
ing gating the occluded sound off, gating the remote
sound on, and gating the ambient sound off, when
the incoming radio signal is detected while the oc-
cluded sound is not detected.

The method according to claim 35, further compris-
ing gating the occluded sound off, gating the remote
sound on, and gating the ambient sound on, when
the incoming radio signal is detected while the oc-
cluded sound is not detected.

The method according to claim 35, further compris-
ing gating the occluded sound on, gating the remote
sound off, and gating the ambient sound off, when
the occluded sound is detected while the incoming
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A binaural digital hearing aid
system comprises two hearing aid
units (1, 2) for arrangement in a
user’s left and right ear, respectively.

Each unit comprises input signal
transducer means (3r, 3l), A/D
conversion means (4r, 4l), digital
signal processing means (Sr-13r,

51-131), D/A conversion means (14r,
141) and output signal transducer
means (15r, 151). A bi-directional

communication link (7) is provided
between the units. The digital signal
processing means of each unit is
arranged to affect a substantially full
digital signal processing including
individual processing of signals from
the input transducer means of the
actual unit and simulated processing
of signals from the input transducer
means of the other unit as well as
binaural signal processing and includes
at least a first digital signal processor
part (Sr, 5l) for processing said
internally supplied signal, a second
digital signal processor part (61, 6r) for
processing the signal supplied via said
communication link (7) and a third

digital signal processor part (9r, 91) to effect common binaural digital signal processing of information derived from the signals processed
in said first and second digital signal processor parts, said second digital signal processor part (61, 6r) in each unit simulating the first
digital signal processor part (51, 5r) in the other unit with respect to adjustment parameters controlling the performance of said first signal

processor part in said other unit.
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1

A Binaural Digital Hearing Aid System
The 1invention relates to a binaural digital
hearing aid system comprising two hearing aid units for
arrangement in a user’s left and right ear, respective-
5 ly, each of said units comprising input signal trans-
ducer means for conversion of a received input sound
signal into an analog input signal, A/D conversion
means for conversion of said analog input signal into
a digital input signal, digital signal processing means
10 for processing said digital input signal and generating
a digital output signal, D/A conversion means for
conversion of said digital output signal into an analog
output signal and output signal transducer means for
conversion of said analog output signal into an output
15 sound signal perceivable to the user, a bidirectional
communication link being provided between said units to
connect a point in the signal path between the input
signal transducer means and the digital signal process-
ing means in one of said units with a corresponding
20 point in the signal path between the input signal
transducer means and the digital signal processing
means of the other of said units.
For normally hearing persons the ability to local-
ize sounds in space defined as binaural hearing ability
25 is an important part of the sound perception. Typically
the amplitude of sound received by the ipsilateral ear
which is closer to the source of sound, is of greater
amplitude than the sound received by the opposite
contralateral ear. This difference in sound level,
30 although often small by itself, is of great importance
for a human being’s perception of the direction of an
incident sound.
In the human hearing system binaural sound percep-
tion results from a complicated signal processing of

35 sounds arriving at the left and right side ears, in

Exhibit 1009
Page 2108 of 2198



WO 99/43185 PCT/DK98/00062

2

which time/phase and frequency distribution of the

sound plays a decisive role. Thus, time/phase differ-

ences and fregquency enhancement are important for

determining directions in the horizontal and vertical
5 planes, respectively.

With conventional analog hearing aids persons
suffering from a binaural hearing impairment, i.e. a
hearing loss affecting both ears, the customary prac-
tice has been to use two separate hearing aids adjusted

10 to compensate individually for the hearing loss of the
respective ear for which the hearing aid is operative
and compensation of the loss of binaural sound percep-
tion, although typically made even worse by the very
use of a hearing aid in both ears, has in most cases by

15 and large been ignored.

As a relatively simple compensation, it has been
suggested for each of the two hearing aids of an analog
system to use a microphone with a pronounced direction
dependent characteristic to provide an analog signal

20 the level of which changes, when the hearing aid is
moved from a position pointing towards the sound source
to other position with a minimum 1level, when the
hearing aid points in a direction at right angles to
the direction to the sound source.

25 In US-A-3,509,289 a different concept for compen-
sation of binaural hearing loss in an analog hearing
aid system 1is disclosed involving the use of cross-
coupled AGC circuitry for maintaining and enhancing
the interaural level difference between contralateral

30 and ipsilateral incident sound. In this system, the
gain of each of a first and second amplifying channel
is wvaried inversely with the output of the other
channel by separate AGC circuits which are cross-
coupled to stabilize the system.

35 With the introduction of digital signal processing
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in hearing aids a significant improvement of hearing
aid performance has become possible and more advanced
proposals for binaural hearing loss compensation have
seen the light.

5 Thus, US-A-5,479,522 discloses a hearing enhance-
ment system comprising in addition to two hearing aid
devices for arrangement in the left and right side
ears, respectively, a body-worn pack comprising a
remote digital signal processor connected to each of

10 the hearing aid device by a down-link and an up-1link
for interactive digital processing of the audio signals
for each ear based on signals received from both
hearing aid devices. The common binaural digital signal
processing is predetermined and limited to attenuation

15 of noise and narrowing of the sound field or adapting
the signal level in the two channels. The signals
supplied to the common binaural signal processing are
not affected by the individual hearing loss compensa-
tion in the two channels.

20 In addition, this prior art system reduces the
comfort by requiring a separate body-worn signal
processor in a addition to the two hearing aid devices
and the physical links between the common binaural pro-
cessor and the two hearing aid devices in the form of

25 radio communications make the system susceptible to
distortion affecting the quality of sound reproduction.

In WO 97/14268, a binaural digital hearing aid
system is disclosed in which the need for a separate
body-worn remote control processor has been eliminated

30 by the use of two hearing aid devices for arrangement
in the left and right side ears, respectively, each of
which incorporates a digital signal processor to which
not only the unprocessed audio signal generated by the
microphone in the same hearing aid device is supplied,

35 but also the unprocessed audio signal generated by the
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microphone in the opposite hearing aid device, the
latter audio signal from each of the two devices being
supplied to the respective opposite device through a
bidirectional communication link.

5 This prior art system can be switched between
distinct modes of either full binaural signal process-
ing or performance as a conventional monaural hearing
aid, which in one embodiment is done by giving the user
the option of disabling the digital signal processor by

10 either physically removing an external digital process-
ing unit or by disabling a digital processor.

In the binaural processing mode of this prior art
system no account is taken of the difference with
respect to hearing loss and compensation between the

15 two ears and, somewhat generalized, the system could be
seen as an advanced digital substitute for the above-
mentioned <zrelatively simple binaural compensation
using microphones with a pronounced direction dependent
characteristic.

20 On this background, it is the object of the inven-
tion to provide an improved digital binaural hearing
aid system in which the above-mentioned shortcomings of
prior art systems have been eliminated to provide for
a binaural signal processing, which for persons with a

25 binaural hearing loss will restore Dbinaural sound
perception while taking into account the difference in
hearing loss and compensation between the two ears.

According to the invention, a binaural digital
hearing aid system as defined above is characterized in

30 that the digital signal processing means of each unit
is arranged to effect a substantially full digital
signal processing includihg individual processing of
signals from the input transducer means of the actual
unit and simulated processing of signals from the input

35 transducer means of the other unit as well as binaural
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signal processing of signals supplied, on one hand,
internally from the input signal transducer means of
the same unit and, on the other hand, via said communi-
cation link from the input signal transducer means of
5 the other unit, said digital signal processing means
including at least a first digital signal processor
part for processing said internally supplied signal, a
second digital signal processor part for processing the
signal supplied via said communication link and a third

10 digital signal processor part to effect common binaural
digital signal processing of information derived from
the signals processed in said first and second digital
signal processor parts, said second digital signal
processor part in each unit simulating the first

15 digital signal processor part in the other unit with
respect to adjustment parameters controlling the
performance of said first signal processor part in said
other unit.

Thereby, in the binaural hearing aid system of the

20 invention each of the hearing aid units for the left
and right side ears, respectively, performs in addition
to digital signal processing adapted to compensate for
the hearing loss of the ear served by the unit, a
simulated full digital signal processing of sound

25 signals received by the unit for the opposite ear and
adapted to compensate for the specific hearing loss of
that ear, as well as a common binaural signal process-
ing taking into account both of the normally different
compensation characteristics of both units.

30 By the advantageous embodiments and modifications
of the system set out in the dependant claims the
system can be designed for user operated switching
between functioning as a binaural system and a conven-
tional monaural hearing system, and the digital signal

35 processing means in each hearing unit may be
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programmable to be switchable between different sound
environments or listening situations by user operation,
whereby programmed performance data for the first
signal processing means of one unit is entered for
5 programming of the second signal processing mens of the
other unit, in which the simulated signal processing of
signals supplied from the first unit is carried out.
By the provigion of only a single bidirectional
communication link between the two hearing aid units,
10 the hearing aid system of the invention is less suscep-
tible to gignal distortion and interruption than the
prior art systems described above.
In the following the invention will be further
explained with reference toc the accompanying drawings
15 on which
figure 1 is a schematic block diagram representa-
tion of an embodiment of the hearing aid system of the
invention;
figure 2 a further detailed representation of the
20 embodiment shown in figure 1; and
fig. 3 is a block diagram representation of one
hearing aid unit of a programmable hearing aid system
of the invention.
The binaural hearing system illustrated in figure
25 1 comprises two hearing aid units 1 and 2 intended for
arrangement in the user’s right and left ears, respect-
ively. The hearing aid units 1 and 2 are identical in
structure, but as further explained in the following
they will normally have been programmed or otherwise
30 adjusted to provide different hearing loss compensation
adapted to the specific hearing impairment of the ear,
in which the unit is to be arranged. For the following
description identical parts in the two units 1 and 2
will be designated by the same reference numeral
35 followed by "r" and "1", respectively, to indicate the
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localization of such parts in either the right ear or
the left ear unit 1 or 2.
EBach of units 1 and 2 comprises input signal
transducer means e.g. in the form of one or more
5 hearing aid microphones 3r, 31 which zreceives sound
signals to be processed in the unit and transforms
these sound signals into analog electrical signals
which are supplied to an A/D converter 4r, 41 for
conversion into digital signals.

10 In the embodiment shown the digital signal from
A/D converter 4r, 41 in each of units 1 and 2 is
supplied to a first digital signal processor 5r, 51
which is programmed or otherwise adjusted to perform
signal processing functions such as filtering, band-

15 division, amplification, gain control adjustment,
compression, expansion and/or compensation for unlinea-
rities in the microphone or the user’s ear channel.

However, to the extent that some of the signal
processing functions of processors 5r, 51 may be

20 implemented in the A/D converters 4r, 41, each of which
will then supply a preprocessed digital signal, each of
digital processors 5r, 51 need not be present as a
separate unit.

According to the invention, each of units 1 and 2

25 also comprises a second digital signal processor 61 and
6r, respectively, which is structurally identical to
processor 5r, 51, but 1is programmed or otherwise
adjusted to perform digital signal processing functions
on the signals received by the opposite ear, i.e.

30 processor 61 in unit 1 for the right ear is programmed
to provide the specific signal processing intended for
the left ear and will thus, in principle, provide the
same signal processing as signal processor 51 in unit
2, whereas signal processor 6r in unit 2 will provide

35 the same signal processing as processor 5r in unit 1.
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In the embodiment shown the digital electrical
signal from converter 4r, 41 in each of units 1 and 2
is additionally supplied via a communication link 7 to
second signal processor 6r, 61 in the other unit, such

5 that in each unit the second signal processor 61, 6rx
performs a simulated processing corresponding to the
processing by first signal processor 51, 5r in the
other wunit. However, as an alternative the analog
signals from microphone 3r, 31 in each of units 1 and

10 2 could be communicated directly and supplied to A/D
conversion in the other unit.

The signal processors 5r, 51 and 6r, 61 will
typically be state of the art digital hearing aid
processors programmed to perform a relatively sophisti-

15 cated signal processing with respect to sound/noise
separation and user operated adaptability to a number
of different sound environments or listening situ-
ations.

The communication link 7 between the right and

20 left hearing aid units 1 and 2 is preferably a single
bidirectional communication link which may be physi-
cally implemented by a cable extending between the two
units. the hearing aid units 1 and 2 may be designed
for arrangement in the ear (ITE) or behind the ear

25 (BTE). In either case a cable connection between the
units may extend around the neck of the user and may
eventually be integrated in a necklace or similar piece
of jewelry or bijouterie.

Alternatively, the Dbidirectional communication

30 link 7 may be wireless and, as shown in dashed
lines, comprise antennas 7r, 71 connected with appropri-
ate transceiving means 8r, 81 in each unit. For hearing
units in ITE design such an antenna may be physically
implemented by a relatively short piece of wire or

35 string which in use will project outside the ear and
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may serve additionally to facilitate withdrawal of the
hearing unit from its ITE position.

In each of units 1 and 2 the first and second
digital signal processors 5r, 51 and 61, 6r outputs a

5 processed digital signal which is supplied to a third
signal processor 9r, 91 which, in accordance with the
invention performs a common binaural digital signal
processing of the processed digital signals outputted
from the first and second signal processors 5r, 51 and

10 61, e6r.

The binaural signal processing in each of third
signal processors 9r, 91 may make use of state of the
art binaural processing techniques taking into account
differences with respect to amplitude, phase-lag etc.

15 between arrival of incoming sounds at the input trans-
ducers of the right and left ear hearing aid units. As
result of this binaural signal processing which accord-
ing to the invention is based on information derived
from the processed digital signals in both of units 1

20 and 2, the third signal processor 91, 9r in each unit
outputs processed digital right and left binaural
signal parts which in digital adder devices 10r, 101
and 111, 1lr is combined with the processed digital
output signal from first signal processor 5r, 51 in the

25 same unit.

In each unit the combined processed digital
signals from adder device 10x, 101 may be supplied
directly to a D/A converter 14r, 141 for conversion
into a processed analog signal which is supplied to an

30 output transducer device in the form of a conventional
hearing aid telephone 15r, 151. As illustrated the
processed digital signals from adder devices 10r, 101
and 1lr, 111 may optionally undergo a further digital
signal processing in fourth signal processors 12r, 121

35 and fifth signal processors 13r, 131, respectively,
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which may include compensation of the specific hearing
loss and automatic gain control. From processors 12r,
121 and 13r, 131 feedback signals are also supplied to
the binaural processor 9r, 91l.

5 The processing functions of the fourth and fifth
signal processors 12r, 121 and 13r, 131 in each of
units 1 and 2 may be implemented in the binaural
processor 9r, 91 so that processors 12r, 121 and 13r,
131 may in principle be dispensed with as separate

10 units. The binaural signal processor 9r, 91 may then
further be designed to output only the binaural digital
signal part intended for the actual unit, i,e, the
right ear binaural signal part for unit 1 and the left
ear binaural signal part for unit 2. In both cases, the

15 incorporation of the fourth and fifth signal processors
either asgs separate units or in the binaural processor
9r, 91 provides an advantageous possibility, however,
for an AGC function and/or hearing loss compensation in
the binaural signal processor 9r, 91 by feed-back of

20 the processed digital output signals from both of the
fourth and fifth signal processors 12r, 121 and 13r,
131 to the binaural processor 9r, 91.

Examples of digital signal processors for use in
each of units 1 and 2 are disclosed e.g. in EP-B1-0 732

25 036, US-A-5,165,017, US-A-4,531,229 and US-A-5,144,675.
An advanced signal processing method and device employ-
ing socalled dynamic AGC has been disclosed in
copending international patent application
PCT/DK97/00598, the disclosure of which is incorporated

30 herein by reference.

The design and structure of the binaural hearing
system of the invention, by which all information
carrying signals in the separate signal channels for
the right ear and the left ear sound perception are

35 made available for processing in both of units 1 and 2
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not only of the signal actually belonging to the
respective side, but also, by simulated processing, of
the signal belonging to the other side, opens the
possibility of implementing complex and highly sophis-
5 ticated binaural signal processing to restore binaural
hearing ability without significant complication of the
structure. In fact, both of hearing aid units 1 and 2
may be identical in structure and equipped with ident-
ical components like converters, signal processors etc.

10 Whereas the various signal processors in each of
units 1 and 2 have been illustrated and described as
separate processors they may advantageously be incor-
porated as separate processing parts of a common single
digital processor such as a microprocessor.

15 The embodiment of the hearing aid system shown in
figure 2 serves to illustrate the degree of complexity
of binaural signal processing that can be implemented
in each of the right and left ear hearing aid units 16
and 17 with a single bidirectional communication link

20 28 between the two units.

Using the same distinction as to reference
numerals between the right and left ear units as used
for the embodiment in figure 1 only the structure and
function of the right ear unit 16 will be explained in

25 the following.

The unprocessed analog signal from microphone 18r
is preamplified and converted to digital form in
preamplifier and A/D converter 19r and processed to
compensate for unlinearity of the microphone and the

30 sound perception in the ear in linearity control unit
20r, from which a preprocessed digital signal is
supplied, on one hand to a band divider filtering unit
21r in the signal processing channel for the right ear
and, on the other hand, via the bidirectional communi-

35 cation link 28 to a band divider filtering unit 21rs in
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the processing part of the left ear unit 17 performing
the simulated right ear signal processing.

In the band divider filtering unit 21r the incom-

ing preprocessed digital signal is split into a number

5 of frequency bands, each of which is further processed

in a noise filtering unit 22r and a processing unit 23r

in which the signal isg amplified in accordance with the

compensation characteristic adapted to compensate for
the specific hearing loss of the right ear.

10 As for the embodiment in figure 1 each of the two
hearing aids comprise in addition to the signal pro-
cessing channel for the ear in which the wunit is
arranged a separate signal processing channel effecting
a simulated signal processing corresponding to the

15 signal processing in the other unit. In the embodiment
in figure 2 this simulated processing channel comprises
for the right ear hearing aid unit 16 processing units
21ls, 221s and 231ls effecting the same processing
functions as processing units 21r, 22r and 23r for the

20 right ear compensation, but adjusted to the specific
characteristics for the left ear compensation effected
in the left ear hearing aid unit 17.

The left ear hearing aid unit 17 is identical in
structure to the right ear hearing aid unit 16 and

25 comprises the left ear signal processing channel with
processing unit 191 and 201 and filtering and compensa-
tion units 211, 221 and 23 1 as well as the simulated
right ear processing channel including units 21rs, 22rs
and 23rs.

30 In each of hearing aid units 16 and 17 binaural
signal processing may be effected in two processing
units 24, 241 and 25r, 251. Thus, in the right ear
hearing aid unit 16 a first binaural processing unit
24r may receive the band divided output signals from

35 filtering unit 21r in the right ear processing channel
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as well as from filtering unit 211ls in the simulated
left ear processing channel and provide correction
signals affecting signal scaling in processing units
22r and 221s and a second binaural processing unit 25r

5 may effect further binaural signal processing on
incoming signal from the first binaural processing unit
24r as well as from processing units 22r, 221s and 23r,
231s.

Finally, in each of hearing aid units 16 and 17

10 the output signal from processing unit 23r, 231 in the
right and left ear processing channel, respectively,
and the binaural output signal from the second binaural
processing unit 25r. 251 1is reconverted into analog
form in an output processing unit 26r, 261 and supplied

15 to an output transducer such as a conventional hearing
aid telephone 27r, 271.

In each of hearing aid units 16 and 17 all of
processing units 22 to 25 may be designed for automatic
gain control (AGC), e.g. as disclosed in the above-

20 mentioned copending international patent application
PCT/DK97/000598.

In each of hearing aid units 16 and 17 the pro-
cessing units 21 to 25 are thus interconnected via a
multiplicity of internal information and control

25 signals lines, whereas the only external connection to
the other hearing aid unit is via the single direc-
tional communication link 28.

According to a particular aspect of the invention
the signal lines connecting the processing units 21 to

30 23 of the right and left ear processing channels and
the simulated left and right ear processing channels to
the binaural processing units 24 and 25 may be opened
and closed or activated and deactivated by control of
appropriate switching means, not illustrated, whereby

35 an advantageous adjustment flexibility is obtained with
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a smooth transition ranging from full binaural signal
processing approximating the sound information process-
ing of the human brain via a more simple binaural sound
level control to conventional monaural sound reproduc-
5 tion, contrary to the separation of the processing
units for normal and binaural processing in the prior
art system of WO 97/14268 explained above.
The signals supplied in each of the right and left
ear hearing aid units to the binaural signal processing
10 in units 24 and 25 may as illustrated in figure 2 be
microphone signals which have been preprocessed by
conversion into digital form and correction of fre-
quency and/or level distortions caused by unlinearities
in the microphone circuits and/or following from the
15 arrangement in the user’s ear channel. Preferably, the
incoming signals for the binaural processing have been
filtered to the desired frequency band width.
Moreover as shown in figure 2 the preprocessed
microphone signal supplied from each of hearing aid
20 units 16 and 17 to the simulated processing channel
of the other unit may be limited, e.g. by compression
in an additional compressor unit 28r, 281, to reduce
the dynamic range, the band width and/or the number of
samplings, thereby reducing the amount of data or
25 information to be processed by the simulated process-
ing. A similar signal limitation may also be provided,
e.g. by an additional compressor unit 29r, 291 for the
signals supplied in each hearing unit from the signal
processing channel for the right or left ear, respect-
30 ively, to binaural signal processing. In either case
the processing units, to which such compressed signals
are supplied, must be designed for processing these sig-
nals.
The binaural signal processing effected by pro-

35 cessing units 24 and 25 may comprise a level correc-
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tion, by which the gain in the hearing aid unit, right
or left, receiving the weakest incoming sound signal is
controlled on the basis of the incoming sound signal at
the other hearing aid unit as represented, e.g. by the
5 preprocessed microphone signal communicated therefrom
via communication link 28 for simulated signal pro-
cessing. Thereby, the sound level ratio between sounds
received by the right and left ears, respectively. and
the spatial information provided thereby may be main-
10 tained also for hearing aid units with automatic gain
control (AGC), sin AGC control can be effected on the
basis of the strongest processed signal in the right or
left ear units 16 and 17
The complexity allowed for the internal signal
15 processing in each of hearing aid units 16 and 17 would
also allow a compensation for time delays introduced
e.g. by the signal communication via communication link
28, 1f necessary.
For hearing aids which as shown in figure 2
20 employs sound or signal processing in a number of
separate frequency bands with automatic gain control in
each band the processing complexity and/or capacity
further entails a data or information transfer between
the real and simulated processing channels in each unit
25 to provide for equal adaptation of the gain control of
these processing channels, whereby the overall transfer
function of each hearing aid unit may be adapted to
take account of sound spectrum differences occurring at
the right and left sides, thereby taking account of the
30 frequency distribution in the spectra of sounds
received at the right and left ears, which is wvery
important for the localization of a sound source in
space.
Since, in each of the right and left ear hearing

35 aid units 16 and 17 in figure 2 all processing units
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19r - 23r, 191 - 231 for the actual right or left ear
signal processing channel and all processing units 211s
- 231s, 21lrs - 23rs for the simulated signal processing
channel are programmed or otherwise adjusted to the
5 specific processing parameters for the right and left
ear signal processing, respectively, or vice versa, the
binaural signal processing in each side takes fully
account of the specific hearing loss characteristics of
both sides up to or even beyond the output signal
10 transducer 26r and 261, respectively.

To accomplish this the binaural signal processing
effected in the right and left ear hearing units 16 and
17 will typically be mirror images of each other to
restore the actual sound level and sound spectrum

15 differences between incoming sounds at the right and
left ears, respectively.

As a special advantage of the binaural signal
processing in each of the two hearing units of the
system according to the invention a sophisticated noise

20 or feedback suppression is made possible, by which tone
signals deviating from the overall sound image may be
effectively suppressed without suppression of tone
signals present in the overall sound signal or in the
right and left side at the same time. This can be

25 accomplished by including in the binaural sound pro-
cessing unit a feedback suppression system to which a
residual feedback signal representing the difference
feedback signals from the actual and simulated sound
processing channels is supplied. By means of such a

30 feedback suppression it is possible for the hearing aid
system of the invention to distinguish between howl and
information sound signals of a similar character such
as a tone from a flute solo 1in classical music
composition or alarm or signalling tones such as

35 walk/stop beeps at traffic lights.
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In each of hearing aid units 16 and 17 the per-
formance of each of signal processing units 21r - 23r,
211 - 231 in the real signal processing channel as well
as the performance of each of the processing units 211s

5 - 231ls, 21lrs - 23rs in the simulated processing channel
is controlled by adjustment parameters or data adapted
to the specific compensation requirements of the right
and left ears, respectively.

According to the invention such adjustment parame-

10 ters may be individually programmable to compensate for
the user’s specific hearing impairment with respect to
the right and left ears, whereby the hearing aid system
may be supplied with a standard adjustment to permit
individual programming to be effected by a hearing aid

15 fitter as is customary practice in the individual user
adjustment of hearing aids.

Moreover, the adjustment parameters may be organ-
ized in different programme settings to permit oper-
ation of the hearing aid system in different modes

20 ranging from fully binaural to simple monaural oper-
ation of the hearing aid units and/or permit adaption
of the hearing aid system to varying sound environ-
ments or listening situations.

Figure 3 shows for one of the hearing aid units in

25 the system illustrated in figure 2, i.e. the right ear
hearing aid unit 16 how this is accomplished by means
of a performance and programme memory 30 in which all
programmable adjustment parameters for a number of
specific performance programmes are entered and may be

30 selected from a selection unit 31 which may be user
operated and/or operated from a sound signal analyzer
32 to effect programme selection automatically in
response to occurrence of specified sound signal condi-
tions.

35 Optionally, at least one of hearing aid units 16
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or 17 may include means for calculation of intermediate

settings between at least two consecutive performance

programme settings, in which case also such intermedi-

ate settings will be selectable from the selection unit
5 31.

Since as a result of the structure and organiza -
tion of hearing aid units 16 and 17 to effect not only
the actual signal processing for the ear in which the
unit is arranged, but also the simulated processing for

10 the opposite ear memory 30 will contain all adjustment
parameters needed for the signal processing for both
gsides, the programming of the hearing aid system may be
effected by entering of adjustment parameters and user
operated or automatically activated performance pro-

15 grammes in memory 30 of the one of hearing aid units 16
and 17 only and effecting transfer of adjustment
parameters for the processing units of the other
hearing aid unit via the communication link 28 in an
adjustment or initiation mode activated at each change

20 of performance programme.

Ultimately this makes possible to operate the
system according to the invention by a master-slave
principle, in which case one of the hearing aid units
would function as a master unit and take control of the

25 other unit functioning as a slave unit in which memory
30 would then. contain the information or parameters
needed for the actual function of the slave unit.

Alternatively, various kinds of intermediate or
mixed organization schemes could be foreseen, e.g. by

30 designing both hearing units with user operated as well
as automatic programme selection. This could provide
e.g. for consensus operation in situations where one
unit would try to shift automatically to a specific
programme matching prevailing sound signal conditions,

35 by effecting an exchange of actual adjustment parameter
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settings between the two units via communication link
28 to enable a decision to be made in one of the units
as to whether the programme selected by one of the
units should be effected for both units.

5 In each of the two units synchronization means 33
may further be provided for the exchange of synchroniz-
ation information between the signal processing parts
of the two units via the communication link 28. Such
synchronizing information may be derived from the

10 signals otherwise transferred between the two units or
be generated as separate synchronizing signals.

User operability may advantageously be effected by
wireless remote control from a separate control unit
carried by the user. This is suitable, in particular,

15 for embodiments in which wireless transmission is
already used for the bidirectional communication link

between the two hearing aid units.

20

25

30

35
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PATENT CLAIMS
1. A binaural digital hearing aid system compris-
ing two hearing aid units for arrangement in a user’s
left and right ear, respectively, each of said units
5 comprising input signal transducer means for conversion
of a received input sound signal into an analog input
signal, A/D conversion means for conversion of said
analog input signal into a digital input signal,
digital signal processing means for processing said
10 digital input signal and generating a digital output
signal, D/A conversion means for conversion of said
digital output signal into an analog output signal and
output signal transducer means for conversion of said
analog output signal into an output sound signal
15 perceivable to the user, a bidirectional communication
link being provided between said units to connect a
point in the signal path between the input signal
transducer means and the digital signal processing
means in one of said units with a corresponding point
20 in the signal path between the input signal transducer
means and the digital signal processing means of the
other of said units, c h ar acter iz ed in that
the digital signal processing means of each unit (1,
2;16, 17) 1is arranged to effect a substantially full
25 digital signal processing including individual process-
ing of signals from the input transducer means (3r, 31;
18r, 181) of the actual unit and simulated processing
of signals from the input transducer means of the other
unit as well as binaural signal processing of signals
30 supplied, on one hand, internally from the input signal
transducer means of the same unit and, on the other
hand, wvia said communication 1link (7; 28) from the
input signal transducer means of the other unit, said
digital signal processing means including at least a

35 first digital signal processor part (5r, 51, 12r, 121;
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21r-23r, 211-231) for ©processing said internally
supplied signal, a second digital signal processor part
(61, 6r, 131, 13r; 211s-231s, 21lrs-23rs) for processing
the signal supplied via said communication link (28)
5 and a third digital signal processor part (9r, 91; 24r-
25r, 241-251) to effect common binaural digital signal
processing of information derived from the signals
processed in said first and second digital signal
processor parts, said second digital signal processor
10 part (61, 6r, 131, 13r; 21l1ls-231ls, 2lrs-23rs) in each
unit simulating the first digital signal processor part
(51, 5r, 121, 12r; 211-231, 21r-23r) in the other unit
with respect to adjustment parameters controlling the
performance of said first signal processor part in said

15 other unit.

2. A hearing aid system as claimed in claim 1,
characterized in that said bidirectional
communication link (7) is a wireless transmission link,
transceiving means (8r, 8l1l) and antenna means (7r, 71)

20 being provided in each of said hearing aid units.

3. A hearing aid system as claimed in claim 2,
characterized in that said antenna means
(7r, 71) in each hearing unit comprises a short piece
of antenna wire projecting externally from an ear mold

25 arranged in ITE or CIC position and acting simulta-
neously as a withdrawal string.

4. A hearing aid system as claimed in claim 1, 2
or 3, characterized in that in at least
one of said hearing aid units (16, 17) adjustment

30 parameters for processing units in an actual signal
processing channel effecting signal processing adapted
to the ear in which the unit is arranged as well as
further adjustment parameters for the simulated signal
processing channel effecting said simulated signal

35 processing adapted to the ear in which the other unit
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is arranged are entered into a memory (30).

5. A hearing aid system as claimed in claim 4,
charactezrized in that said memory (30)
further includes performance programme settings to

5 provide varying operation modes ranging from fully
binaural signal processing to simple monaural signal
processing in the hearing aid units and/or provide
adaption of system performance to different sound
environments or listening situations.

10 6. A hearing aid system as claimed in claim 5,
characterized in that at least one of said
hearing aid units (1, 2; 16, 17) include means for
calculation of intermediate settings between at least
two consecutive performance programme settings.

15 7. A hearing aid system as claimed in claim 5 or
6, characterized in that programme
selection means (31) for said performance programme
settings including said intermediate settings are user
operated and/or automatically activated on the basis of

20 incoming sound signal analysis.

8. A hearing aid system as claimed in any of
claims 2 or 3 and claim 7, characterized
in that said selection means (31) are remotely con-
trolled by wireless transmission of control signals.

25 9. A hearing aid system as claimed in any of
claims 5 to 8, characterized in that said
memory (30) is provided in one hearing aid unit only
acting as a master unit, said bidirectional communica-
tion link (28) being designed for transfer of adjust-

30 ment parameter settings from said one unit to the other
unit acting as a slave unit.

10. A hearing aid system as claimed in any of
claims 6, 7 or 8, characterized in that
each of said hearing aid units (16, 17) is provided

35 with said memory (30) and said programme selection
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means (31), said selection means (31) being designed in
both units for user operation as well as automatic
activation, said bidirectional communication link (28)
being designed for exchange of parameter settings

5 between the two units and one of the units including
decision means to provide for a consensus control of
the system.

11. A hearing aid system as claimed in any of the
preceding claims, c haractexrized in that

10 the binaural signal processing functions in each of the
two hearing aid units are mirrored with respect to the
binaural signal processing functions in the other unit
to take account of sound level and/or sound spectrum
differences between incoming sound signal at the right

15 and left ear hearing aid units.

12. A hearing aid system asgs claimed in claim 11,
characterized in that the binaural signal
processing part of each of said hearing aid units
comprises a feedback howl suppression system providing

20 howl suppression by processing of a residual signal
representing the difference between feedback signals in
the actual and simulated signal processing channels.

13. A hearing aid system as claimed in any of any
of the preceding claims, c haracterized in

25 that in each of the hearing aid units means are pro-
vided for limitation, e.g. by compression of the
signals supplied from said first and second processor
parts to said third processor part.

14. A hearing aid system as claimed in any of the

30 preceding claims, characterized in that
means (33) are provided in each of the two hearing aid
units for exchange of synchronization information

between the signal processing parts of the two units.

35
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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
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National Stage of an International Application under 35 U.S.C. 371
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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
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4t Fensaphonics-3d-active- ambient-iem-system-421859)

Kyle Gann, Otto E. Laske, Colby Leider, Products of Interest, Computer Music Journal, Vol. 30, Number 3, Fall 2006,
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CERTIFICATION STATEMENT

Please see 37 CFR 1.97 and 1.98 to make the appropriate selection{s):

That each item of information contained in the information disclosure statement was first cited in any communication
from a foreign patent office in a counterpart foreign application not more than three months prior to the filing of the
information disclosure statement. See 37 CFR 1.97(e){(1).
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That no item of information contained in the information disclosure statement was cited in a communication from a
foreign patent office in a counterpart foreign application, and, to the knowledge of the person signing the certification
after making reasonable inquiry, no item of information contained in the information disclosure statement was known to

[ ] any individual designated in 37 CFR 1.56(c) more than three months prior to the filing of the information disclosure
statement. See 37 CFR 1.97(e)(2).

See attached certification statement.
X The fee set forth in 37 CFR 1.17 (p) has been submitted herewith.

A certification statement is not submitted herewith.
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Signature Macob A. Snodgrass/ Date (YYYY-MM-DD) 2023-09-15

Name/Print Jacob A. Snodgrass Registration Number b6,032

This collection of information is required by 37 CFR 1.97 and 1.98. 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 1 hour 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.
Patent 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: Commissioner for Patents, P.O. Box 1450, Alexandria,
VA 22313-1450.
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Privacy Act Statement

The Privacy Act of 1974 (P.L. 93-579) requires that you be given certain information in connection with your submission of the
attached form related to a patent application or patent. Accordingly, pursuant to the requirements of the Act, please be advised
that: (1) the general authority for the collection of this information is 35 U.S.C. 2(b)(2); (2) furnishing of the information solicited
is voluntary; and (3) the principal purpose for which the information is used by the U.S. Patent and Trademark Office is to
process and/aor examine your submission related to a patent application or patent. If you do not furnish the requested
information, the U.S. Patent and Trademark Office may not be able to process and/or examine your submission, which may
result in termination of proceedings or abandonment of the application or expiration of the patent.

The information provided by you in this form will be subject to the following routine uses:

1.

The information on this form will be treated confidentially to the extent allowed under the Freedom of Information Act
(5 U.S.C. 552) and the Privacy Act (5 U.S.C. 552a). Records from this system of records may be disclosed to the
Department of Justice to determine whether the Freedom of Information Act requires disclosure of these record s.

A record from this system of records may be disclosed, as a routine use, in the course of presenting evidence to a
court, magistrate, or administrative tribunal, including disclosures to opposing counsel in the course of settlement
negotiations.

A record in this system of records may be disclosed, as a routine use, to a Member of Congress submitting a
request involving an individual, to whom the record pertains, when the individual has requested assistance from the
Member with respect to the subject matter of the record.

A record in this system of records may be disclosed, as a routine use, to a contractor of the Agency having need for
the information in order to perform a contract. Recipients of information shall be required to comply with the
requirements of the Privacy Act of 1974, as amended, pursuant to 5 U.5.C. 552a(m).

A record related to an International Application filed under the Patent Cooperation Treaty in this system of records
may he disclosed, as a routine use, to the International Bureau of the World Intellectual Property Organization, pursuant
to the Patent Cooperation Treaty.

A record in this system of records may be disclosed, as a routine use, to another federal agency for purposes of
National Security review (35 U.S.C. 181) and for review pursuant to the Atomic Energy Act (42 U.S.C. 218(c)).

A record from this system of records may be disclosed, as a routine use, to the Administrator, General Services, or
hisfher designee, during an inspection of records conducted by GSA as part of that agency's responsibility to
recommend improvements in records management practices and programs, under authority of 44 U.S.C. 2904 and
2906. Such disclosure shall be made in accordance with the GSA regulations governing inspection of records for this
purpose, and any other relevant (i.e., GSA or Commerce) directive. Such disclosure shall not be used to make
determinations about individuals.

A record from this system of records may be disclosed, as a routine use, to the public after either publication of
the application pursuant to 35 U.S.C. 122(b) or issuance of a patent pursuant to 35 U.S.C. 151. Further, a record
may he disclosed, subject to the limitations of 37 CFR 1.14, as a routine use, to the public if the record was filed in
an application which became abandoned or in which the proceedings were terminated and which application is
referenced by either a published application, an application open to public inspections or an issued patent.

A record from this system of records may be disclosed, as a routine use, to a Federal, State, or local law
enforcement agency, if the USPTO becomes aware of a violation or potential violation of law or regulation.
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Electronic Acknowledgement Receipt

EFS ID: 48591216
Application Number: 90019169
International Application Number:
Confirmation Number: 7859

Title of Invention:

METHOD AND DEVICE FOR ACUTE SOUND DETECTION AND REPRODUCTION

First Named Inventor/Applicant Name:

11244666

Customer Number:

176134

Filer:

Jacob Andrew Snodgrass

Filer Authorized By:

Attorney Docket Number: 0027071.00133
Receipt Date: 15-SEP-2023
Filing Date: 24-FEB-2023
Time Stamp: 07:48:16

Application Type:

Reexam (Third Party)

Payment information:

Submitted with Payment no
File Listing:
Document ... . File Size(Bytes)/ Multi Pages
Number Document Description File Name Message Digest | Part/.zip| (if appl.)
2244728
90_019169_IDS_No_2_Cover_L{
1 yes 5

etter_Corrected.pdf

21ac45alecc3a50f5540d60c08527dfb974b|
6e70
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Multipart Description/PDF files in .zip description

Document Description Start End
Transmittal Letter 1 4
Reexam Certificate of Service 5 5
Warnings:
Information:
1338538
) Information Disclosure Statement (IDS) IDS_Form_2.pdf no 3
Form (SB08)
0ab8f48ed4d4fac9546872c605069b617 18]
978f
Warnings:
Information:

A U.S. Patent Number Citation or a U.S. Publication Number Citation is required in the Information Disclosure Statement (IDS) form for
autoloading of data into USPTO systems. You may remove the form to add the required data in order to correct the Informational Message if
you are citing U.S. References. If you chose not to include U.S. References, the image of the form will be processed and be made available
within the Image File Wrapper (IFW) system. However, no data will be extracted from this form. Any additional data such as Foreign Patent
Documents or Non Patent Literature will be manually reviewed and keyed into USPTO systems.

12126834
3-1_SAM-
3 Non Patent Literature TECH_00055181_QuietPro_Ma no 48
nual_v_2_0.pdf 9424666fb165a29fe816a473bb547dafc5d3
48a
Warnings:
Information:
638136
3-2_SAM-
4 Non Patent Literature TECH_00063687_IEEE_Explore_| no 6
Article.pdf e41bbbf3e551dd41f44797bbb674{c98037|
eB82a0
Warnings:
Information:
1131223
3-3_SAM-
5 Non Patent Literature TECH_00064068_New_Scientis no 2
t_Article.pdf fdo4fofseal 6d54ecs799980d3772265da2e]
- 4450
Warnings:
Information:
1515436
3-4_SAM-
6 Non Patent Literature TECH_00065729_SoldierMod_ no 2
Article.pdf 5bf1bb6540e3177d181624cff63416a5487¢]
Warnings:
Information:
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3-5_SAM-
TECH_00097600_Quietpro_pro|

2158443

7 Non Patent Literature - no 6
tects_and_enhances_hearing.
2d8c079943d00140f398e903e345a3dde97]
pdf
Warnings:
Information:
16701328
3-6_SAM-
8 Non Patent Literature TECH_00063985_Honeywell_Q no 33
uietpro_QP100ex.pdf 2a5792f1271d40dda021310ee117554d4aad
e784
Warnings:
Information:
1696652
3-7_SAM-
9 Non Patent Literature TECH_00054131_Nacre_WBM. no 2
pdf 7a3c0b00e543e10c0b1702a46ab62060354
Warnings:
Information:
16711549
3-8_SAM-
10 Non Patent Literature TECH_00054652_Quietpro_QP no 33
1 OOEX.pdf acaB66a19adb7c67e57b7f0c6fd7a33a6c63)
6024
Warnings:
Information:
1314759
3-9_SAM-
11 Non Patent Literature TECH_00054696_Nacre_v_Sily no 9
nx_Notice_of_Opposition.pdf |70s1o3ce794abcodosf3fios34fo1azo0de4
Warnings:
Information:
909577
3-10_SAM-
12 Non Patent Literature TECH_00055735_Delivery_Ord no 3
er.pdf 5b20a77983ba6d96e318077fd01ee0fbac
3e%ee
Warnings:
Information:
596552
3-11_SAM-
13 Non Patent Literature TECH_00052371_Nacre_v_Sily no 6
nx_Apps Answer.pdf a17a916f4c3ca2c5611bcaf2c79afbd7d9dd
- - 84da
Warnings:
Information:
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867626

3-12_SAM-
14 Non Patent Literature TECH_00057150_Silynx_integr no 2
ates_G PS_pdf 167374cc011cc695e580409c9ecabS0cc1a2]
Warnings:
Information:
2377294
3-13_SAM-
15 Non Patent Literature TECH_00062036_Military_Head no 7
set_Reaches_Masses.pdf €0a27344f1d666f58ac1bc245180cd cBdddf
b8c5
Warnings:
Information:
1075935
3-14_SAM-
16 Non Patent Literature TECH_00061992_Jawbone_Use no 16
r_Manual. pdf dc9996c525be9d 17f0fc2360614d0c6c8fal
Warnings:
Information:
465620
3-15_SAM-
17 Non Patent Literature TECH_00062054_New_earpho no 2
nes_[et_yo u_go,pdf as55zse52eea9b0$2::d25aa406615811a
Warnings:
Information:
2005419
3-16_SAM-
18 Non Patent Literature TECH_OOO60121_A||ph_Javybo no 3
ne_Bluetooth_headset_review.
©€974ec681f14f16ff4b3697cee33d5c4a9240)
pdf
Warnings:
Information:
1316015
3-17_SAM-
19 Non Patent Literature TECH_00094798_beoworld_Ear no 3
set_2_Bluetooth_Headset.pdf |dsde3s7o619d9d899a25¢29c1529055672
4775
Warnings:
Information:
2691755
3-18_SAM-
20 Non Patent Literature TECH_00094865_dexigner_ne no 7
ws_Earset_2.pdf Tee2be35ae5749acabeBcd4ealds s ec
Warnings:
Information:
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586640

3-19_SAM-

i no 1
21 Non Patent Literature TECH_00095178_ER6i_TS.pdf
23ed2f68dd4c2124921b1dd5b6dad88780
3d8c
Warnings:
Information:
3152047
3-20_SAM-
22 Non Patent Literature TECH_00095121_Etymotic_ER- no 5
6_review.pdf 0b7be0bdcc256ac39794589ffchecec46fofs
8fc
Warnings:
Information:
4211264
3-21_SAM-
23 Non Patent Literature TECH_00098432_Gennum_Zen no 44
User_Manual.pdf 282fdef6c1d9363d2d73dbeSTa30384a86df
- - 47ba
Warnings:
Information:
3-22 SAM- 2264679
24 Non Patent Literature TECH_00098419_CNET_Article no 4
_Gennum_Zen_Bluetooth_Hea|
dset Review_pdf c808c9cdc1659d711c1c:;3937f5b737809da
Warnings:
Information:
323 SAM 3401890
TECH_00098485_Globe_and
i N - — - no 5
25 Non Patent Literature Mail_Article_Gennum_Zen. He
adset for Bluetoothpdf 86dfacl 6ea7780bfe03271a9b32a3f434ae7|
Warnings:
Information:
3-24_SAM- 5669287
TECH_00098490_PocketLint_Ar
26 Non Patent Literature ticle- no 13
Zen_Gennum_Bluetooth_Head| fado1des7seeoc3so2a3sbaetiadieodicic]
set.pdf o
Warnings:
Information:
3919945
3-25_SAM-
27 Non Patent Literature TECH_00098719_Motorola_H6 no 5
05_User_Manual.pdf €4017947e32680a5c5basce75319aadb6fa
- - b4Sed
Warnings:
Information:
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3-26_SAM-
TECH_00098639_CNET_Article-|

1666588

; no 4
8 Non Patent Literature Motorola_H605_Bluetooth_He
adset Review_pdf 72b013%5427((64(123;589809881Be3b306m
Warnings:
Information:
397 SAM 3344847
29 Non Patent Literature TECH400098A7£:.3TPhoneArena4 no 12
rticie- . 20cbdd4734afc67d0dc545308fa47cf2392a)
Motorola_H605_Review.pdf a7d3
Warnings:
Information:
1580888
3-28_SAM-
30 Non Patent Literature TECH_00099254_Peltor_Lite- no 13
Com_lI_Manual.pdf 89f01c687a160e562ea2bSad2fdbceebelc)
Warnings:
Information:
4504675
3-29_SAM-
31 Non Patent Literature TECH_00099203_Peltor_Lite- no 6
Com_l Brochure,pdf fafed3d728e5702291d5d20f1563ea991b32}
- 9618
Warnings:
Information:
4454702
3-30_SAM-
32 Non Patent Literature TECH_00099344_Plantronics_Dj no 16
iscovery_655_User_Guide.pdf | s5947d36030417331724213dM0cch4f283¢
Ba6c
Warnings:
Information:
1738148
3-31_SAM-
33 Non Patent Literature TECH_00099296_Plantronics_Dj no 2
iscovery_655_Brochure_pdf 5£206ed2809b11558553a78074166d51959)
776¢
Warnings:
Information:
3-32 SAM- 1989832
34 Non Patent Literature TECH_OQO992§7_CNET_Art|c]e— no 4
Plantronics_Discovery_655_Blu
etooth Headset Reviewlpdf 722f1dc03db1e8fadee822c5cfe983c3332a)
Warnings:
Information:
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3-33_SAM-
TECH_00099387_Silicon_Poip_

3319821

35 Non Patent Literature . no 4
Culture_Article-
. . 4a29a76a3c1705c8721e6b8c73dc2814775
Plantronics_Discovery_655.pdf
Warnings:
Information:
978419
3-34_SAM-
36 Non Patent Literature TECH_00099435_Plantronics_ no 2
MXZOO_User_Guide_pdf 4df0064095211a3b7c9a550decbf4463eec]
a4f8.
Warnings:
Information:
883602
3-35_SAM-
37 Non Patent Literature TECH_00099461_Plantronics_ no 2
MX250_User_Guide.pdf €60a272ed449e59239311e8116419€2053¢|
Warnings:
Information:
1413096
3-36_SAM-
38 Non Patent Literature TECH_00099419_Plantronics_ no 2
MX200 Brochure_pdf 0bf062€4bff9311598bad1aa3942b388565
- b9353
Warnings:
Information:
15676010
3-37_SAM-
39 Non Patent Literature TECH_00099557_Sony_Walkm no 22
an_User_Manual.pdf 91b6417a044cfd5a272bf212340845a2636
9a616
Warnings:
Information:
2270583
3-38_SAM-
40 Non Patent Literature TECH_00099514_EAFIT_Article] no 9
The_Sony_Walkman.pdf be8990ff9638112e59300371990d71a50e
92a73
Warnings:
Information:
3-39 SAM- 1157259
41 Non Patent Literature TECH_00099533_IDG _Article- no 3
Sony_New_Walkman_Players_
P k N R C I df a4ff902ef6c6eab4085317539b4eacs7ch62|
ack_Noise_Canceling.p
Warnings:
Information:
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2266418

3-40_SAM-
42 Non Patent Literature TECH_00099579_Stuff_Article- no 8
Sony_NW-S700_Review_pdf 27657b737ed801fe394b2b97c85899318a5|
dacbe
Warnings:
Information:
5511586
3-41_SAM-
43 Non Patent Literature TECH*OOO.GO%S*.CES‘ZO%_ no 9
Bluetooth_innovations_aboun
2c41b9556d291c2cc8979ab311379e5ed 7!
d.pdf 4947¢
Warnings:
Information:
3-42_SAM- 5030887
TECH_00060509_Motorola_H9
; - — - 6
44 Non Patent Literature _Bluetooth_Headset_User_Ma no
400e55001ce1f28c92bf64e3db2f1bes61al
nual.pdf
Warnings:
Information:
951802
3-43_SAM-
45 Non Patent Literature TECH_00056060_Motorola_Mi no 1
niblue Press Release_pdf 610116600330b02d7e51dfb146/5900a1621
- - 8317a
Warnings:
Information:
1224208
3-44_SAM-
46 Non Patent Literature TECH_00060628_Engadget_Art no 3
icle.pdf 622da4af408cfba510c71276c828acdb17fe|
Warnings:
Information:
2617551
3-45_SAM-
TECH_00060424_CNET_Article-
i — _-NET_ 5
47 Non Patent Literature Motorola_H5_Miniblue_Blueto no
4eb0cal757beelebe22eabb9b8c8ede8Sh|
oth_Headset.pdf bc1417
Warnings:
Information:
3-46_SAM- 4846524
. TECH_00100046_Sensaphonics
— — 16
48 Non Patent Literature _3D_Active_Ambient_IEM_Syst no
02502175d7c0b2070959d52986bfa4f2f772)
em_User_Guide.pdf
Warnings:
Information:

Exhibit 1009
Page 2162 of 2198




1350083
3-47_SAM-

TECH_00100065_Sensaphonics

i no 1
49 Non Patent Literature _3D_Active_Ambient_IEM_Syst
8bBa5356a72c92ece947c8c1983ad31503¢
em_Article.pdf 3aces
Warnings:
Information:
3665040
3-48_SAM-
50 Non Patent Literature TECH_00096723_Products_of_| no 16
nterest_Article.pdf 6ad1903310ffcdeebc2896837f3bade4 Sedal
4ead
Warnings:
Information:
Total Files Size (in bytes)1 165531740

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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Control No. 90/019,169
U.S. Patent No. 11,244,666

IN THE UNITED STATES PATENT AND TRADEMARK OFFICE

Control No. 90/019,169

U.S. Patent No. 11,244,666

Reexamination Filing Date February 24, 2023

Inventors Goldstein et al.

Title METHOD AND DEVICE FOR ACUTE SOUND
DETECTION AND REPRODUCTION

Examiner Ge, Yuzhen

Art Unit 3992

Confirmation No. 7859

Submitted via EFS-Web

Mail Stop Ex Parte Reexamination
Attn: Central Reexamination Unit
Commissioner for Patents

P.O. Box 1450

Alexandria, VA 22313-1450

TRANSMITTAL LETTER FOR INFORMATION DISCLOSURE STATEMENT

Patent Owner herewith submits an Information Disclosure Statement (form
PTO/SB/08a). For the convenience of the Examiner, Patent Owner provides the following table

correlating the Non-Patent Literature Documents submitted herewith with the list of such

references in the Information Disclosure Statement by Bates number, where applicable.

1 NACRE QuietPro User Manual v2.0 SAM-TECH 00055181 -
SAM-TECH 00055228

2 STRAND, et al. On the Feasibility of ASR in Extreme| SAM-TECH_ 00063687 -
Noise Using the Parat Earplug Communication SAM-TECH 00063692
Terminal, IEEE, 2003, pp. 315-320

3 New Scientist Article Tuning in, February 14, 2001, | SAM-TECH_ 00064068 -
(https://www.newscientist.com/article/dn423-tuning- | SAM-TECH_00064069
n/)

4 MUGGLETON, Nacre's QUIETPRO+ Intelligent SAM-TECH_00065729 -
Hearing System: Delivering Performance and Hearing | SAM-TECH 00065730
Protection Now for the Future of the Soldier,
SoldierMod Jan. 2009, pp. 28-29, Vol. 2

5 TUNMO, QuietPro Protects and enhances hearing, SAM-TECH 00097600 -
Oct. 23, 2006 (available at https://www tu.no/artikler/ | SAM-TECH_00097605
quietproverner-og-forsterker-horselen/261960)
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6 Honeywell QuietPro QP100ex Presentation, March 7, | SAM-TECH_ 00063985 -
2013 (available at https://studylib.net/doc/5501651/ SAM-TECH_00064017
quietpro-gp 100ex)

7 Nacre website (htts://web.archive.org/web/ SAM-TECH_00054131 -
20050309073333/http:/www nacre.no:80/) SAM-TECH 00054132

8 Honeywell QuietPro QP100ex Presentation, March 7, | SAM-TECH 00054652 -
2013 (available at https://studylib.net/doc/5501651/ SAM-TECH_00054684
quietpro-gp100ex)

9 Nacre v Silynx, TTAB Notice of Opposition SAM-TECH_00054696 -

SAM-TECH 00054704

10 Delivery Order W912DQ06D0037-0001 SAM-TECH_00055735 -

SAM-TECH 00055737
11 Nacre v Silynx, TTAB Applicant's Answer SAM-TECH 00052371 -
SAM-TECH_ 00052376

12 Silynx Integrates GPS in Headset for Special SAM-TECH_ 00057150 -
Operations, May 13, 2008, (https://defense- SAM-TECH_ 00057151
update.com/20080513 c4ops.html)

13 Military Headset Reaches Masses, Sep. 2004 SAM-TECH_00062036 -
(available at https://www wired.com/2004/09/ SAM-TECH 00062042
military-headset-reaches-masses)

14 Jawbone Aliph User Manual SAM-TECH_00061992 -

SAM-TECH_ 00062007

15 New earphones let you go cordless on iPods, cell SAM-TECH 00062054 -
phones, Dec. 24, 2006, SAM-TECH_00062055
(https://www.capecodtimes.com/story/news/2006
/12/24/new-earphones-let-you-go/50845129007/)

16 CNET Article - Aliph Jawbone Bluetooth headset SAM-TECH 00060121 -
review, Jan. 31, 2007 (https://www.cnet.com/ SAM-TECH_00060123
reviews/aliph-jawbone-bluetooth-headset-review/)

17 EarSet 2 Bluetooth Headset (available at https:// SAM-TECH_00094798 -
www.beoworld.org/prod details.asp?pid=733) SAM-TECH_00094800

18 EarSet 2: Tonal Precision and Superb Comfort From | SAM-TECH 00094865 -
Bang & Olufsen, Jan. 2, 2007, SAM-TECH 00094871
(https://www.dexigner.com/news/9935)

19 Etymotic ER-61 Technical Specifications (availableat | SAM-TECH 00095178
https://www.etymotic.com/ephp/er6i-ts.aspx)

20 CNET Atticle-Etymotic ER-6 review, Feb. 7, SAM-TECH 00095121 -
2005, (https://www .cnet.com/reviews/etymotic- SAM-TECH 00095125
er-6-review/)

21 Gennum Zen User Manual SAM-TECH 00098432 -

SAM-TECH_ 00098475

22 CNET Article, Gennum Zen Bluetooth Headset SAM-TECH 00098419 -

Review, July 1, 2005 SAM-TECH 00098422

Exhibit 1009
Page 2165 of 2198

%)



Control No. 90/019,169
U.S. Patent No. 11,244,666

23 Globe and Mail Article - Gennum Z-E-N SAM-TECH 00098485 -
Headset for Bluetooth, Dec. 7, 2004 SAM-TECH 00098489
24 PocketLint Article - Zen Gennum Bluetooth SAM-TECH 00098490 -
Headset, February 3, 2005 SAM-TECH 00098502
25 Motorola H605 User Manual SAM-TECH 00098719 -
SAM-TECH 00098723
26 CNET Article - Motorola H605 Bluetooth SAM-TECH 00098639 -
Headset Review, July 18, 2006 SAM-TECH 00098642
27 PhoneArena Article - Motorola H605 Review, Sep. 9, | SAM-TECH 00098743 -
2008 SAM-TECH 00098754
28 Peltor LiteCom Pro II Headset Manual SAM-TECH_ 00099254 -
SAM-TECH 00099266
29 Peltor Lite-Com II Brochure SAM-TECH 00099203 -
SAM-TECH 00099208
30 Plantronics Discovery 655 User Guide SAM-TECH 00099344 -
SAM-TECH 00099359
31 Plantronics Discovery 655 Brochure SAM-TECH 00099296 -
SAM-TECH 00099297
32 CNET Article - Plantronics Discovery 655 SAM-TECH_ 00099287 -
Bluetooth Headset Review, Aug. 23, 2006 SAM-TECH 00099290
33 Silicon Poip Culture Article - Plantronics SAM-TECH 00099387 -
Discovery 655, May 28, 2007 SAM-TECH 00099390
34 Plantronics MX200 Brochure SAM-TECH_00099435 -
SAM-TECH 00099436
35 Plantronics MX250 User Guide SAM-TECH 00099461 -
SAM-TECH 00099462
36 Plantronics MX200 Brochure SAM-TECH 00099419 -
SAM-TECH 00099420
37 Sony Walkman User Manual SAM-TECH_00099557 -
SAM-TECH 00099578
38 EAFIT Article - The Sony Walkman SAM-TECH 00099514 -
SAM-TECH 00099522
39 IDG Article - Sony’s New Walkman Players SAM-TECH_00099533 -
Pack Noise Canceling, Oct. 13, 2006 SAM-TECH 00099535
40 Stuff Article - Sony NW-S700 Review, Jan. 17, 2007 SAM-TECH_00099579 -
(https://www stuff tv/review/sony-nw-s700-review/) | SAM-TECH 00099586
41 New Atlas Article - CES 2006: Bluetooth innovations | SAM-TECH 00060368 -
abound - Inner-ear headset, bluetooth keyboard and SAM-TECH_00060376
wireless iPod companion, (https:/www. newatlas.com
/ces-2006-bluetooth-innovations-abound -inner-ear-
headset- bluetooth-keyboard-and-wireless-ipod-
companion/4977/)
42 Motorola H9 Bluetooth Headset User Manual SAM-TECH_00060509 -
SAM-TECH 00060514
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43 Motorola Miniblue Press Release (https://web.archive.| SAM-TECH 00056060
org/web/20060212115000/http://www . motorola.com/
motoinfo/product/details/0,,133,00.html)

44 Engadget Article - Motorola's HS Miniblue Bluetooth | SAM-TECH_ 00060628 -
Headset, Jan. 2000, (https://www.engadget.com/2006-| SAM-TECH 00060630
01-04-motorolas-h5-miniblue-bluetooth headset. html)

45 CNET Article - Motorola HS Miniblue Bluetooth SAM-TECH 00060424 -
Headset, Jan. 4, 2006, (https://www.cnet.com/tech/ SAM-TECH 00060428
mobile/motorolahS-miniblue-bluetooth-headset/)

46 Sensaphonics 3D Active Ambient IEM (In-Ear SAM-TECH_00100046 -
Monitor) System User Guide SAM-TECH 00100061

47 Sensaphonics 3D Active Ambient IEM System SAM-TECH_00100065
Article, Feb. 2006 (https://www.mixonline.com/news/
sensaphonics-3d-active- ambient-iem-system-421859)

48 Kyle Gann, Otto E. Laske, Colby Leider, Products of | SAM-TECH 00096723 -
Interest, Computer Music Journal, Vol. 30, Number 3,| SAM-TECH_00096738
Fall 2000, pp. 93-107 (Article)

Patent owner identifies the references submitted herewith by certain indicia that appear

on the references, for example, dates. Patent Owner does not warrant that such references were

published or otherwise publicly available on such dates or that any of the identified references

constitutes prior art to the 666 patent.

Patent Owner submits herewith the IDS fee. Should any additional fees be due in

connection with this paper or at any other time during this proceeding, the Commissioner is

authorized to charge such fees to Deposit Account No. 60-3815.

Dated: September 15, 2023
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Customer No. 176134
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Washington, D.C. 20015
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U.S. Patent No. 11,244,666

CERTIFICATE OF SERVICE

Pursuant to 37 C.F.R. § 1.550(f), the undersigned hereby certifies that on September
15,2023, a copy of this letter as well as the Information Disclosure Statement (form
PTO/SB/08a) and cited non-patent literature documents (on flash drive) were served on Third
Party Requester at the following address.

Ali R. Sharifahmadian

Arnold & Porter Kaye Scholer LLP

601 Massachusetts Ave., N.'W.

Washington, DC 20001
Dated: September 15, 2023 Respectfully submitted,

/s/ Jacob A. Snodgrass

Jacob A. Snodgrass
Registration No. 66,032

PYVLAWLLP

Customer No. 176134

5335 Wisconsin Avenue, N.W._, Suite 440
Washington, D.C. 20015

T: (202)371-6861

F: (202) 888-3163
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Doc code: IDS

Doc description: Information Disclosure Statement (IDS) Filed

PTO/SB/08a (01-22)

Approved for use through 05/31/2024. OMB 0651-0031
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 contains a valid OMB control number.

INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 50019169
Filing Date P023-02-24
First Named Inventor | Goldstein et al.
Art Unit | 3992
Examiner Name | Ge, Yuzhen

Attorney Docket Number

| 3-00051-666EPR

U.S.PATENTS Remove
. . . . Pages,Columns,Lines where
E)_(gm:ner Cite Patent Number Kind Issue Date Na”."e of Patentee or Applicant Relevant Passages or Relevant
Initial No Code? of cited Document

Figures Appear

If you wish to add additional U.S. Patent citation information please click the Add button.

Add

U.S.PATENT APPLICATION PUBLICATIONS

Remove

Kind
Code?

Publication
Number

Examiner,

Initials | Ce Ne

Publication

Date

Name of Patentee or Applicant
of cited Document

Pages,Columns,Lines where
Relevant Passages or Relevant
Figures Appear

If you wish to add additional U.S. Published Application citation information please click the Add button| Add

FOREIGN PATENT DOCUMENTS

Remove

Cite
No

Country
Code?j

Examiner|
Initial*

Foreign Document
Number3

Kind
Code#

Publication

Date Document

Name of Patentee or
Applicant of cited

Pages,Columns,Lines
where Relevant
Passages or Relevant
Figures Appear

Ts

If you wish to add additional Foreign Patent Document citation information please click the Add button

Add

NON-PATENT LITERATURE DOCUMENTS

Remove

Cite
No

Examiner,
Initials™

Include name of the author {in CAPITAL LETTERS), title of the article (when appropriate), title of the item
(book, magazine, journal, serial, symposium, catalog, etc), date, pages(s), volume-issue humber(s),
publisher, city and/or country where published.

Ts
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Application Number 90019169
Filing Date 2023-02-24

INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

First Named Inventor | Goldstein et al.
Art Unit | 3992

Examiner Name | Ge, Yuzhen

Attorney Docket Number |3-00051-666EPR

1 In-Ear Microphone Techniques for Severe Noise Situations Claim Chart (Exhibit NSC to Samsung's Invalidity
Contentions)

5 Multi-Sensory Microphones for Robust Speech Detection, Enhancement and Recognition Claim Chart (Exhibit N51 to
Bamsung's Invalidity Contentions)

Dpening Expert Report of Nathaniel Polish, Ph.D. Regarding Invalidity of U_S. Patent Nos. 8,315,400; 9,491,542;
3 D 609.424; 10,979,836; and 11,244,666, Volume | ("342 and '666 Patents) (redacted, excerpts re '666 patent) Feb. 6,
D023

4 Bamsung’s Motion for Summary Judgment of Invalidity under 35 U.S.C. §112 of the '666 Patent (Redacted) (Dkt. No.
ps7)

5 ITechiya’s Opposition to Samsung’s Motion for Summary Judgment of Invalidity under 35 U.S.C. § 112 of the '666
Patent (Redacted) (Dkt. No. 515)

6 Bamsung’s Reply in Support of Its Motion for Summary Judgment of Invalidity under 35 U.S.C. § 112 of the '666
Patent (Redacted) (Dkt. No. 556)

7 ITechiya’s Sur-Reply to Samsung’s Motion for Summary Judgment of Invalidity under 35 U.S.C. § 112 of the 666
Patent (Dkt. No. 587)

If you wish to add additional non-patent literature document citation information please click the Add button| Add

EXAMINER SIGNATURE

Examiner Signature Date Considered |

*EXAMINER: Initial if reference considered, whether or not citation is in conformance with MPEP 609. Draw line through a
citation if not in conformance and not considered. Include copy of this form with next communication to applicant.

1 See Kind Codes of USPTO Patent Documents at www.USPTO.GOV or MPEP 501.04. 2 Enter office that issued the document, by the two-letter code (WIPO
Standard ST.3). 2 For Japanese patent documents, the indication of the year of the reign of the Emperor must precede the serial number of the patent document.

1 Kind of document by the appropriate symbols as indicated on the document under WIPO Standard ST.16 if possible. 5 Applicant is to place a check mark here if|
English language translation is attached.

EFS Web 2.1.18
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Application Number 90019169

Filing Date 2023-02-24

INFORMATION DISCLOSURE

First Named Inventor | Goldstein et al.

STATEMENT BY APPLICANT

A Art Unit | 3002
( Not for submission under 37 CFR 1.99)

Examiner Name | Ge, Yuzhen

Attorney Docket Number |3-00051-666EPR

CERTIFICATION STATEMENT

Please see 37 CFR 1.97 and 1.98 to make the appropriate selection{s):

That each item of information contained in the information disclosure statement was first cited in any communication
from a foreign patent office in a counterpart foreign application not more than three months prior to the filing of the
information disclosure statement. See 37 CFR 1.97(e){(1).

OR

That no item of information contained in the information disclosure statement was cited in a communication from a
foreign patent office in a counterpart foreign application, and, to the knowledge of the person signing the certification
after making reasonable inquiry, no item of information contained in the information disclosure statement was known to

[ ] any individual designated in 37 CFR 1.56(c) more than three months prior to the filing of the information disclosure
statement. See 37 CFR 1.97(e)(2).

See attached certification statement.
X The fee set forth in 37 CFR 1.17 (p) has been submitted herewith.

A certification statement is not submitted herewith.

SIGNATURE

A signature of the applicant or representative is required in accordance with CFR 1.33, 10.18. Please see CFR 1.4(d) for the
form of the signature.

Signature Macob A. Snodgrass/ Date (YYYY-MM-DD) 2023-09-15

Name/Print Jacob A. Snodgrass Registration Number b6,032

This collection of information is required by 37 CFR 1.97 and 1.98. 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 1 hour 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.
Patent 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: Commissioner for Patents, P.O. Box 1450, Alexandria,
VA 22313-1450.

EFS Web 2.1.18
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Privacy Act Statement

The Privacy Act of 1974 (P.L. 93-579) requires that you be given certain information in connection with your submission of the
attached form related to a patent application or patent. Accordingly, pursuant to the requirements of the Act, please be advised
that: (1) the general authority for the collection of this information is 35 U.S.C. 2(b)(2); (2) furnishing of the information solicited
is voluntary; and (3) the principal purpose for which the information is used by the U.S. Patent and Trademark Office is to
process and/aor examine your submission related to a patent application or patent. If you do not furnish the requested
information, the U.S. Patent and Trademark Office may not be able to process and/or examine your submission, which may
result in termination of proceedings or abandonment of the application or expiration of the patent.

The information provided by you in this form will be subject to the following routine uses:

1.

The information on this form will be treated confidentially to the extent allowed under the Freedom of Information Act
(5 U.S.C. 552) and the Privacy Act (5 U.S.C. 552a). Records from this system of records may be disclosed to the
Department of Justice to determine whether the Freedom of Information Act requires disclosure of these record s.

A record from this system of records may be disclosed, as a routine use, in the course of presenting evidence to a
court, magistrate, or administrative tribunal, including disclosures to opposing counsel in the course of settlement
negotiations.

A record in this system of records may be disclosed, as a routine use, to a Member of Congress submitting a
request involving an individual, to whom the record pertains, when the individual has requested assistance from the
Member with respect to the subject matter of the record.

A record in this system of records may be disclosed, as a routine use, to a contractor of the Agency having need for
the information in order to perform a contract. Recipients of information shall be required to comply with the
requirements of the Privacy Act of 1974, as amended, pursuant to 5 U.5.C. 552a(m).

A record related to an International Application filed under the Patent Cooperation Treaty in this system of records
may he disclosed, as a routine use, to the International Bureau of the World Intellectual Property Organization, pursuant
to the Patent Cooperation Treaty.

A record in this system of records may be disclosed, as a routine use, to another federal agency for purposes of
National Security review (35 U.S.C. 181) and for review pursuant to the Atomic Energy Act (42 U.S.C. 218(c)).

A record from this system of records may be disclosed, as a routine use, to the Administrator, General Services, or
hisfher designee, during an inspection of records conducted by GSA as part of that agency's responsibility to
recommend improvements in records management practices and programs, under authority of 44 U.S.C. 2904 and
2906. Such disclosure shall be made in accordance with the GSA regulations governing inspection of records for this
purpose, and any other relevant (i.e., GSA or Commerce) directive. Such disclosure shall not be used to make
determinations about individuals.

A record from this system of records may be disclosed, as a routine use, to the public after either publication of
the application pursuant to 35 U.S.C. 122(b) or issuance of a patent pursuant to 35 U.S.C. 151. Further, a record
may he disclosed, subject to the limitations of 37 CFR 1.14, as a routine use, to the public if the record was filed in
an application which became abandoned or in which the proceedings were terminated and which application is
referenced by either a published application, an application open to public inspections or an issued patent.

A record from this system of records may be disclosed, as a routine use, to a Federal, State, or local law
enforcement agency, if the USPTO becomes aware of a violation or potential violation of law or regulation.

EFS Web 2.1.18
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Electronic Acknowledgement Receipt

EFS ID: 48591398
Application Number: 90019169
International Application Number:
Confirmation Number: 7859

Title of Invention:

METHOD AND DEVICE FOR ACUTE SOUND DETECTION AND REPRODUCTION

First Named Inventor/Applicant Name:

11244666

Customer Number:

176134

Filer:

Jacob Andrew Snodgrass

Filer Authorized By:

Attorney Docket Number: 0027071.00133
Receipt Date: 15-SEP-2023
Filing Date: 24-FEB-2023
Time Stamp: 08:59:41

Application Type:

Reexam (Third Party)

Payment information:

Submitted with Payment no
File Listing:
Document ... . File Size(Bytes)/ Multi Pages
Number Document Description File Name Message Digest | Part/.zip| (if appl.)
694522
90_019169_IDS_No_4_Cover_L|
1 yes 2

etter_Corrected.pdf

5d75¢1941f5badd7a72393c0198dd2b1a98]
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Multipart Description/PDF files in .zip description

Document Description Start End
Transmittal Letter 1 1
Reexam Certificate of Service 2 2
Warnings:
Information:
1347782
) Information Disclosure Statement (IDS) IDS_Form_4.pdf no 4
Form (SB08)
b9a7d3eb20aaff3c2517d8e160e16bff28%|
cf39
Warnings:
Information:

A U.S. Patent Number Citation or a U.S. Publication Number Citation is required in the Information Disclosure Statement (IDS) form for
autoloading of data into USPTO systems. You may remove the form to add the required data in order to correct the Informational Message if
you are citing U.S. References. If you chose not to include U.S. References, the image of the form will be processed and be made available
within the Image File Wrapper (IFW) system. However, no data will be extracted from this form. Any additional data such as Foreign Patent
Documents or Non Patent Literature will be manually reviewed and keyed into USPTO systems.

1133079
1_Exhibit-
3 Non Patent Literature - no 154
: u N50_Westerlund_Corrected.pd
10af352dcdScfec01109a8b2b65682dc7883]
0616
Warnings:
Information:
867605
2_Exhibit-
i — no 138
4 Non Patent Literature N51_Zhang_Corrected.pdf
feff8ab4cd929b401a67ba2685e32a4b33d 2
3054
Warnings:
Information:
6703209
3_Opening_Expert_Report_of |
5 Non Patent Literature Nathaniel_Polish_Vol_1_Redac no 214
ted_excerpts.pdf 52bdédcbfacOa2fsdecS9ecoaecatesese
- 231c
Warnings:
Information:
1081493
4_Samsung_Motion_for_SJ_of
6 Non Patent Literature _Invalidity_under_112_Redact no 13
ed.pdf 50e9b138d08abSdede]5d2bc9593560c6b|
05659
Warnings:
Information:
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693348
5_Techiya_Opposition_to_Sam|
7 Non Patent Literature sung_Motion_for_SJ_of_Invali no 1
dity_under_112_Redacted.pdf | 416a4559e14c27dafofsac3 15cce3safossag

11e

Warnings:
Information:
176580
7_Techiya_Sur-
8 Non Patent Literature Replyftofsarr)s'unngotlonffo no 5
r_SJ_of_Invalidity_under_112_
€53919014c85ac307dd6d66ef2ce9d3b400)]
Redacted.pdf
Warnings:
Information:
130114
6_Samsung_Reply_in_Support
of_Its_Motion_for_SJ_of Inva
i == - no 7
9 Non Patent Literature idity_under_112_Redacted_Co
880bf59d62490311fe30d1219a31850d5aa
rrected.pdf cd13s
Warnings:
Information:
Total Files Size (in bytes)1 12827732

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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Control No. 90/019,169
U.S. Patent No. 11,244,666

IN THE UNITED STATES PATENT AND TRADEMARK OFFICE

Control No. 90/019,169

U.S. Patent No. 11,244,666

Reexamination Filing Date February 24, 2023

Inventors Goldstein et al.

Title METHOD AND DEVICE FOR ACUTE SOUND
DETECTION AND REPRODUCTION

Examiner Ge, Yuzhen

Art Unit 3992

Confirmation No. 7859

Submitted via EFS-Web

Mail Stop Ex Parte Reexamination
Attn: Central Reexamination Unit
Commissioner for Patents

P.O. Box 1450

Alexandria, VA 22313-1450

TRANSMITTAL LETTER FOR INFORMATION DISCLOSURE STATEMENT

Patent Owner herewith submits an Information Disclosure Statement (form
PTO/SB/08a).

Patent Owner submits herewith the IDS fee. Should any additional fees be due in
connection with this paper or at any other time during this proceeding, the Commissioner

is authorized to charge such fees to Deposit Account No. 60-3815.

Dated: September 15, 2023 Respectfully submitted,

8/ Jacob A. Snodgrass
Jacob A. Snodgrass
Registration No. 66,032

PV LAW LLP

Customer No. 176134

5335 Wisconsin Avenue, N.W._, Suite 440
Washington, D.C. 20015

T:(202) 371-6861

F: (202) 888-3163
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Control No. 90/019,169
U.S. Patent No. 11,244,666

CERTIFICATE OF SERVICE
Pursuant to 37 C.F.R. § 1.550(f), the undersigned hereby certifies that on September
15, 2023, a copy of this letter as well as the Information Disclosure Statement (form
PTO/SB/08a) and cited non-patent literature documents (on flash drive) were served on Third
Party Requester at the following address.
Ali R. Sharifahmadian
Armnold & Porter Kaye Scholer LLP

601 Massachusetts Ave,, N.W.
Washington, DC 20001

Dated: September 15, 2023 Respectfully submitted,
/s/ Jacob A. Snodgrass

Jacob A. Snodgrass
Registration No. 66,032

PV LAWLLP

Customer No. 176134

5335 Wisconsin Avenue, N.W._, Suite 440
Washington, D.C. 20015

T:(202) 371-6861

F: (202) 888-3163
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Doc code: IDS

Doc description: Information Disclosure Statement (IDS) Filed

PTO/SB/08a (01-22)

Approved for use through 05/31/2024. OMB 0651-0031
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 contains a valid OMB control number.

INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 50019169
Filing Date P023-02-24
First Named Inventor | Goldstein et al.
Art Unit | 3992
Examiner Name | Ge, Yuzhen

Attorney Docket Number

| 3-00051-666EPR

U.S.PATENTS Remove
. . . . Pages,Columns,Lines where
E)_(gm:ner Cite Patent Number Kind Issue Date Na”."e of Patentee or Applicant Relevant Passages or Relevant
Initial No Code? of cited Document

Figures Appear

If you wish to add additional U.S. Patent citation information please click the Add button.

Add

U.S.PATENT APPLICATION PUBLICATIONS

Remove

Kind
Code?

Publication
Number

Examiner,

Initials | Ce Ne

Publication

Date

Name of Patentee or Applicant
of cited Document

Pages,Columns,Lines where
Relevant Passages or Relevant
Figures Appear

If you wish to add additional U.S. Published Application citation information please click the Add button| Add

FOREIGN PATENT DOCUMENTS

Remove

Cite
No

Country
Code?j

Examiner|
Initial*

Foreign Document
Number3

Kind
Code#

Publication

Date Document

Name of Patentee or
Applicant of cited

Pages,Columns,Lines
where Relevant
Passages or Relevant
Figures Appear

Ts

If you wish to add additional Foreign Patent Document citation information please click the Add button

Add

NON-PATENT LITERATURE DOCUMENTS

Remove

Cite
No

Examiner,
Initials™

Include name of the author {in CAPITAL LETTERS), title of the article (when appropriate), title of the item
(book, magazine, journal, serial, symposium, catalog, etc), date, pages(s), volume-issue humber(s),
publisher, city and/or country where published.

Ts
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 90019169

Filing Date 2023-02-24

First Named Inventor | Goldstein et al.

Art Unit | 3992

Examiner Name | Ge, Yuzhen

Attorney Docket Number |3-00051-666EPR

1 Bamsung's Invalidity Contentions and P.R. 3-3 and 34 Disclosures for U.S. Patent Nos. 11,039,259, 11,057,701,
N1.217 237, and 11,244 666 (Case No. 2:22-cv-00053-JRG-RSP) (excerpts re '666 patent) July 6, 2022

2 |).S. Pub. No. 2010/3119077 to Platz Claim Chart (Exhibit N1 to Samsung's Invalidity Contentions)

3 1).S. Patent No. 6,728,385 to Kvalgy Claim Chart (Exhibit N2 to Samsung's Invalidity Contentions)

4 1).S. Patent No. 5,276,740 to Inanaga Claim Chart (Exhibit N3 to Samsung's Invalidity Contentions)

5 1J.5. Pub. No. 2007/0189544 to Rosenberg Claim Chart (Exhibit N4 to Samsung's Invalidity Contentions)

6 1J).S. Pub. No. 2007/0021958 to Visser Claim Chart (Exhibit N5 to Samsung's Invalidity Contentions)

7 1).S. Pub. No. 2008/3165988 to Terlizzi Claim Chart {(Exhibit N6 to Samsung's Invalidity Contentions)

8 |J).S. Pub. No. 2003/0035551 to Light Claim Chart {Exhibit N7 to Samsung's Invalidity Contentions)

9 |J.S. Pub. No. 2007/0223717 to Boersma Claim Chart (Exhibit N8 to Samsung's Invalidity Contentions)

10 |J.S. Pub. No. 2007/0100637 to McCune Claim Chart {(Exhibit N9 to Samsung's Invalidity Contentions)

11 1).S. Pub. No. 2007/0253569 to Bose Claim Chart {Exhibit N10 to Samsung's Invalidity Contentions)
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 90019169

Filing Date 2023-02-24

First Named Inventor | Goldstein et al.

Art Unit | 3992

Examiner Name | Ge, Yuzhen

Attorney Docket Number |3-00051-666EPR

12 |J.S. Pub. No. 2006/0083387 to Emoto Claim Chart (Exhibit N11 to Samsung's Invalidity Contentions)
13 |).S. Pub. No. 2007/0160243 to Dijkstra Claim Chart (Exhibit N12 to Samsung's Invalidity Contentions)
14 |J.S. Pub. No. 2008/0130908 to Cchen Claim Chart (Exhibit N13 to Samsung's Invalidity Contentions)
15 |).S. Pub. No. 2001/0046304 to Rast Claim Chart (Exhibit N14 to Samsung's Invalidity Contentions)
16 1) .S. Patent No. 8,270,629 to Bothra Claim Chart (Exhibit N15 to Samsung's Invalidity Contentions)

17 Furopean Patent No. 1 519 625 to Victorian Claim Chart (Exhibit N16 to Samsung's Invalidity Contentions)
18 |).S. Patent No. 8,477,955 to Engle Claim Chart (Exhibit N17 to Samsung's Invalidity Contentions)

19 1).S. Patent No. 6,754,359 to Svean Claim Chart {Exhibit N18 to Samsung's Invalidity Contentions)

20 1).S. Patent No. 5,550,923 to Hotvet Claim Chart (Exhibit N19 to Samsung's Invalidity Contentions)

21 1J.S. Patent No. 5,524,056 to Killion Claim Chart (Exhibit N20 to Samsung's Invalidity Contentions)

22 |J.S. Pub. No. 2007/0092087 to Bothra Claim Chart (Exhibit N21 to Samsung's Invalidity Contentions)
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 90019169

Filing Date 2023-02-24

First Named Inventor | Goldstein et al.

Art Unit | 3992

Examiner Name | Ge, Yuzhen

Attorney Docket Number |3-00051-666EPR

23 1J.S. Patent No. 7,903,825 to Melanson Claim Chart (Exhibit N22 to Samsung's Invalidity Contentions)
24 |).S. Patent No. 5,251,263 to Andrea Claim Chart (Exhibit N23 to Samsung's Invalidity Contentions)
25 WO 93/26085 to Hohman Claim Chart (Exhibit N24 to Samsung'’s Invalidity Contentions)

26 |).S. Patent No. 8,189,803 to Bergeron Claim Chart (Exhibit N25 to Samsung's Invalidity Contentions)
27 1) .S. Patent No. 7,936,885 to Frank Claim Chart (Exhibit N26 to Samsung's Invalidity Contentions)

28 |J).S. Pub. No. 2007/0014423 to Darbut Claim Chart (Exhibit N27 to Samsung's Invalidity Contentions)
29 NACRE QuietPro Claim Chart (Exhibit N28 to Samsung's Invalidity Contentions)

30 Bilynx QuietOps Claim Chart (Exhibit N29 to Samsung's Invalidity Contentions)

31 Aliph's Jawbeone Claim Chart (Exhibit N30 to Samsung's Invalidity Contentions)

32 Bang & Olufsen’s EarSet 2 Claim Chart (Exhibit N31 to Samsung's Invalidity Contentions)

33 Ftymotic ER-6 Claim Chart (Exhibit N32 to Samsung's Invalidity Contentions)
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( Not for submission under 37 CFR 1.99)

Application Number 90019169

Filing Date 2023-02-24

First Named Inventor | Goldstein et al.

Art Unit | 3992

Examiner Name | Ge, Yuzhen

Attorney Docket Number |3-00051-666EPR

34 [Gennum Zen Claim Chart (Exhibit N33 to Samsung's Invalidity Contentions)

35 [Motorola H6G5 Claim Chart {Exhibit N34 to Samsung's Invalidity Contentions)

36 Peltor Lite-Com Il Claim Chart (Exhibit N35 to Samsung's Invalidity Contentions)

37 Plantronics Discovery 655 Claim Chart (Exhibit N36 to Samsung's Invalidity Contentions)

38 Plantronic MX200 Series Claim Chart (Exhibit N37 to Samsung's Invalidity Contentions)

39 Bony S700 Claim Chart {(Exhibit N38 to Samsung's Invalidity Contentions)

40 Motorola H5 Miniblue Claim Chart (Exhibit N39 to Samsung's Invalidity Contentions)

41 Bensaphonics 3D Active Ambient IEM Claim Chart (Exhibit NAQ to Samsung's Invalidity Contentions)
42 |J.S. Pub. No. 2005/0281422 to Armstrong Claim Chart (Exhibit N41 to Samsung's Invalidity Contentions)
43 1J.S. Patent No. 6,424,721 to Hohn Claim Chart {Exhibit N42 to Samsung's Invalidity Contentions)
44 |J.S. Pub. No. 2008/0063228 to Mejia Claim Chart (Exhibit N43 to Samsung's Invalidity Contentions)
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Application Number 90019169
Filing Date 2023-02-24

INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

First Named Inventor | Goldstein et al.
Art Unit | 3992

Examiner Name | Ge, Yuzhen

Attorney Docket Number |3-00051-666EPR

45 |J.S. Patent No. 6,647,368 to Nemirovski Claim Chart {Exhibit N44 to Samsung's Invalidity Contentions)

46 |).S. Pub. No. 2007/0206825 to Thomasson Claim Chart (Exhibit N45 to Samsung's Invalidity Contentions)

47 |J.S. Pub. No. 2009/0087003 to Zurek Claim Chart (Exhibit N46 to Samsung's Invalidity Contentions)

Isolated Word Recognition from In-Ear Microphone Data Using Hidden Markov Models {HMM) Claim Chart {Exhibit

48 N47 to Samsung’s Invalidity Contentions)

49 Pwdiometric Ear Canal Probe with Active Ambient Noise Control Claim Chart (Exhibit N48 to Samsung's Invalidity
[Contentions)

50 A Dual-Mode Human-Machine Interface for Robotic Control Based on Acoustic Sensitivity of the Aural Cavity Claim

Chart (Exhibit N49 to Samsung's Invalidity Contentions)

If you wish to add additional non-patent literature document citation information please click the Add button| Add

EXAMINER SIGNATURE

Examiner Signature Date Considered |

*EXAMINER: Initial if reference considered, whether or not citation is in conformance with MPEP 609. Draw line through a
citation if net in conformance and not considered. Include copy of this form with next communication to applicant.

1 See Kind Codes of USPTO Patent Documents at www.USPTO.GOV or MPEP S01.04. 2 Enter office that issued the document, by the two-letter code (WIPO

Standard ST.3). 3 For Japanese patent documents, the indication of the year of the reign of the Emperor must precede the serial number of the patent document.
4 Kind of document by the appropriate symbols as indicated on the document under WIPO Standard ST.16 if possible. ® Applicant is to place a check mark here if|
English language translation is attached.
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Application Number 90019169

Filing Date 2023-02-24

INFORMATION DISCLOSURE

First Named Inventor | Goldstein et al.

STATEMENT BY APPLICANT

A Art Unit | 3002
( Not for submission under 37 CFR 1.99)

Examiner Name | Ge, Yuzhen

Attorney Docket Number |3-00051-666EPR

CERTIFICATION STATEMENT

Please see 37 CFR 1.97 and 1.98 to make the appropriate selection{s):

That each item of information contained in the information disclosure statement was first cited in any communication
from a foreign patent office in a counterpart foreign application not more than three months prior to the filing of the
information disclosure statement. See 37 CFR 1.97(e){(1).

OR

That no item of information contained in the information disclosure statement was cited in a communication from a
foreign patent office in a counterpart foreign application, and, to the knowledge of the person signing the certification
after making reasonable inquiry, no item of information contained in the information disclosure statement was known to

[ ] any individual designated in 37 CFR 1.56(c) more than three months prior to the filing of the information disclosure
statement. See 37 CFR 1.97(e)(2).

See attached certification statement.
X The fee set forth in 37 CFR 1.17 (p) has been submitted herewith.

A certification statement is not submitted herewith.

SIGNATURE

A signature of the applicant or representative is required in accordance with CFR 1.33, 10.18. Please see CFR 1.4(d) for the
form of the signature.

Signature Macob A. Snodgrass/ Date (YYYY-MM-DD) 2023-09-15

Name/Print Jacob A. Snodgrass Registration Number b6,032

This collection of information is required by 37 CFR 1.97 and 1.98. 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 1 hour 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.
Patent 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: Commissioner for Patents, P.O. Box 1450, Alexandria,
VA 22313-1450.
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Privacy Act Statement

The Privacy Act of 1974 (P.L. 93-579) requires that you be given certain information in connection with your submission of the
attached form related to a patent application or patent. Accordingly, pursuant to the requirements of the Act, please be advised
that: (1) the general authority for the collection of this information is 35 U.S.C. 2(b)(2); (2) furnishing of the information solicited
is voluntary; and (3) the principal purpose for which the information is used by the U.S. Patent and Trademark Office is to
process and/aor examine your submission related to a patent application or patent. If you do not furnish the requested
information, the U.S. Patent and Trademark Office may not be able to process and/or examine your submission, which may
result in termination of proceedings or abandonment of the application or expiration of the patent.

The information provided by you in this form will be subject to the following routine uses:

1.

The information on this form will be treated confidentially to the extent allowed under the Freedom of Information Act
(5 U.S.C. 552) and the Privacy Act (5 U.S.C. 552a). Records from this system of records may be disclosed to the
Department of Justice to determine whether the Freedom of Information Act requires disclosure of these record s.

A record from this system of records may be disclosed, as a routine use, in the course of presenting evidence to a
court, magistrate, or administrative tribunal, including disclosures to opposing counsel in the course of settlement
negotiations.

A record in this system of records may be disclosed, as a routine use, to a Member of Congress submitting a
request involving an individual, to whom the record pertains, when the individual has requested assistance from the
Member with respect to the subject matter of the record.

A record in this system of records may be disclosed, as a routine use, to a contractor of the Agency having need for
the information in order to perform a contract. Recipients of information shall be required to comply with the
requirements of the Privacy Act of 1974, as amended, pursuant to 5 U.5.C. 552a(m).

A record related to an International Application filed under the Patent Cooperation Treaty in this system of records
may he disclosed, as a routine use, to the International Bureau of the World Intellectual Property Organization, pursuant
to the Patent Cooperation Treaty.

A record in this system of records may be disclosed, as a routine use, to another federal agency for purposes of
National Security review (35 U.S.C. 181) and for review pursuant to the Atomic Energy Act (42 U.S.C. 218(c)).

A record from this system of records may be disclosed, as a routine use, to the Administrator, General Services, or
hisfher designee, during an inspection of records conducted by GSA as part of that agency's responsibility to
recommend improvements in records management practices and programs, under authority of 44 U.S.C. 2904 and
2906. Such disclosure shall be made in accordance with the GSA regulations governing inspection of records for this
purpose, and any other relevant (i.e., GSA or Commerce) directive. Such disclosure shall not be used to make
determinations about individuals.

A record from this system of records may be disclosed, as a routine use, to the public after either publication of
the application pursuant to 35 U.S.C. 122(b) or issuance of a patent pursuant to 35 U.S.C. 151. Further, a record
may he disclosed, subject to the limitations of 37 CFR 1.14, as a routine use, to the public if the record was filed in
an application which became abandoned or in which the proceedings were terminated and which application is
referenced by either a published application, an application open to public inspections or an issued patent.

A record from this system of records may be disclosed, as a routine use, to a Federal, State, or local law
enforcement agency, if the USPTO becomes aware of a violation or potential violation of law or regulation.
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11244666
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Filer Authorized By:

Attorney Docket Number: 0027071.00133
Receipt Date: 15-SEP-2023
Filing Date: 24-FEB-2023
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Reexam (Third Party)

Payment information:

Submitted with Payment no
File Listing:
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Transmittal Letter 1 1
Reexam Certificate of Service 2 2
Warnings:
Information:
1318108
) Information Disclosure Statement (IDS) IDS_Form_3.pdf no 3
Form (SB08)
65093f6412ee3930ec0fc29e7e9b1073db5(
8998
Warnings:
Information:

A U.S. Patent Number Citation or a U.S. Publication Number Citation is required in the Information Disclosure Statement (IDS) form for
autoloading of data into USPTO systems. You may remove the form to add the required data in order to correct the Informational Message if
you are citing U.S. References. If you chose not to include U.S. References, the image of the form will be processed and be made available
within the Image File Wrapper (IFW) system. However, no data will be extracted from this form. Any additional data such as Foreign Patent
Documents or Non Patent Literature will be manually reviewed and keyed into USPTO systems.
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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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Control No. 90/019,169
U.S. Patent No. 11,244,666

IN THE UNITED STATES PATENT AND TRADEMARK OFFICE

Control No. 90/019,169

U.S. Patent No. 11,244,666

Reexamination Filing Date February 24, 2023

Inventors Goldstein et al.

Title METHOD AND DEVICE FOR ACUTE SOUND
DETECTION AND REPRODUCTION

Examiner Ge, Yuzhen

Art Unit 3992

Confirmation No. 7859

Submitted via EFS-Web

Mail Stop Ex Parte Reexamination
Attn: Central Reexamination Unit
Commissioner for Patents

P.O. Box 1450

Alexandria, VA 22313-1450

TRANSMITTAL LETTER FOR INFORMATION DISCLOSURE STATEMENT

Patent Owner herewith submits an Information Disclosure Statement (form
PTO/SB/08a).

Patent Owner submits herewith the IDS fee. Should any additional fees be due in
connection with this paper or at any other time during this proceeding, the Commissioner

is authorized to charge such fees to Deposit Account No. 60-3815.

Dated: September 15, 2023 Respectfully submitted,

8/ Jacob A. Snodgrass
Jacob A. Snodgrass
Registration No. 66,032

PV LAW LLP

Customer No. 176134

5335 Wisconsin Avenue, N.W._, Suite 440
Washington, D.C. 20015

T:(202) 371-6861

F: (202) 888-3163
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Control No. 90/019,169
U.S. Patent No. 11,244,666

CERTIFICATE OF SERVICE
Pursuant to 37 C.F.R. § 1.550(f), the undersigned hereby certifies that on September
15, 2023, a copy of this letter as well as the Information Disclosure Statement (form
PTO/SB/08a) and cited non-patent literature documents (on flash drive) were served on Third
Party Requester at the following address.
Ali R. Sharifahmadian
Armnold & Porter Kaye Scholer LLP

601 Massachusetts Ave,, N.W.
Washington, DC 20001

Dated: September 15, 2023 Respectfully submitted,
/s/ Jacob A. Snodgrass

Jacob A. Snodgrass
Registration No. 66,032

PV LAWLLP

Customer No. 176134

5335 Wisconsin Avenue, N.W._, Suite 440
Washington, D.C. 20015

T:(202) 371-6861

F: (202) 888-3163
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US011244666C1

12y EX PARTE REEXAMINATION CERTIFICATE (12425th)

United States Patent
Goldstein et al.

(10) Number: US 11,244,666 C1
45) Certificate Issued: Oct. 12, 2023

(54) METHOD AND DEVICE FOR ACUTE SOUND
DETECTION AND REPRODUCTION

(71) Applicant: Staton Techiya LLC, Delray Beach, FL
Us)

(72) Inventors: Steven Wayne Goldstein, Delray
Beach, FL (US); John Usher, Beer
(GB); Marc Andre Boillot, Plantation,
FL (US)

(73) Assignee: STATON TECHIYA, LLC, Delray
Beach, FL (US)

Reexamination Request:
No. 90/019,169, Feb. 24, 2023
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57 ABSTRACT

Earpieces and methods for acute sound detection and repro-
duction are provided. A method can include measuring an
external ambient sound level (XASL), monitoring a change
in the XASL for detecting an acute sound, estimating a
proximity of the acute sound, and upon detecting the acute
sound and its proximity, reproducing the acute sound within
an ear canal, where the ear canal is at least partially occluded
by an earpiece. Other embodiments are disclosed.
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THE PATENT

AS A RESULT OF REEXAMINATION, IT HAS BEEN
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The patentability of claims 1-11 is confirmed.

E I I S T

Exhibit 1009
Page 2198 of 2198



	part 4.PDF
	176134_90019169_09-15-2023_Foreign Reference
	176134_90019169_09-15-2023_Foreign Reference

	part 5.PDF
	176134_90019169_09-15-2023_Foreign Reference
	176134_90019169_09-15-2023_Foreign Reference
	176134_90019169_09-15-2023_Foreign Reference
	176134_90019169_09-15-2023_Foreign Reference
	176134_90019169_09-15-2023_Foreign Reference
	176134_90019169_09-15-2023_Foreign Reference
	176134_90019169_09-15-2023_Foreign Reference
	176134_90019169_09-15-2023_Foreign Reference
	176134_90019169_09-15-2023_Foreign Reference




