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This transiation IS machine-generated. #t canniol be guaranteed thal it is intelfigible, accurate, complete, rediable or B for speaific purposes. Critical
decisions, such as commercially relevant or financial decisions, should not be based on machine-dransiation outpul,

The video / audic recording / playvback device {101} includes & hulitin sterse microphone {(21a, 240} and an external
microphens connaction terminal (32). A binaural microphone {3} 1o be wormn on the gar of the pholographer (300} is connected io
the exdernal microphone connsction tenminal (32). When the amblent sound is collectsd by the binaural microphone (3}, the
audic signal to be recorded on the recording medium is switchad from ths audio signal from the built-in sterse microphones
{218, 21b) to the binaural audic signal from the binawral microphone {3). The photograpgher {300) wears a binaurad microghons
{3 {31a.311}) in his ear and collects amblent sounds of the photographer (300} ncluding sounds emitted from the subject, The
camera unit (11} caplures 2 subject The binaural audio signal, the gaplured video signal, and the binaural fag signal arg
recorded on the recording medium.

%
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W02006054698A1 VIDEQ/AUDIO RECORDING APPARATUS AND METHOD, AND VIDEO/AUDIO
REPRODUCING APPARATUS AND METHOD

Data originating from sources other than the EPO may not be accurate, complete, or up to date.

The wording below is an initial machine translation of the original publication. To generate a version using the
latest translation technology, go to the original language text and use Patent Translate.

Specification
Video / audio recording apparatus and method, audio / video reproduction apparatus and method Technical field

[0001] TECHNICAL FIELD The present invention relates to a video and audio recording apparatus and method
for recording a video signal obtained by imaging a subject and an audio signal obtained by collecting ambient
sound of a photographer including a sound emitted from a subject, and an image and sound recording apparatus
A video and audio reproducing apparatus and method for reproducing a signal and an audio signal, and more
particularly to a video and audio recording apparatus and method, and a video and audio reproducing apparatus
and method capable of reproducing realistic sound with a captured image .

BACKGROUND ART

[0002] Video / audio recording / reproducing apparatuses (1, so-called video cameras) are widely used to record
the image signal of the subject and the sound signal collected by the photographer's surroundings including the
sound emitted from the subject. This type of video / audio recording / reproducing apparatus has a stereo mic for
recording sounds in a stereo manner. In recent years, the video / audio recording / reproducing apparatus has
been further miniaturized, and there is a problem that it is difficult to record a realistic sound in a stereo
microphone mounted on a compact video / audio recording / reproducing apparatus. Therefore, there is a
demand for a video / audio recording / reproducing apparatus capable of recording a more realistic sound.

[0003] In International Publication No. 96Z10884 pamphlet records the binaural collected sound field of the
sound field around the photographer together with the image signal of the object picked up by disposing the ear
structure on both sides of the main body of the video and audio recording and reproducing apparatus Audio /
video recording / reproducing apparatus capable of recording / reproducing video / audio data.

[0004] In the video / audio recording / reproducing apparatus in which the binaural microphone disclosed in the
above-mentioned document is attached, the lateral width of the main unit of the apparatus, that is, the distance
between the left and right microphones is not equal to that of the human head, I can not record sensible sounds.
In recent years, the main body of video / audio recording / reproducing apparatus which has been
commercialized has been miniaturized in accordance with the advancement of high density recording
technology, digital signal recording technology and video compression processing technology so that video /
audio recording / reproducing Even if a microphone intended for binaural sound collection is mounted on the
main body of the apparatus, the effect expected can not be obtained. Further, since the shape of the apparatus is
largely different from the human head, it is considered difficult to obtain the effect disclosed in the above
document.

Disclosure of invention

[0005] SUMMARY OF THE INVENTION The present invention has been made in view of the above
problems, and it is an object of the present invention to provide a video and audio recording apparatus and
method capable of reproducing realistic voices with images captured irrespective of the size and shape of the
apparatus main body, It is an object of the present invention to provide a video and audio reproducing apparatus
and method

[0006] A video and audio recording apparatus and method capable of reproducing a more realistic sound in
conjunction with zooming-up of a subject when zooming up the subject, and a video and audio reproducing
apparatus and method It is aimed to provide.

[0007] Furthermore, even in the case where an arbitrary photographer shoots and watches an arbitrary viewer, as
in the case where the viewer who views the reproduction signal and the photographer who captured the binaural
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sound are different from each other, It is an object of the present invention to provide a video and audio
reproducing apparatus and method capable of listening to a sensitive voice.

[0008] In order to solve the problem of the above-described conventional technique, the present invention
provides an image recording apparatus for recording an image signal obtained by imaging a subject and an audio
signal obtained by collecting ambient sound of a photographer including a sound emitted from the subject A
voice recording apparatus comprising: a camera unit for picking up an image of the object; and a microphone
for picking up the ambient sound, the microphone other than a power binaural microphone using a binaural
microphone mounted on the ear of the photographer is switched A switching unit, a video processing unit for
processing the video signal outputted from the force melting unit, an audio processing unit for processing a
sound signal outputted from a microphone for collecting the ambient sound, And when switching to the binaural
microphone as the ambient sound, the sound mode for collecting the ambient sound is set as a binaural mode, A
flag information generating section for generating a binaural flag signal indicating binaural mode, a flag
information generating section for generating a binaural flag signal indicating binaural mode, a flag information
generating section for generating a binaural flag signal indicating binaural mode, And a recording unit for
recording the video and audio data on the recording medium.

[0009] According to the present invention, it is possible to reproduce a sound with realistic sensation together
with a captured image irrespective of the size and shape of the apparatus main body. In addition, when
photographing by zooming up the subject, it is possible to reproduce sound with more realistic interlocking with
the zoom-up of the subject. Furthermore, even in the case where an arbitrary photographer shoots and watches
an arbitrary viewer, as in the case where the viewer viewing the reproduction signal and the photographer who
captures the binaural are different from each other, there is almost no sense of incompatibility I can listen to a
sound with a sense

In this configuration, as the built-in microphone built in the video and audio recording apparatus, an external
microphone connection terminal, and an external microphone connected to the external microphone connection
terminal, a microphone other than the binaural microphone power binaural microphone , A connection detection
section for detecting whether or not an external microphone is connected to the external microphone connection
terminal, and a connection detection section for outputting, as an audio signal to be supplied to the audio
processing section, A switch for switching between an audio signal output from said external microphone and an
audio signal output from said external microphone, and said external microphone is set as a binaural microphone
by said setting unit, and an external microphone is connected to said external microphone connection terminal
by said connection detection unit And a control unit for setting the andio mode to the binaural mode when it is
detected that it is connected Wherein the control unit performs switching control of the switch so that the switch
supplies the audio signal output from the external microphone to the audio processing unit when the andio mode
is the binaural mode, It is preferable that the generation unit controls the flag information generation unit to
generate the binaural flag signal.

[0010] The display control unit includes a display unit for displaying the video signal output from the camera
unit, and a display control unit for displaying a binaural mark indicating that the binaural mode is displayed on
the display unit when the audio mode is the binaural mode .

[0011] Furthermore, the camera section has a zoom function of enlarging and capturing the subject, and includes
a sound zoom processing section that amplifies the sound signal collected by the binalolic microphone
according to the enlargement ratio in the camera section It is preferable.

[0012] Furthermore, the camera unit has a zoom function for enlarging and capturing the object, and the sound
source of the sound signal collected by the binaural microphone is virtually brought close to the listener to form
a virtual sound source A transfer function memory for storing a head related transfer function of the head sound
source in association with a plurality of distances between the virtual sound source and the listener and a
plurality of head related transfer functions stored in the transfer function memory, A convolution arithmetic unit
for convoluting the head related transfer functions acquired by the function acquiring unit with respect to the
sound signals collected by the binaural microphone, And a sound voice zoom processing unit having a sound
processing unit.

[0013] In order to solve the problem of the above-described conventional technique, the present invention
provides an image recording apparatus for recording an image signal obtained by imaging a subject and an audio
signal obtained by collecting ambient sound of a photographer including a sound emitted from the subject An
audio recording method comprising: an image capturing step of capturing an image of the object; and switching
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whether to use a microphone other than a power binaural microphone that uses a binaural microphone to be
worn by the photographer's ear as a microphone that collects the ambient sound A video processing step of
processing a video signal obtained by imaging the subject; an audio processing step of processing an audio
signal outputted from a microphone that collects the ambient sound; When switching to the binaural microphone
as a microphone for collecting the ambient sound, A flag information generating step of generating a binaural
flag signal indicating that the binaural mode is set as a binary mode as a binary mode; And a recording step of
recording the image signal and the noisy ralph lag signal on a recording medium.

[0014] In order to solve the problem of the above-described conventional technique, the present invention is
characterized in that a video signal obtained by imaging a subject and an audio signal obtained by collecting
ambient sound of the photographer including the sound emitted from the subject force are recorded A
reproducing unit for reproducing a recording signal recorded on the recording medium by a video / audio
reproducing device for reproducing a recording medium; and a recording unit for reproducing the recording
signal reproduced by the reproducing unit on the basis of the video signal and the audio signal A video
processing unit for processing the video signal separated by the separating unit, an audio processing unit for
processing the audio signal separated by the separating unit, When a binaural flag signal indicating that a
binaural microphone to be worn by the photographer's ear is used as the microphone for collecting the ambient
sound is recorded on the recording medium, the binaural flag A flag information acquiring unit that acquires a
lag signal from the speaker, a crosstalk signal that is generated when the flag information acquiring unit acquires
the binaural flag signal, when the sound signal processed by the audio processing unit is sounded by a speaker
And a crosstalk canceller for processing the audio signal so as to cancel the speech signal, wherein the crosstalk
canceller has a filter convolving filter characteristics obtained in advance with respect to the speech signal,
Wherein the filter characteristic is a filter characteristic based on a head related transfer function measured using
a sound signal collected by a pair of microphones mounted on the structure.

[0015] A video and audio reproduction method for reproducing a recording medium on which a video signal
obtained by imaging a subject and an audio signal obtained by collecting ambient sound of a photographer
including a sound emitted from the subject are recorded, A separating step of separating the video signal and the
audio signal from the recording signal reproduced in the reproducing step; a separating step of separating the
video signal and the audio signal from the recording signal reproduced in the reproducing step; An audio
processing step of processing the audio signal separated by the separating step; an audio processing step of
processing the audio signal separated by the separating step as a microphone for collecting the ambient sound on
the recording medium; When a binaural flag signal indicating that a binaural microphone to be mounted on the
camera is used is recorded, the binaural flag signal is taken A flag information acquisition step of acquiring a
binaural flag signal at the flag information acquisition step, canceling a crosstalk signal generated when the
sound signal processed by the audio processing step is sounded by a speaker And a crosstalk cancellation step of
processing the audio signal so as to process the audio signal, wherein the crosstalk cancellation step is a step of
convolving a filter characteristic obtained in advance with respect to the audio signal, Characterized in that the
filter characteristic is a filter characteristic based on a head related transfer function measured by using a sound
signal collected by a pair of microphones mounted on a type structure.

Brief Description of the Drawings

[0016] FIG. 1 is an external perspective view showing a video / audio recording / reproducing apparatus
according to a first embodiment of the present invention.

FIG. 2 is a diagram showing a state in which a subject is photographed using the video / audio recording /
reproducing apparatus according to the first embodiment of the present invention.

FIG. 3 is a block diagram showing an internal configuration example of a video / audio recording / reproducing
apparatus according to a first embodiment of the present invention.

FIG. 4 is a diagram showing a display screen for performing initial setting of audio mode in the video / audio
recording / reproducing apparatus according to each embodiment of the present invention.

FIG. 5 is a diagram showing a display example of a binaural rakemake in the video / audio recording /
reproducing apparatus according to each embodiment of the present invention.

FIG. 6 is a diagram showing a modified example of the binaural rakemake used in the video / audio recording /
reproducing apparatus according to each embodiment of the present invention.
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FIG. 7 is a diagram showing a modified example of binaural rakemake used in the video / audio recording /
reproducing apparatus according to each embodiment of the present invention.

[FIG. 8] FIG. 8 is a diagram showing a modified example of a binaural mike used in the video / audio recording
/ reproducing apparatus according to each embodiment of the present invention.

FIG. 9 is a diagram showing an example of a description format of a binaural Ralph Lag signal in the video /
audio recording / reproducing apparatus according to each embodiment of the present invention.

[FIG. 10] FIG. 10 is a diagram showing another example of the description format of the binauraflag signal in
the video / audio recording / reproducing apparatus according to each embodiment of the present invention.

[FIG. 11] FIG. 11 is a diagram showing still another example of the description format of the binauraflag lag
signal in the video / audio recording / reproducing apparatus according to each embodiment of the present
invention.

FIG. 12 is a flowchart for explaining a recording operation in the video / audio recording / reproducing
apparatus according to the first embodiment of the present invention.

FIG. 13 is a flowchart for explaining a playback operation in the video / audio recording / playback apparatus
according to the first embodiment of the present invention.

[FIG. 14] FIG. 14 is a block diagram showing a configuration example of a crosstalk canceler used in the video /
audio recording / reproducing apparatus according to each embodiment of the present invention.

[FIG. 15] FIG. 15 is a diagram showing a head related transfer function measuring device for obtaining a head
related transfer function characteristic used in a crosstalk canceler used in the video / audio recording /
reproducing apparatus according to each embodiment of the present invention.

FIG. 16 is a view showing a cylindrical structure to which a microphone unit used in the head related transfer
function measuring apparatus shown in FIG. 15 is attached and a dummy head microphone for comparison. 17]
FIG. 17 is a waveform diagram showing an impulse response waveform measured by the head related transfer
function measuring apparatus shown in FIG. 15.

(18) FIG. 18 is a waveform diagram showing frequency characteristics measured by the head related transfer
function measuring apparatus shown in FIG.

FIG. 19 is a waveform diagram showing an impulse response waveform measured using a dummy head
microphone.

FIG. 20 is a waveform diagram showing frequency characteristics measured using a dummy head microphone
FIG. 21 is a diagram for explaining a crosstalk cancellation characteristic based on a filter characteristic based
on a head related transfer function measured using a cylindrical structure having a microphone unit attached

thereto.

FIG. 22 is a diagram for explaining crosstalk canceling characteristics by filter characteristics based on head
related transfer functions measured using a dummy head microphone.

FIG. 23 is a diagram for explaining crosstalk canceling characteristics by filter characteristics based on a head
related transfer function measured using a cylindrical structure having a microphone unit attached thereto.

[FIG. 24] FIG. 24 is a diagram for explaining crosstalk cancellation characteristics by filter characteristics based
on head related transfer functions measured using a dummy head microphone.

FIG. 25 is a block diagram showing another configuration example of a crosstalk canceler used in the video /
audio recording / reproducing apparatus according to each embodiment of the present invention.
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[FIG. 26] FIG. 26 is a block diagram showing still another configuration example of the crosstalk canceler used
in the video / audio recording / reproducing apparatus according to each embodiment of the present invention.

FIG. 27 is a flowchart showing a playback operation on a headphone in the video / audio recording /
reproducing apparatus according to each embodiment of the present invention.

FIG. 28 is a block diagram showing an internal configuration example of a video / audio recording / reproducing
apparatus according to a second embodiment of the present invention.

FIG. 29 is a block diagram showing a configuration example of a voice zoom processing unit in the video /
audio recording / reproducing apparatus according to the second embodiment of the present invention. [FIG. 30]
FIG. 30 is a flowchart for explaining the operation in the case of performing the voice zoom processing in the
video / audio recording / reproducing apparatus according to the second embodiment of the present invention.

[FIG. 31] FIG. 31 is a block diagram showing another configuration example of a voice zoom processing unit in
the video / audio recording / reproducing apparatus according to the second embodiment of the present
invention.

32 is a diagram showing a head related transfer function measuring device for finding a head related transfer
function used in another configuration example of the andio zoom processing unit in FIG. 31.

FIG. 33 is a cross-sectional view showing a dummy head microphone used in the head related transfer function
measuring apparatus of FIG. 32.

[FIG. 34] FIG. 34 is a diagram showing the characteristics of a head related transfer function obtained by
measuring with the head-related transfer function measuring apparatus of FI1G. 32.

FIG. 35 is a diagram showing characteristics of a head related transfer function obtained by measuring with the
head-related transfer function measuring apparatus of FIG. 32.

36 is a diagram showing the characteristics of the head-related transfer function obtained by measuring with the
head-related transfer function measuring apparatus of FIG. 32. FIG.

37 is a diagram showing characteristics of a head-related transfer function obtained by measuring with the head-
related transfer function measuring apparatus of FIG. 32. FIG.

38 is a diagram showing characteristics of a head related transfer function obtained by measuring with the head
related transfer function measuring apparatus of FIG. 32.

39 is a diagram showing the characteristics of the head-related transfer function obtained by measuring with the
head-related transfer function measuring apparatus of FIG. 32. FIG.

FIG. 40 is a block diagram showing the operation of the audio-video recording / reproducing apparatus
according to the second embodiment of the present invention in the case of performing audio zoom processing
using another configuration example of the audio zoom processing section shown in FIG. 31 7 is a flow chart
for explaining.

[FIG. 41] FIG. 41 is a block diagram showing an internal configuration example of a video / audio recording /
reproducing apparatus according to a third embodiment of the present invention.

FIG. 42 is a block diagram showing a configuration example of a voice zoom processing unit in the video /
audio recording / reproducing apparatus according to the third embodiment of the present invention.

FIG. 43 is a block diagram showing another configuration example of a voice zoom processing unit in the video
/ audio recording / reproducing apparatus according to the third embodiment of the present invention.

FIG. 44 is a block diagram showing an internal configuration example of the video / audio recording /
reproducing apparatus according to the fourth embodiment of the present invention.
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FIG. 45 is a block diagram showing a configuration example of a voice zoom processing unit in the video /
audio recording / reproducing apparatus according to the fourth embodiment of the present invention.

FIG. 46 is a flowchart for explaining the audio sound zoom process in the video / audio recording / reproducing
apparatus according to the fourth embodiment of the present invention.

FIG. 47 is a block diagram showing an internal configuration example of a video / audio recording / reproducing
apparatus according to a fifth embodiment of the present invention.

[FIG. 48] FIG. 48 is a block diagram showing a configuration example of a voice zoom processing unit in the
video / audio recording / reproducing apparatus according to the fifth embodiment of the present invention.

49 is an external perspective view showing a video / audio recording / reproducing apparatus according to a
sixth embodiment of the present invention. FIG.

FIG. 50 is a block diagram showing an internal configuration example of a video / audio recording / reproducing
apparatus according to a sixth embodiment of the present invention.

51 is a plan view showing an example of the structure of a cord housing section in a video / audio recording /
reproducing apparatus according to a sixth embodiment of the present invention. FIG.

FIG. 52 is an external perspective view showing a video / andio recording / reproducing apparatus according to
a seventh embodiment of the present invention.

FIG. 53 is a block diagram showing an internal configuration example of the video / audio recording /
reproducing apparatus according to the seventh embodiment of the present invention.

[FIG. 54] FIG. 54 is a block diagram showing a specific configuration example of a wireless binaural
microphone and a radio transmission / reception unit in the video / audio recording / reproducing apparatus
according to the seventh embodiment of the present invention.

FIG. 55 is a diagram for explaining a warning when the wireless binaural microphone crosses the communicable
area in the video / audio recording / reproducing apparatus according to the seventh embodiment of the present
invention.

56 is a view showing an example of a warning mark displayed on the display unit when the wireless binaural
microphone exceeds the communicable area in the video / audio recording / reproducing apparatus according to
the seventh embodiment of the present invention .

57 is a flowchart for explaining the operation of the video / audio recording / reproducing apparatus according to
the seventh embodiment of the present invention.

BEST MODE FOR CARRYING OUT THE INVENTION

[0017] DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS Hereinafter, embodiments of the
video and audio recording apparatus and method, the video and audio reproducing apparatus and method of the
present invention will be described with reference to the drawings.

[0018] {{ First embodiment })

FIG. 1 is a perspective view showing an external configuration example of the video / audio recording /
reproducing apparatus 101 according to the first embodiment.

[0019] The video / audio recording / reproducing apparatus 101 shown in FIG. 1 includes a camera section 11, a
display section 17, internal stereo microphones 21 a and 21 b, and an external microphone connection terminal
32. An earphone type binaural microphone 3 having right and left microphones 31a and 31b of
omnidirectionality is detachably connected to the external microphone connection terminal 32. [ Here, a state
where the binaural microphone 3 is connected to the external microphone connection terminal 32 is illustrated.
The microphones 31a and 31b have diaphragms therein. As will be described in detail later, the video / audio
recording / reproducing apparatus 101 selectively performs photography (sound recording) using the built-in
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stereo microphones 21 a and 21 b and photography (binaural recording) using the binaural microphone 3 . Note
that shooting means not only capturing an image of a subject but also capturing the image of the subject and
collecting the ambient sound of the photographer including the sound emitted from the subject May occur.

[0020] FIG. 2 shows a state where the photographer 300 shoots a subject (not shown) using the video / audio
recording / reproducing apparatus 101. When taking a subject while collecting sound using the binaural
microphone 3, as shown in FIG. 2, the photographer 300 attaches left and right microphones 31 a and 31 b to the
left and right ears 302. As a result, the ambient sound of the photographer 300 including the sound emitted from
the subject with the binaural acoustic characteristics given by the positional relationship between the head 30 of
the photographer 300 and the microphones 3 1a and 3 1b is collected. While viewing the monitor image of the
object displayed on the display unit 17, the photographer 300 photographs the subject with the camera unit 11
and collects the surrounding sound with the binaural microphone 3. As will be described in detail later, the
video signal picked up by the camera section 11 and the audio signal picked up by the binaural microphone 3
are recorded on a recording medium, not shown here. Also, as will be described in detail later, the video signal
recorded on the recording medium is reproduced together with a voice having a realistic feeling as if the viewer
is viewing in the same shooting environment as the photographer 300.

[0021] FIG. 3 is a block diagram showing a concrete internal configuration example of the video / audio
recording / reproducing apparatus 101.

[0022] The video / audio recording / reproducing apparatus 101 includes a camera unit 11, a video encoding unit
12, a multiplexing unit 13, a recording / reproducing unit 14, a demultiplexing unit 15, a video decoding unit 16,
a display unit 17, a built-in stereo microphone 21 An audio decoding unit 26, a crosstalk canceller 27, an
external microphone connection terminal 32, a flag information acquisition unit 36, a video output terminal 37a,
an audio output terminal 37b, a connection A detection unit 41, a flag information generation unit 42, a
recording medium 44, a control unit 47, an operation unit 48, and switches Sw 1, Sw 2, Sw 3. The recording
medium 44 may be a removable recording medium such as a disc-like recording medium or a tape cassette, and
may be a recording medium such as a hard disc that is mounted in the video / audio recording / reproducing
apparatus 101 in advance and is V Even if it is there! /..

[0023] A monitor 52 such as a television receiver is connected to the video output terminal 37 a. Speakers 53
and 54 are connected to the audio output terminal 37 b via an amplifier 51. The sound produced by the speakers
53 and 54 is listened to by the viewer 59. In FIG. 3, for the sake of convenience, for the sake of convenience, it
is shown that the photographer 300 and the viewer 59 are illustrated simultaneously. Normally, photographing
by the photographer 300 and watching of the reproduced image / sound by the viewer 59 are separately
performed Yes.

[0024] (Recording Operation)
The recording operation in the video / audio recording / reproducing apparatus 101 will be described.

[0025] First, when the photographer 300 performs an operation to display the initial setting image (window) of
the sound mode by the operation unit 48, the control unit 47 displays the initial setting image 170 as shown in
FIG. 4 on the display unit 17 as an example . Both the binaural microphone 3 as described in FIGS. 1 and 2 and
a normal external microphone can be connected to the external microphone connection terminal 32 as an
external microphone. When the photographer 300 collects sounds using the noisel microphone 3 by a
predetermined operation by the operation unit 48, it selects "binaural" as shown in FIG. 4, and collects sounds
using a normal external microphone Select "Normal" if you want. The control unit 47 serves as a setting unit for
setting as an external microphone connected to the external microphone connection terminal 32 whether to use a
microphone other than the innovative microphone 3 or the binaural microphone. When "binaural” is selected as
the external microphone input and the connection detecting section 41 detects that the plug of the external
microphone is inserted in the external microphone connecting terminal 32, the control section 47 controls the
video / audio recording / reproducing apparatus 101 controls each part of the circuit so as to perform a recording
operation corresponding to photographing using the binaural microphone 3. The sound mode in which the
binaural microphone 3 is used to sound ambient sounds and the collected sound signals are recorded is referred
to as binaural mode. The ambient sound is collected using the built-in stereo microphone 21 or an ordinary
external microphone, and the sound mode in which the collected sound signal is recorded is set to the normal
mode.
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[0026] If the plug of the binaural microphone 3 is formed exclusively for the binaural microphone 3 different
from the usual external microphone and the external microphone connection terminal 32 is used as a connection
terminal dedicated to the binaural microphone 3, the initial setting of the above-mentioned sound mode can be
omitted can do.

[0027] Specifically, in FIG. 3, when detecting that the external microphone is connected to the external
microphone connection terminal 32, the connection detection unit 41 supplies a detection signal to the control
unit 47. When a detection signal indicating that an external microphone is connected is input while the external
microphone is set to "binaural"”, the control unit 47 switches the switch Swl to a terminal a for inputting a sound
signal from the built-in stereo microphone 21 To the terminal b for inputting the audio signal from the binaural
microphone 3. As a result, the audio signal from the binaural microphone 3 is supplied to the audio coding
section 22. The switch Swl serves as a switching unit for switching whether to use a microphone other than a
force binaural microphone that uses a no noise mic to be attached to the ear 30 2 of the photographer 300 as a
microphone for collecting ambient sounds.

[0028] In addition, the control unit 47 controls to generate and output flag information (binaural flag signal)
indicating that the flag information generation unit 42 is in binaural mode. The binaural flag signal is input to
the multiplexing unit 13.

[0029] When the binaural mode is set in this manner, the control unit 47 preferably displays a mark indicating
that the binaural mode is set on the display unit 17. An example of the mark is shown in FIG. A mark 171
shown in FIG. 5A is a mark schematically showing the photographer 300 using the binaural microphone 3, and
a mark 172 shown in FIG. 5B schematically shows a sphygmomanic reproduction of binaural sound It is a mark
shown. As the mark indicating the binaural mode, any of the marks in FIGS. 5A and 5B may be used, but other
marks may be used. If these marks are displayed on the display section 17 after being superimposed on the
image photographed by the camera section 11 after the above-described initial setting or when the binaural
microphone 3 is connected to the external microphone connection terminal 32 Yo With such a mark display, the
photographer 300 can confirm whether the audio mode is the force set to the binaural mode when using the
binaural microphone 3. When the audio mode is the binaural mode, the control unit 47 is a display control unit
for displaying a binaural mark (marks 171, 172) indicating that it is in the binaural mode on the display unit 17.

[0030] The viewer 300 wearing the left and right microphones 3 la, 3 1b of the binaural microphone 3 on the left
and right ears 302 images the subject with the camera unit 11. The video signal output from the camera unit 11
is input to the video encoding unit (video processing unit) 12 and the terminal g of the switch Sw 3. When
photographing (recording) is being performed by the video / audio recording / reproducing apparatus 101, the
switch Sw 3 is switched to the terminal g, the video signal from the camera section 11 is supplied to the display
section 17, An image is displayed. At the same time, due to the positional relationship between the head 30 of
the photographer 300 and the microphones 3 1a, 3 1b, the microphone 31a, 31 obtains a sound signal with a noisy
sound whose subject is in the median plane direction. This audio signal is input to the audio coding section
(audio processing section) 22 via the switch Swl.

[0031] In the case where the recording medium 44 is a DV cassette, the video encoding section 12 AZD
converts the input video signal and encodes it according to the DV compression method to generate an encoded
video signal. The audio coding section 22 AZD converts the input audio signal and rearranges the data positions
of the uncompressed audio signal by shuffling to generate a coded audio signal.

[0032] The multiplexing unit 13 time division multiplexes the input coded image signal, the coded voice signal,
and the binaural flag signal according to the signal format defined by the consumer digital VCR specification to
generate a multiplexed signal . The multiplexed signal output from the multiplexing unit 13 is input to the
recording / reproducing unit 14. The recording / reproducing unit 14 records the input multiplexed signal on the
recording medium 44 in accordance with the recording format defined by the consumer digital VCR
specification. The specific recording method of the Binotto-Ralf-Lag signal will be described in detail later.
[0033] Here, a modified example of the binaural microphone 3 will be described.

[0034] (Modified Example of Binaural Microphone 3)

FIG. 6 (A) shows a microphone 31 ¢ as a first modification of the microphones 31 a and 31 b, and FIG. 6 (B)

shows a microphone 31 d as a second modification of the microphones 31 a and 31 b. A microphone 31 ¢ shown
in FIG. 6 (A) is provided to be connected to an upper part of the microphone holding part 312 and a microphone
holding part 312 to be inserted into the ear 302 of the photographer 300, and houses a microphone unit such as a
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diaphragm And a microphone housing part 311 for making it! By making the binaural microphone 3 a
microphone 31 ¢ structured to be separated into the microphone storage part 311 and the microphone holding
part 312, even if the photographer 300 mounts the binaural microphone 3, it is possible to listen to the sound
arriving from the outside satisfactorily it can. The microphone 31 d shown in FIG. 6 (B) is provided with a
microphone storage part 311 connected to the lower part of the microphone holding part 312. Even microphone
3 Id has the same effect as microphone 31 c.

[0035] FIG. 7 is a perspective view showing a specific configuration example of the microphone holding unit
312. Here, the microphone 31 ¢ of FIG. 6 (A) in which the microphone housing portion 311 is provided on the
top of the microphone holding portion 312 is shown. The microphone holding portion 312 shown in FIG. 7 (A)
has a holding portion main body 312 a formed with a tapered sound passage hole 313 a whose diameter
decreases toward the inside of the ear 302. The microphone holding portion 312 shown in FIG. 7 (B) is formed
by forming the holding portion main body 312 a circular columnar sound hole 313 b. The holder main body
312a of FIG. 7 (A) is easy to insert into the ear 302 of the photographer 300, and the holding part main body
312b of FIG. 7 (B) has the feature that the attenuation of external sound when worn is small.

[0036] FIG. 8 shows an example in which the external shape of the microphone holding part 312 of the
microphone 31 ¢ in FIG. 6 (A) is made different. 8 A shows a microphone holding portion 312 having a large
outer shape, FIG. 8B shows a microphone holding portion 312 having an outer shape, and FIG. 8C shows a
microphone holding portion 312 having a small outer shape. In this way, if a plurality of sizes are prepared as
the microphone holding unit 312, the photographer 300 can select one matching the size of his ear 302. 8A to
8C, the shape and size of the microphone housing portion 311 (microphone unit) are the same, and the
sensitivity and response frequency characteristics of the microphone unit are also the same.

[0037] (Recording of binaural flag signal)

In order to distinguish between the binaural sound collected by the photographer 300 wearing the binaural
microphone 3 and the stereo sound collected by the built-in stereo microphone 21, binaural sound and a binaural
sound signal are recorded on the recording medium 44 at the time of binaural sound collection Record. The
binno-lull-lag signal is generated by the flag information generating unit 42.

[0038] First, a specific recording method of the binaural flag signal when the recording medium 44 is a DV
cassette will be described.

[0039] FIG. 9 shows a data format for recording audio data in the DV cassette.

0When recording audio data of ~ 89 bytes, the Oth and 1st bytes are synchronous codes, the 2nd to 4th by ID
(identification) code, the 5th to 9th bytes are audio auxiliary data (AUX) 10 to 81 record audio data, and 82 to
89 record inner code parity data for error data detection and correction. For example, the flag information
generating unit 42 outputs | as a binaural flag signal in binaural mode, and outputs 0 as long as it is not in
binaural mode (in normal mode). The multiplexing unit 13 generates the data format signal shown in FIG.

[0040] Next, a specific recording method of the binaural flag signal in the case where the recording medium 44
is a disk for recording will be described. As a disk for recording, there are a disk for recording and reproducing
using red laser light such as DVD-RAM, DVD-RW, DVD-R and a blue laser light such as Blu-ray Disc and
HD-DVD There is a disk to record and reproduce. Here we will explain the case of superimposing the
binauraflag lag signal using the DVD video standard that can be applied to these recording discs in general.

[0041] As a first method of superimposing the Noino-Ralph lag signal using the DVD video standard, a method
of superimposing a binaural flag signal on a DVD-Video zone in the DVD video standard can be considered.

[0042] As shown in Fig. 10, the Volume space of the DVD standard is powerful with Volume and Film
structure, DVD - Video zone and DVD others zone. The DVD-Video zone includes V MG (Video Manager)
and VTS (Video Title Set) # 1 to DVTS # n. n is a predetermined integer of 2 or more. Each VTS includes
control data (Control Data) and VOBS (Video Object Set). The VOBS includes a plurality of VOBs (Video
Objects). The VOBS includes a plurality of CELLs. CELL includes a plurality of VOBU (Video Object Unit).
VOBU includes navigation pack (NV_PACK), audio pack (A PACK), video pack (V_PAC K). In the present
embodiment, a data pack (D_PACK) including a binaural flag signal is provided in the VOBU.
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[0043] The data pack (D _PACK) includes pack header, packet header, substream ID, audio frame information,
audio data information, and noino ralph lag signal. Noino Ralph Lag signal will also be multiple audio frame
layer power.

[0044] In this manner, information including a binaural flag signal in a format conforming to the DVD video

standard is packed as a data pack (D_PACK) and MPEG multiplexed. This makes it possible to know which

audio frame portion of the audio signal is a binalaural audio signal and which audio frame portion is a normal
stereo sound while maintaining compatibility with the DVD video standard. Therefore, it is possible to easily
determine in which audio frame portion the crosstalk cancellation process should be performed.

[0045] As a second method of superimposing the Noino-Ralph lag signal using the DVD video standard, a
method of superimposing a binaural flag signal on DVD other zone in the DVD video standard can be
considered. The DVD other zone is an area for recording auxiliary data related to data of the main body of video
and audio, and it is also a user data recording area.

[0046] In the present embodiment, the data structure of the DVD other zone which is the user data recording
area is structured similar to the data structure of the DVD-Video zone so as to be apportioned by comparing
FIG. 10 with FIG. 11. As shown in FIG. 11, the DVD other zone also includes VMG, VTS, VOBS, VOB,
CELL, and VOBU. In order to distinguish these pieces of information in the DVD other zone shown in FIG. 11
from that of FIG. 10, the name given with D is added to the head.

[0047] As shown in FIG. 11, the DVD other zone includes DVMG and DVTS # 1 to DVTS # n.

Each DVTS includes DVTSI (Video Title Set Information) and DVOBS. The DV OBS includes a plurality of
DVOBs. DVOBS contains multiple DCELLs. DCELL includes a plurality of DVOBUSs. The DVOBU includes
a plurality of audio frame layers. The audio frame layer is an area for recording audio frame data such as coding
parameters of audio signals, and a part of this audio frame layer is set as the recording area of the binaural flag
signal.

[0048] By describing the binaural flag signal in the DVD other zone in the format conforming to the DVD video
standard as described above, audio signals (binaural audio signal or normal stereo sound) included in the DVD-
Video zone and binaural flag signal Are associated with each other. It is possible to know which audio frame
portion of the audio signal is a binaural sound signal and which audio frame portion is a normal stereo sound
while maintaining compatibility with the DVD video standard. Therefore, it is possible to easily determine in
which audio frame portion the crosstalk cancellation process should be performed.

[0049] In the cases of FIGS. 10 and 11, for example, an audio signal picked up while photographing is started
by operating the start button and the stop button is operated to end shooting is set as one or a plurality of audio
frame layers, Add audio mode information to each audio frame layer. Then, the binaural flag signal is described
in the voice mode information and managed as a binaural information packet. By managing the Noino Ralph lag
signal as a binaural information packet, it is possible to easily acquire voice mode information for each audio
frame. Thus, even when the binaural audio signal and the normal stereo audio signal are mixedly recorded at the
time of reproducing the recording medium 44, the crosstalk canceller 27 Can be switched appropriately.
Recording of the audio mode information is required to be performed at least for each operation of starting
photographing, and it is more preferable to record at every predetermined time.

[0050] Also, even in the case of using, for example, a semiconductor memory as the recording medium 44, by
defining the recording area of the binaural flag signal and specifying the sound mode of the sound signal to be
recorded in the same manner as described above, it is possible to record binaural It is possible to identify the
audio signal and reproduce the audio signal while appropriately switching the operation / non-operation of the
crosstalk canceler 27.

[0051] It is also conceivable to describe the binaural flag signal in the user data of the multiplexing layer of the
encoding method such as MPEG. As an example, it is assumed that a cellular phone having a communication
function of video and audio is used, and a case where a video signal photographed together with a voice signal
collected by the binaural microphone 3 from a cellular phone on the transmitting side is transmitted to the
mobile phone on the receiving side . Even in such a case, the binaural flag signal can be transmitted from the
transmitting-side cellular phone to the receiving-side cellular phone. By transmitting the binaural flag signal to
the audio signal and transmitting it, it becomes possible to reproduce a sound with realism in the case of
binaural sound. In this case, a binaural flag signal is described in a predetermined portion of the video and audio
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packet data to be transmitted by the cellular phone and transmitted as packet data. For example, when using the
transmission method specified by MPEG-4, it is possible to transmit a no-no-ruff-lag signal as shown in FIG. 9
in the user data recording area of the elementary stream. When a transport stream specified by the MPEG -4
standard is used, a binaural flag signal can be described in a private data area (private data_type).

[0052] Also, when transmitting video data and audio data as fileed data in the form of attached files, binaural
flag signals are written in the file header portion.

[0053] The recording operation in the video / audio recording / reproducing apparatus 101 will be described
further using the flow chart shown in FIG.

[0054] First, in step S151, the control unit 47 determines whether the external microphone connected to the
initial setting force external microphone connection terminal 32 described in FIG. 4 is set in the binaural
microphone 3 or not. If it is determined in step S 151 that the initial setting is binaural (YES), the process
proceeds to step S 152. If it is not determined that the binaural setting is made (NO), the control unit 47 switches
the switch Swl to the terminal a. In step S154, the video / audio recording / reproducing apparatus 101 transmits
the audio signal from the built-in stereo microphone 21 get. In step S152, the control unit 47 determines whether
or not the connection detecting unit 41 is detecting the insertion of the plug of the external microphone into the
external microphone connecting terminal 32. [ In step S 152, if it is determined that an external microphone is
connected to the external microphone connection terminal 32 (YES), the control unit 47 switches the switch Swl
to the terminal b, and in step S153, the video / audio recording / reproducing apparatus 101 acquires an audio
signal from the no-noal microphone 3. If it is not determined in step S 152 that an external microphone is
connected to the external microphone connection terminal 32 (NO), the control unit 47 switches the switch Swl
to the terminal a, and in step S 154, The reproduction apparatus 101 acquires a sound signal from the built-in
stereo microphone 21.

[0055] Next, in step S155, the video signal from the camera section 11 is temporarily stored in a memory (not
shown) in the video encoding section 12, and the audio signal from the binaural microphone 3 or the built-in
stereo microphone 21 is temporarily stored in the audio encoding section In a memory (not shown) in the unit
22. At step SI 56, the video encoder 12 encodes the video signal, and the audio encoder 22 encodes the audio
signal. In step S157, the coded video signal is temporarily stored in a buffer (not shown) in the video encoding
section 12, and the coded audio signal is temporarily stored in a buffer (not shown) in the audio coding section
22. Then, Further, in step S158, the flag information generating unit 42 generates a binaural flag signal based on
an instruction from the control unit 47 in the binaural mode.

[0056] Then, in step S159, the multiplexing unit 13 multiplexes the encoded video signal, the encoded audio
signal, and the binaural flag signal, and in step S 160, generates the packetized stream signal. In step S 161, the
recording / reproducing unit 14 records a stream signal in the medium recording 44. In step S162, the video
encoder 12 and the audio encoder 22 determine whether there is a video signal and a sound signal to be encoded,
and it is determined that there is still a video signal and a sound signal to be encoded (YES), the process returns
to step S152, and the above operation is repeated. If it is not determined in step S162 that there is still a video
signal and an audio signal to be coded (No), the process is terminated.

[0057] {Playback Operation)

Returning to FIG. 3, the playback operation in the video / audio recording / playback apparatus 101 will be
described. In FIG. 3, when a reproduction button (not shown) of the operation unit 48 is operated, the recording
/ reproduction unit 14 reproduces the multiplexed signal which is the recording signal recorded on the recording
medium 44 under the control of the control unit 47. The multiplexed signal reproduced by the recording and
reproducing unit 14 is supplied to a demultiplexing unit 15 which separates the input multiplexed signal into a
coded video signal, .

[0058] The coded video signal is supplied to a video decoding section (video processing section) 16, the coded
audio signal is supplied to an audio decoding section (audio processing section) 26, and the noino ralphag signal
is transmitted as flag information And is supplied to the acquisition unit 36. The video decoding section 16
decodes the input coded image signal to obtain a video signal. In accordance with the operation of the
reproduction button, the switch Sw 3 is switched to the terminal h under the control of the control unit 47. The
video signal outputted from the video decoding section 16 is displayed on the display section 17 and also
supplied to the monitor 52 via the video output terminal 37a for display. The audio decoding section 26 decodes
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the input coded voice signal to obtain a voice signal. The audio signal is supplied to the crosstalk canceller 27
and the terminal ¢ of the switch Sw 2.

[0059] The crosstalk canceler 27 generates a first tone signal that is generated when a binaural collected sound
signal is reproduced by the speakers 53 and 54 and a signal sounded from the left speaker 54 is listened to by the
right ear of the listener 59 Generates a signal for canceling the crosstalk component and the second crosstalk
component that the signal generated by the right speaker 53 is listened to by the left ear of the listener 59 and
adds it to the audio signal And generates a crosstalk processed signal. The flag information acquisition unit 36
holds the binaural flag signal obtained by the separation unit 15. The control unit 47 switches over the switch
Sw 2 depending on whether the flag information acquisition unit 36 holds the binaural flag signal or not. That is,
if the flag information acquiring unit 36 holds the binaural flag signal, if the switch Sw 2 is connected to the
terminal d and the crosstalk canceling signal of the crosstalk canceller 27 power is also output to the sound
output terminal 37 b If it is not controlled and the switch Sw 2 is connected to the terminal ¢ and the audio
signal which is not crosstalk processed from the audio decoding unit 26 is transmitted to the audio output
terminal 37 b So as to output.

[0060] The sound signal output from the sound output terminal 37 b and amplified by the amplifier 51 is
sounded from the left and right speech forces 53, 54. When the audio signal output from the audio output
terminal 37 b is the crosstalk processed signal output from the crosstalk canceler 27, the viewer 59 views the
video displayed on the monitor 52, and the photographer 300 captures an image It is possible to listen to the
surrounding sound of the photographer 300 at the time of going as a sound with realism. At this time, since the
crosstalk canceller 27 cancels the crosstalk component by using the head-related transfer function which will be
described in detail later, even if the photographer 300 and the viewer 59 are different from each other, an
arbitrary photographer 300 So that even when an arbitrary viewer 59 views it, he / she can listen to a sound with
realistic feeling with little sense of discomfort.

[0061] The reproduction operation in the video / audio recording / reproducing apparatus 101 will be described
further using the flow chart shown in FIG.

[0062] Referring to FIG. 13, in step S181, the recording and reproduction unit 14 reproduces the recording
medium 44 and obtains a stream signal based on the multiplexed signal. In step S182, the recording and
reproduction unit 14 decodes the stream signal to generate a packet signal. In step S183, the demultiplexing unit
15 separates the packet signal into a video signal, an audio signal, and a no-no-rural signal. In step S 184, the
video decoding unit 16 decodes the video signal, and the audio decoding unit 26 decodes the audio signal. In
step S185, the video decoding unit 16 and the audio decoding unit 26 temporarily store the decoded video signal
and audio signal in a buffer (not shown). In step S186, the flag information acquiring unit 36 acquires the
binaural flag signal.

[0063] Then, in step S187, on the basis of the binauraf luggage signal acquired by the flag information acquiring
unit 36, the control unit 47 determines whether the reproduced audio signal is a force binaural audio signal
which is a normal stereo audio signal judge. If it is determined in step S 187 that the signal is a binaural sound
signal (YES), the process proceeds to step S 188. If it is determined in step S187 that the sound signal is not a
binaural sound signal (NO), the process proceeds to step S 191, the control unit 47 switches the switch Sw 2 to
the terminal ¢, and synchronizes the video signal and the audio signal .

[0064] If it is a binaural audio signal, in step S188, the control unit 47 switches the switch Sw2 to the terminal d,
thereby setting the crosstalk cancellation processing by the crosstalk canceler 27 to an effective state. In step
S189, the control unit 47 controls each unit of the circuit so as to synchronously reproduce the crosstalk
canceled audio signal by the video signal and the crosstalk canceller 27. If it is determined in step S 190 that
there is still a video signal and an audio signal to be reproduced (YES), the process returns to step S 182 and the
above operation is repeated. If it is not determined that the video signal and the audio signal to be reproduced
still exist in step S 190 (NO), the processing is terminated.

[0065] K ¥V OR =9 X +v L)

Here, the specific configuration and operation of the crosstalk canceler 27 will be described with reference to
FIG. 14. As shown in FIG. 14, the crosstalk canceller 27 is configured to include finishers 272 a to 272 d, calo
calculators 274 a and 274 b, and filters 275 a and 275 b.

[0066] In FIG. 14, the left channel signal P (t) of the binaural sound signal is filtered by the filter 2
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72a, 272 b [This signal, right channel signal P (t) voice letter 272 ¢, 272 d [This will be done. The filters 272a
to 272d are sequentially assigned to the head related transfer functions h (t), h (t), h (1), h (t)

The filter characteristic (filter coefficient) created on the basis of rs lo ro is stored. The filters 272 a and 272 d
have filter characteristics equivalent to the head related transfer functions h (t) and h (t), and the filters 272 b and
2

1s s

72¢ has filter characteristics equivalent to those obtained by inverting the head related transfer functions h (t)
and h (t). Feces

lo ro

For convenience, the filter characteristics of the filters 272a to 272d are expressed as h (t), - h (t), - h (t), h (t)
Write rs lo ro Is. Filters 272 a to 272 d are configured to add input signals P (t) and P (t)

LR

And outputs it.

[0067] The power calculator 274 a calculates the signal output from the filters 272 a and 272 c, and the filter
275 a gives a filter characteristic of d (t) to the added signal. Calo calculator 274 b adds the signals output from
filters 272 b and 27 2 d, and filter 275 b gives a filter characteristic of d (t) to the added signal.

[0068] Here, the filter characteristic d (t) stored in the filters 275 a and 275 b is the following equation (1).
[0069]d () ={h () Xh@®-h@®) Xh@®)} 1,
Isrsloro

The signals output from the filters 275a and 275b are crosstalk processed signals subjected to the crosstalk
cancellation processing so that the crosstalk is canceled when sound is generated from the speakers 53 and. The
crosstalk processed signal output from the filters 275 a and 275 b is amplified by the left channel amplifier 5 la
and the right channel amplifier 5 1b of the amplifier 51, respectively, and is sounded from the speech forces 53
and 54.

[0070] A signal (voice) generated from the speaker 53 is listened to with the left ear of the viewer 59, and a part
of the sounded signal is received as a first crosstalk signal indicated by a broken line at the right ear of the
viewer 59 Listen. The crosstalk canceler 27 generates a first crosstalk cancellation signal for canceling the first
crosstalk signal listened to by the right ear of the viewer 59 and causes the speaker 54 to generate sound. The
first crosstalk cancellation signal cancels (attenuates) the first crosstalk signal by the first crosstalk cancellation
signal. Similarly, a signal (voice) generated from the speaker 54 is listened to by the right ear of the viewer 59
and a part of the sounded signal is received as a second crosstalk signal indicated by a broken line on the left
side of the viewer 59 Listen with your ears. The crosstalk canceller 27 generates a second crosstalk cancellation
signal for canceling the second crosstalk signal to be listened to by the left ear of the viewer 59 and causes the
speaker 53 to generate sound. The second crosstalk signal is canceled (attenuated) by the second crosstalk
cancellation signal. As a result, the viewer 59 listens to the audio signal P (t) whose crosstalk is canceled with
the left ear, the crosstalk is canceled with the right ear

1
Listens to the voice signal P (t).

[0071] (Measurement of Head Related Transfer Function)

Exhibit 1004
Page 0959 of 1251



With reference to FIG. 15, a head related transfer function measuring device 6 for obtaining head related
transfer function characteristics stored in the filters 272 a to 272 d, 275 a and 275 b will be described. As shown
in FIG. 15, the head-related transfer function measuring device 6 includes a personal computer 61, an amplifier
62, a speaker 63, microphone units 65 a and 65 b, a cylindrical structure 65 e, and amplifiers 66 a and 66 b.

[0072] How to measure the head related transfer function!

[0073] First, a personal computer 61 generates a measurement signal composed of impulse sound, for example.
The measurement signal is amplified by the amplifier 62. Measurement signals generated from the left speaker
63 are received by the left and right microphone units 65a and 65b. The right and left signals obtained by
receiving the sound are amplified by the amplifiers 66 a and 66 b and input to the personal computer 61. This
input signal is the head related transfer function h (t), h (t) of the sound received from the speaker 63 and
received by the left and right microphone units 65a and 65b attached to the cylindrical structure 65¢ is there.
Head trance

Islo

The reaching function h (t) indicates that the signal generated from the left speaker 63 is the left microphone
unit 65 a

Is

The head related transfer function h (t) is a characteristic to be listened to and received by the left speaker 63
lo

Is the characteristic of the crosstalk component listened to by the microphone unit 65 b on the right side.

[0074] Likewise, the measurement signal generated from the right speaker 64 is received by the left and right
microphone units 65a and 65b. The right and left signals obtained by receiving the sound are amplified by the
amplifiers 66 a and 66 b and input to the personal computer 61. The personal computer 61 compares the
generated measurement signal with the received sound signal so that the sound generated from the speaker 64 is
received by the left and right microphone units 65a and 65b attached to the cylindrical structure 65¢ Head
transfer functions h (t) and h (t) are obtained. The head related transfer function h (t) is obtained from the right
speaker 64

IS 10 1S

The head related transfer function h (t) is a characteristic in which the sound generated by the right speaker 64 is
a crosstalk component listened to by the left microphone unit 65a It is a characteristic.

[0075] The cylindrical structure 65 e will be described with reference to FIG. 16. 16A is a top view of the
cylindrical structure 65¢, FIG. 16B is a perspective view of the cylindrical structure 65¢, and FIG. 16C is a
cross-sectional view of a so-called dummy head microphone shown for comparison .

[0076] As shown in FIGS. 16 (A) and 16 (B), microphone units 65 a and 65 b are mounted on the surface of the
cylindrical structure 65 e in a state of being separated by 180 °. As shown in the drawing, the microphone units
65a and 65b do not have an auricle and external ear canal. The diaphragm (not shown) of the microphone units
65a, 65b is disposed at a position substantially coincident with the surface of the cylindrical structure 65¢. On
the other hand, the dummy head microphone 69 shown in FIG. 16 (C) has pinna shaped members 692 a, 692 b
and ear canals 693 a, 693 b on both sides of the artificial head 691, and a microphone unit 694 a, and 694 b,
respectively. The microphone units 694 a and 694 b are provided at positions corresponding to the position of
the eardrum of a person, and collect sound signals approximate to sounds to be heard by a person.

[0077] The sound receiving characteristics of the microphone units 65a and 65b attached to the cylindrical
structure 65¢ shown in FIGS. 16 (A) and 16 (B) are influenced by characteristic differences given by auricles
and external auditory canals different in size and shape from person to person And it is a characteristic that can
measure the head related transfer function. Although sound waves generated from the speakers 63, 64 are
shielded by the cylindrical structure 65¢, they are diffracted along the cylindrical structure 65¢ and reach the
microphone units 65a, 65b. The microphones 65a and 65b measure the characteristics of sound waves directly
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emitted from the speakers 63 and 64 and reaching by diffracting along the cylindrical structure 65¢. By using the
cylindrical structure 65e, it is possible to obtain a head related transfer function having an average head
shielding characteristic. Therefore, even when various viewers who have different sizes and shapes of the heads
and have different head shielding characteristics listen to the binaural sound signal, it is possible to receive
speech with realistic feeling with almost no discomfort.

[0078] 17A to 17D are diagrams showing the head related transfer function h (t (t) of the cylindrical structure
65¢ measured by the acoustic signal transfer characteristic measuring device 6, the impulse sound generated by
the acoustic signal transfer characteristic measuring device 6 described above, ), h (t), h (1), h (t) are convoluted
with each other

Islo rsro

. FIG. 17 (D) shows the filter characteristic d (t) shown in the above formula (1). In Figs. 17 (A) - 17 (E), the
vertical axis shows the amplitude of the signal voltage normalized with the prescribed output voltage, and the
horizontal axis shows the number of samples when the measured signal is sampled at 48 kHz The time shown is
shown.

[0079] 18 (A) to 18 (E) show the frequency characteristics obtained by Fourier analysis of the signals shown in
FIGS. 17 (A) to 17 (E). In FIGS. 18 (A) to (E), the frequency positions of 100 Hz, 1 kHz, and 10 kHz are
indicated by the broken vertical lines, and the gain difference between the horizontal lines of the two broken
lines in the response characteristics of the vertical axis is 10 dB.

[0080] In the filters 272a to 272d of FIG. 14, the head related transfer functions h (t)
1S
, ho (1), h (), h (t) are given. As mentioned above, Phil lo ro Is

Filter characteristics corresponding to the head related transfer functions h (t) and h (t) are given to the tapes 272
aand 272 d

1s s

, Filter characteristics corresponding to the head related transfer functions h (t), h (t) whose polarity is reversed -
h (t) and - lo ro lo h (t) are given to the filters 272 b and 272 c.

1o

[0081] For comparison, the characteristics measured using the dummy head microphone 69 shown in FIG. 16
(C) instead of the microphone units 65a and 65b attached to the cylindrical structure 65¢ are shown in FIGS. 19
and 20. FIG. 19 shows characteristics obtained by measurement similarly to FIG. 17. As can be understood by
comparing FIG. 17 with FIG. 19, the impulse response waveform measured by using the microphone units 65 a,
65 b attached to the cylindrical structure 65 ¢ is the impulse response measured by using the dummy head
microphone 69 This waveform is closer to the impulse sound which is the input signal for measurement than the
waveform.

[0082] FIG. 20 shows the frequency response characteristics measured using the dummy head microphone 69.
The characteristics obtained by using the microphone units 65a and 65b attached to the cylindrical structure 65¢
are smaller than the distortion force S of the frequency characteristic and close to flat . Respective
characteristics shown in FIGS. 20 (A) to 20 (E) are enhanced or attenuated in the response characteristics at a
frequency of 1.5 to 7 kHz. The characteristics shown in FIGS. 18 (A) to 18 (E) are smaller in degree of
enhancement and attenuation of response characteristics. This is because there is no disturbance in
characteristics caused by the auricle or the external auditory meatus when the microphone units 65a and 65b
attached with the cylindrical structure 65¢ are used. In the dummy head microphone 69, a part of the sound
waves emitted from the speakers 63, 64 is reflected by the auricle, and the reflected sound wave and the directly
arriving sound wave are synthesized and synthesized in phase and synthesized in reverse phase It attenuates. In
addition, it is strengthened or attenuated at a specific frequency due to the influence of external ear canal
resonance, antiresonance, etc. By using the microphone units 65 a and 65 b attached to the cylindrical structure
65 e, it is possible to suppress adverse effects as in the case of using the dummy head microphone 69.
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[0083] Filter characteristics based on the head related transfer function measured by using the microphone units
65a and 65b attached to the cylindrical structure 65¢ are added to the filters 272a to 272d and the filters 275a
and 275b of the crosstalk canceler 27 ) And a filter characteristic based on the head-related transfer function
measured using the dummy head microphone 69 (second condition), and a comparative viewing test was
conducted by a plurality of viewers . A small, small microphone was inserted into the ear canal of the viewer,
and the sound receiving characteristic was measured as the sound received by the small microphone is the sound
heard by the viewer.

[0084] FIG. 21 shows the characteristics measured by a certain viewer under the first condition. In FIG. 21, (A)
shows an impulse signal on the left side input signal P (1), a silent input signal P (t) on the right side

LR

This is the waveform of the impulse response signal which is sounded from the speakers 53 and 54 as the
number and received by the compact microphone worn by the viewer's left ear. (B) is the waveform of the
crosstalk component sounded with the same condition as (A) and received by a compact microphone worn by
the viewer's right ear. In FIG. 21 (A), a large impulse response waveform is obtained, and in FIG. 21 (B), a
small level waveform is obtained. FIG. 21 (C) shows the frequency analysis result of the response waveform, Ca
is the response characteristic obtained by frequency analysis of the response waveform of (A), and Cb is the
response characteristic obtained by frequency analysis of the response waveform of (B). Crosstalk cancellation
effect exceeding 20 dB at 100 Hz to 2 kHz is obtained.

[0085] Further, in FIG. 21, (D) shows the case where the left input signal P (t) is no signal, the right input signal
P

L

(t) as an impulse signal from the speakers 53 and 54, and worn on the left ear of the viewer
R

It is the waveform of the crosstalk component received by the small microphone. (E) is the waveform of the
impulse response received by a compact microphone worn on the right ear of the viewer, which is pronounced
under the same condition as (D). In FIG. 21 (D), a waveform of a small level is obtained, and in FIG. 21 (E) a
large level of impulse response waveform is obtained. FIG. 21 (F) is a frequency analysis result of the response
waveform, F d is a response characteristic obtained by frequency analysis of the response waveform of (D), and
Fe is a response characteristic obtained by frequency analysis of the response waveform of (E) . A crosstalk
cancellation effect of about 16 dB is obtained at 100 Hz to 2 kHz. FIG. 22 shows the characteristics measured
by the same viewer as in FIG. 21 under the second condition. The measurement conditions are the same as in
FIG. The crosstalk canceling effect of FIG. 22 (C) is about 14 dB, and the crosstalk canceling effect of FIG. 22
(F) is about 1 1dB. Under the second condition, the effect is inferior compared to the first condition.

[0087] Fig. 23 shows the characteristics measured with the same measurement conditions as in Fig. 21 under the
first condition with different viewers from Fig. 21 and Fig. 22. The crosstalk canceling effect of FIG. 23C is
about 22 dB, and the crosstalk canceling effect of FIG. 23F is about 18 dB. Even different viewers have good
effects.

[0088] FIG. 24 shows the characteristics measured under the same conditions as in FIG. 22 under the second
condition with the same viewers as in FIG. 23. The crosstalk canceling effect of FIG. 24 (C) is about 14 dB, and
the crosstalk canceling effect of FIG. 24 (F) is about 10 dB. Even for different viewers, it can be seen that the
effect is inferior to the first condition under the second condition. Furthermore, similar measurements were
performed by different viewers, and it was confirmed that the same effect as above can be obtained for each of
the first condition and the second condition.

[0089] From the above measurement results, the filter characteristics given to the filters 272 a - 272 d and the
filters 275 a, 275 b of the crosstalk canceller 27 are more improved than the filter characteristics based on the
head related transfer function measured by using the dummy head microphone 69 Direction of filter
characteristics based on head related transfer functions measured using microphones 65a and 65b attached to
form structure 65¢ Crosstalk component sounded from the left speaker and listened to by the right ear and right
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side It is f * i % that the effect of canceling the crosstalk component sounded by the speaker of the left ear
listened to is high.

[0090] In the filter characteristics based on the head related transfer function measured using the microphone
units 65 a and 65 b attached to the cylindrical structure 65 e, disturbance of the frequency characteristics in the
high frequency range is small. That is, by using the cylindrical structure 65¢, it is possible to reduce the
frequency characteristic being greatly reduced or increased at a specific frequency portion, and it is possible to
minimize the degradation of the sound quality as much as possible. As a result, the viewer can listen to the
sound with realistic feeling with little sense of incongruity.

[0091] Filter characteristics based on head related transfer functions measured using the microphone units 65a
and 65b attached to the cylindrical structure 65¢ with filter characteristics given to the filters 272a to 272d and
the filters 275a and 275b of the crosstalk canceller 27 , The crosstalk cancellation is performed near the entrance
of the ear canal of the viewer 59 which is the structure when listening to the binaural sound signal. Therefore,
the cancellation of the crosstalk component is effectively performed for a plurality of viewers 59 having
different acoustic characteristics of the auricle and the ear canal.

[0092] The cylindrical structure 65¢ is not limited to a complete cylindrical shape, but may be a slightly
cylindrical deformed cylindrical shape! /.. It is preferable not to have a concave-convex portion that gives a
change in response characteristics such as the auricle or the external anditory canal, etc. In a state where the
microphone units 65 a, 65 b are attached to the cylindrical structure 65 e, the response characteristics are
disturbed As much as possible, it is preferable,

[0093] The crosstalk canceler 27 is not limited to the configuration shown in FIG. 14, but may be a band
division type crosstalk canceller which can further reduce the opposite phase feeling occurring in the low
frequency band. The band division type crosstalk canceller divides a binaural sound signal input as a signal of
the entire frequency band into a signal of a low frequency band and a signal of a mid high frequency band and
converts the binaural sound signal into a binaural sound signal of a middle to high frequency band Crosstalk
cancellation processing is performed only for the crosstalk.

[0094] FIG. 25 shows a band division type crosstalk canceler 27a, and its configuration and operation will be
described. Constituent parts having the same functions as those of the crosstalk canceller 27 shown in FIG. 14
are denoted by the same reference numerals, and description thereof is omitted.

[0095] As shown in FIG. 25, the crosstalk canceller 27a is different from the crosstalk canceler 27 shown in
FIG. 14 in that it includes low-pass filters (LPF) 271a and 271d, high-pass filters (HPF) 271b and 271c, delay
units 273a and 273b, Gain control amplifiers (GC) 276 a - 276 d, calo calculators 2 77 a, 277 b Different in that
they are being caught!

[0096] Among the binaural audio signals input to the crosstalk canceller 27 a, the left channel signal P (t) is
input to the LPF 271 a and the HPF 271 b, the right channel signal P (t) is input to the LP

LR

F 271 d and HPF 271 ¢, and is divided into a low frequency band and a middle high frequency band. : The cut-
off frequency of the LPFs 271a, 271d and the HPFs 271b, 271c¢ is set to about 100-200 Hz. The middle and high
frequency band signals output from the HPFs 271 b and 271 c are circuit portions composed of the finer
switches 272 a to 272 d configured in the same manner as the crosstalk canceler 27, the calorific calculators 274
aand 274 b, and the focus switches 275 a and 275 b Crosstalk cancellation processing is performed. Signals in
the middle to high frequency band subjected to the crosstalk cancellation processing are input to the gain control
amplifiers 276 b and 276 c, and the gain is adjusted.

[0098] The signals in the low frequency band output from the LPFs 271a and 271d are input to the delay units
273a and 273b and are delayed by substantially the same time as the time required for the crosstalk cancellation
process for the signals in the middle to high frequency band. The signals in the low frequency band output from
the delay units 273 a and 273 b are input to the gain control amplifiers 276 a and 276 d, and the gain is adjusted
so0 as to eliminate the level difference from the signals in the middle to high frequency band.

[0099] The power calculators 277 a and 277 b add the low frequency band signal output from the gain control
amplifiers 276 a to 276 d and the middle high frequency band signal. The signals output from the adders 277a
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and 277b are crosstalk processed signals subjected to crosstalk cancellation processing only for signals in the
middle to high frequency band. The crosstalk processed signal output from the adders 277 a and 277 b is
amplified by the left channel amplifier 5 la and the right channel amplifier 51 b of the amplifier 51, respectively,
and is sounded from the speakers 53 and 54.

[0100] In the configuration shown in FIG. 25, crosstalk cancellation processing is not applied to signals in the
low frequency band, so that it is reproduced as a signal having no antiphase feeling in the low frequency band.

[0101] In the crosstalk canceler 27 shown in FIG. 14, the crosstalk cancellation effect by the crosstalk canceller
27 is sufficiently obtained at less than or equal to 10 Hz as described above with reference to FIGS. 21 to 24.
The low frequency band below 100Hz has less influence on the localization of the sound source than the V
band. Without canceling the crosstalk, the signal is audibly listened to with a sense of incompatibility as a signal
of opposite phase.

[0102] In the crosstalk canceller 27a shown in FIG. 25, crosstalk cancellation is not performed in a low
frequency band of 100 to 200 Hz or less so as to realize a crosstalk canceller such that a reverse phase signal
does not occur in a low frequency band Do it.

[0103] FIG. 26 shows a frequency band division type crosstalk canceler 27 b having a filter construction method
different from that of FIG. 25, and its configuration and operation will be described. Constituent parts having
the same functions as those of the crosstalk canceller 27 a shown in FIG. 25 are denoted by the same reference
numerals, and description thereof is omitted.

[0104] The crosstalk canceller 27 b shown in FIG. 26 differs from the crosstalk canceler 27 a in FIG. 25 in that
filters 278 a and 278 b and filters 279 a and 279 b are provided in place of the filters 272 a to 272 d and the
filters 275 a and 275 b The way of wiring is also different. The crosstalk canceller 27 a is configured with a
filter characteristic as a feedforward FIR (finite impulse response) type, whereas the crosstalk canceller 27 b
uses a feedback type FIR type filter characteristic .

[0105] In FIG. 26, cross-track cancellation processing is performed by the FIR type filters 278 a, 278 b, 279 a,
279 b and adders 274 a, 274 b for signals in the middle to high frequency band output from the HPFs 271 b, 271
¢. The filter characteristics obtained by the head-related transfer function measuring device 6 are shown in the
illustration in FIG. 7 in the winding positions 278 a, 278 b, 279 a, 279 b. The winding patterns 278 a, 278 b, 279
a, 279 b The respective filter characteristics are convoluted with the input signal and output. According to the
crosstalk canceller 27 b, when the discomfort is reduced as if the reverse phase signal does not occur in the low
frequency band, the same action and effect as the crosstalk canceller 27 a can be obtained. The crosstalk
canceller 27 b shown in FIG. 26 can reduce the order of the filter used than the crosstalk canceller 27 a shown in
FIG. 25, and the configuration can be simplified. In place of FIR type filter, IIR type (infinite impulse response)
infinite impulse response filter may be used.

[0106] In the configuration shown in FIG. 3, when the force control unit 47 having the crosstalk canceler 27 (or
27 a, 27 b) configured separately from the control unit 47 is a microprocessor having a DSP (Digital signal
processor) , The control unit 47 may execute the functions of the crosstalk canceler 27, 27 a, 27 b. In addition,
the crosstalk canceler 27, 27 a, 27 b is not limited to hardware, and can be realized by software.

[0107] (Headphone playback)

Meanwhile, in the video / audio recording / reproducing apparatus 101 shown in FIG. 3, the audio signal
outputted from the audio decoding unit 26 can be listened to even by headphones. When listening to the nooraur
audio signal with headphones, the above-mentioned crosstalk components do not occur V,. When listening to
the crosstalk processed signal processed by the crosstalk canceller 27 with headphones, the opposite phase
component of the binaural sound signal is listened to by the left and right ears. Since the reverse phase
component is an acoustic signal component not in nature and it is not preferable for listening, crosstalk
cancellation processing is not performed when listening to binaural sound signals even with headphones.

[0108] Therefore, as shown in FIG. 3, the audio signal outputted from the audio decoding section 26 is outputted
to the audio output terminal 37 ¢ without going through the crosstalk canceler 27. The audio signal output from
the audio output terminal 37 ¢ is supplied to the headphone 55. As described above, the viewer 59 can listen to
the crosstalk processed signal outputted from the crosstalk canceler 27 by the speech strength 53, 54, or the
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audience 59 can listen to the sound signal not processed by the crosstalk canceler 27 as the headphone 55 You
can also listen to.

[0109] A reproduction procedure of the binaural audio signal at the headphone 55 will be described with
reference to FIG. 27. The same processes as those in the flowchart shown in FIG. 13 are denoted by the same
reference numerals, and description thereof is omitted.

[0110] In FIG. 27, steps S181 to S186 are as described with reference to FIG. 13, and in step S192 it is
determined whether or not reproduction is performed by the headphone 55. FIG. It is sufficient to detect by a
connection detecting unit whether or not a plug is inserted into the sound output terminal 37¢ whichis a
connection terminal of the headphone 55. FIG. If it is determined in step S192 that the headphone is to be
reproduced (YES), in step S193, a binaural audio signal which is not subjected to crosstalk cancellation
processing in synchronization with the video signal is reproduced by the headphone 55, and in step S190
Transfer. Similarly, when the reproduced audio signal is not binaural audio signal but normal stereo sound, the
audio signal outputted from the audio decoding section 26 may be similarly supplied to the headphone 55.

[0111] If it is not determined in step S192 that the headphone is to be reproduced (NO), the process of steps
S187 to S190 is performed as in FIG. Unlike the reproduction process by the headphone 55 in step S193, the
process in step S189 is a process of reproducing the binaural audio signal by the speakers 53,

[0112] ({ Second Embodiment ))

The photographer 300 attaches the binaural microphone 3 to the left and right ears 302 and picks up the subject
and records on the recording medium 44 while collecting the sound, so that the viewer 59 can recognize the
entirety when the photographer 300 shoots You can listen to the ambient sound in the direction. However, an
image shot by a normal video / audio recording / reproducing apparatus (video camera) is an image in the range
of about 60 degrees in front of the camera. In the case of zoom photographing, photographing is performed with
a narrower viewing angle. Therefore, in the case of performing zoom shooting, it is desirable to enhance the
sound produced in the vicinity of the zoomed up subject and collect the sound. In the second embodiment, in
addition to the zoom-up of the subject, the sound in the vicinity of the subject is enhanced, and collected and
recorded.

[0113] FIG. 28 shows the video / audio recording / reproducing apparatus 102 provided with the audio
processing unit of audio which is the second embodiment, and its configuration and operation will be described.
Components having the same functions as those of the video / audio recording / reproducing apparatus 101 of
the first embodiment shown in FIG. 3 are denoted by the same reference numerals, and description thereof is
omitted. The video / audio recording / reproducing apparatus 102 is different from the video / audio recording /
reproducing apparatus 101 in that it includes an audio zoom processing section 33. In FIG. 28, illustration of the
audio output terminal 37 ¢ which is the connection terminal of the headphone 55 and the headphone 55 is
omitted.

[0114] In FIG. 28, the audio signal from the binaural microphone 3 input via the external microphone
connection terminal 32 is input to the audio zoom processing unit 33. The camera unit 11 includes a plurality of
lenses (not shown), and has a zooming function of zooming up and down the subject by moving one or a
plurality of lenses and varying the distance between the lenses. When a zoom-up operation is performed by the
operation unit 48, a zoom-up control signal is input from the control unit 47 to the camera unit 11, the subject is
zoomed in and imaged, and the zoom-up control signal is subjected to audio zoom processing The audio signal
inputted and input to the unit 33 is subjected to audio zoom processing.

[0115] On the basis of the zoom-up control signal, the audio zoom processing unit 33 augments the audio signal
collected on the median plane of the photographer 300 including a lot of audio signals to be emitted from the
binaural sound power of the subject, and performs zoom-in Thereby generating an audio signal. The zoom-up
audio signal is input to the audio coding section 22 via the switch Swl. The image signal of the subject picked
up by zooming up is encoded by the video encoding section 12 and the zoom up audio signal is encoded by the
audio encoding section 22 and is recorded on the recording medium 44 as in the first embodiment It is recorded.
FIG. 29 is a specific configuration example of the andio zoom processing unit 33. As shown in FIG. 29, the
audio zoom processing unit 33 includes a zoom magnification detector 331, a coefficient calculator 332, an
adder 335, a variable amplifier 337, and adders 338 aand 338 b.
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[0117] In FIG. 29, the zoom magnification detector 331 detects the zoom magnification based on the zoom-up
control signal supplied from the control unit 47. The coefficient calculator 332 calculates a coefficient a
representing the degree of enhancement of the sound emitted from the vicinity of the subject according to the
detected zoom magnification. The adder 355 adds the binaural sound signals of the right and left channels input
from the external microphone connection terminal 32. The variable amplifier 337 amplifies the output signal of
the adder 335 according to the coefficient a from the coefficient calculator 332. The adders 338 a and 338 b add
the left and right channel binaural sound signals to the output signal of the variable amplifier 337, respectively.
The diaphragms in the microphones 31a and 31b are substantially parallel in a state in which the microphones
31a and 31b of the binaural microphone 3 are attached to the left and right ears 302 of the photographer 300.
Since the sound from the left and right direction of the photographer 300 sometimes includes components
having phases opposite to each other, as a result of the addition of the left and right channels in the adder 335,
the sound from the left and right directions is partially canceled out and attenuated. Accordingly, from the audio
zoom processing unit 33, a zoom-up audio signal in which the sound collected on the median plane of the
photographer 300 is enhanced is output.

[0118] With reference to FIG. 30, the operation of the video / audio recording / reproducing apparatus 102
including the operation in the audio zoom processing unit 33 will be further described. 30, in step S201, the
adder 335 adds binaural sound signals of left and right channels from the binaural microphone 3 to obtain an
addition signal S. In step S undefined 202, the zoom magnification detector 331 detects the zoom magnification
obtained by the control unit 47 according to the operation of the operation unit 48. The zoom magnification may
be obtained from the relationship between the applied voltage to the motor for driving the lens of the camera
unit 1 1 and the driving time. In step S203, the coefficient calculator 332 calculates a coefficient oc representing
the enhancement degree according to the zoom magnification. In step S 204, the variable amplifier 337
multiplies the output signal of the adder 335 by the coefficient a to obtain a S. In step S 205, the calorie
calculators 338 a and 338 b add the binaural sound signals of the left and right chambers and the output signal
(S) of the variable amplifier 337. Then, in step S 206, the zoom-up audio signal is recorded on the recording
medium 44. In step S207, the control unit 47 determines whether the recording has ended. If it has not ended
(NO), the control unit 47 repeats the force of step S201. If recording has ended in step S207 (YES), the
processing in the audio zoom processing unit 33 is ended.

[0119] FIG. 31 shows an audio zoom processing unit 33 a showing another configuration example of the audio
zoom processing unit 33. If a head related transfer function that gives the effect that the sound source
approaches the listener with respect to the sound signal of the median plane is convoluted, the sound source also
receives a power in conjunction with the zoom-up of the subject in the camera unit 11 It is felt as if it
approached the listener, and it is possible to receive and listen to the audio signal having the realistic feeling.
The audio zoom processing unit 33 a shown in FIG. 31 is configured to convolve a head related transfer
function that provides an effect of bringing the sound source closer to the sound signal of the median plane.

[0120] The audio zoom processing unit 33 a shown in FIG. 31 differs from the audio zoom processing unit 33 of
FIG. 29 in that a function acquiring unit 333, a transfer function memory 334, and a convolution operator 336
are added.

[0121] In FIG. 31, a transfer function memory 334 stores a head related transfer function for forming a virtual
sound source in which a sound source is virtually positioned in close proximity. The head related transfer
function is a function to obtain the listening characteristics of the sound emitted from the virtual sound source
and the listening characteristics are determined by the distance between the virtual sound source and the listener.

[0122] The function acquiring unit 333 acquires from the transfer function memory 334 a head related transfer
function corresponding to a sound localization position assumed according to the coefficient oc calculated by
the coefficient calculator 332. Note that the coefficient a in FIG. 29 and the coefficient a in FIG. 31 and the
other figures are not necessarily the same. For the sake of convenience, the same reference numerals are
attached. The convolution arithmetic unit 336 convolves the head related transfer function acquired by the
function acquiring unit 333 with the addition signal of the binaural sound generated by the adder 335. The
variable amplifier 337 amplifies the added signal convoluted with the head-related transfer function according to
the coefficient o obtained by the coefficient calculator 33 2. Calo calculators 338 a and 338 b add the left and
right channel's neural audio signals and the variable amplifier 337 output signals. Here, it is sufficiently
effective only to locate the force sound source having the variable amplifier 337 virtually in close proximity,
and it is also possible to omit the variable amplifier 337. The coefficient o for selecting the head-related transfer
function by the function acquiring unit 333 and the coefficient determining the degree of amplification in the
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variable amplifier 337 may be set as different coefficients. [0123] With reference to FIG. 32, A method of
measuring the head related transfer function for forming a virtual sound source will be explained.

[0124] The head-related transfer function measuring apparatus 6 a shown in FIG. 32 is configured to include a
personal computer 61, an amplifier 62, a speaker 63, amplifiers 66 a and 66 b, and a dummy head microphone
68. Dummy one head microphone 68 i, artificial head 681 [Install the microphone units 684 a, 684 b! The
cranial transfer function measuring device 6a uses a dummy head microphone 68 instead of the microphone
units 65a and 65b attached to the cylindrical structure 65¢, as compared with the head related transfer function
measuring device 6 shown in FIG. 15 Except that the point and the speaker are arranged on the median plane of
the dummy head microphone 68 as only one of the left and right speakers 63 and 64 (in this case, the speaker 63
is used)

[0125] FIG. 33 shows a sectional view of the dummy head microphone 68. In the dummy head microphone 68,
micro switches 684 a and 684 b are disposed in the vicinity of entrances of the auditory canals 683 a and 683 b
of the artificial head 681 having the pinna shaped members 682 a and 682 b. The dummy head microphone 69
shown in FIG. 16 (C) is obtained by disposing the microphone units 694 a, 694 b at positions corresponding to
the position of the eardrum of the person in the back of the ear canals 693 a, 693 b, and the dummy head
microphone 68 , The dummy head microphone 69 is different from the dummy head microphone 69 in that the
micro units 684 a and 684 b are arranged near the entrances of the auditory canals 683 a and 683 b. Normally,
the dummy head microphone refers to one in which the microphone units 694 a and 694 b are arranged at
positions corresponding to the position of the eardrum of the person at the back of the ear canals 693 a and 693
b as shown in FIG. 16 (C) 33 in which the microphone units 684a, 684b are disposed in the vicinity of the
population of the auditory canals 683a, 683b of the artificial head 681 having the 1S auricular shapes 682a, 682b
is also referred to as a dummy head microphone for convenience.

[0126] By using the dummy head microphone 68, it is possible to collect sound from the speaker 63 as binaural
sound excluding the influence by the auditory canal 683 a, 683 b.

[0127] Returning to FIG. 32, the personal computer 61 generates a measurement signal composed of impulse
sound, for example. The measurement signal is amplified by the amplifier 62. Measurement signals generated
from the speaker 63 are received by the left and right microphone units 684 a, 684 b of the dummy head
microphone 68. The left and right signals obtained by receiving the sound are amplified by the amplifiers 66a
and 66b and input to the personal computer 6 1. The personal computer 61 compares the generated measurement
signal with the received signal to determine the head related transfer functions h (t), h (t) of the dummy head
microphone 68. Head

1r

The part transfer function h (t) is the head related transfer obtained by the sound receiving signal at the left
microphone unit 684a

1

The function, head related transfer function h (t) is a head related transfer function obtained from a sound
receiving signal at the right microphone unit 684 b. The distance D between the speaker 63 and the dummy head
microphone 68 is set to, for example, 0.5 m, 1 m, 2 m, etc., and head related transfer functions at each distance
D are sequentially found.

[0128] 34 to 39 show characteristics of the head related transfer function obtained by measuring with the head-
related transfer function measuring device 6 a shown in FIG. 32.

[0129] The impulse response waveform shown in FIG. 34 (A) is a waveform received by the left microphone
unit 684 a when the distance D between the speaker 63 and the dummy head microphone 68 is 50 cm. The
vertical axis is the normalized amplitude (voltage). The horizontal axis is time, and it is indicated by the number
of sample points of the signal whose sampling frequency is 48 kHz. FIG. 34 (B) is a frequency response
characteristic obtained by Fourier analysis of the impulse response waveform shown in FIG. 34 (A) by the
personal computer 61. The horizontal axis is the frequency (Hz), and the vertical axis is the response
characteristic.
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[0130] FIG. 35 (A) shows the impulse response waveform received by the right microphone unit 684 b when the
distance D is 50 cm. FIG. 35 (B) is a frequency response characteristic obtained by Fourier analysis of the
impulse response waveform shown in FIG. 35 (A). The measurement conditions are the same as in FIG. 34.

[0131] Similarly, FIG. 36 (A) shows an impulse response waveform received by the left microphone unit 684 a
when the distance D is | m, and FIG. 36 (B) shows its frequency response characteristic.

[0132] FIG. 37 (A) shows the impulse response waveform received by the right microphone unit 684 b when the
distance D is | m, and FIG. 37 (B) its frequency response characteristic.

[0133] FIG. 38 (A) shows the impulse response waveform received by the left microphone unit 684 a when the
distance D is 2 m, and FIG. 38 (B) its frequency response characteristic.

[0134] FIG. 39 (A) shows the impulse response waveform received by the right microphone unit 684 b when the
distance D is 2 m, and FIG. 39 (B) its frequency response characteristic.

[0135] Comparing these characteristics, the amplitude of the waveform decreases as the impulse response
waveform shown in (A) of FIGS. 34 to 39 increases the value of the distance D to 0.5 m, 1 m, 2 m. In the
frequency response characteristic shown in (B) of FIG. 34 to FIG. 39, when the distance D is 0.5 m, regular
concavo-convex characteristics at intervals of about 400 Hz in the frequency portion of 1kHz to 4 kHz enclosed
by the ellipse of a broken line Dip), and when the distance D is Im, it becomes somewhat irregular asperity
characteristics, and when the distance D is 2 m, it is a combination of a plurality of concavo-convex
characteristics with different frequency intervals. In addition, when the distances D are the same, substantially
the same characteristics are obtained on the left and right.

[0136] The personal computer 61 compares the measurement signal of the generated impulse sound with the
waveform of the impulse response signal input from the amplifiers 66a and 66b to obtain head related transfer
characteristics for each distance D. The head related transfer characteristic obtained for each distance D is a
characteristic for causing the listener to listen to the sound signal of the virtual sound source force by locating
the sound source virtually at the position of the distance D. In this embodiment, the distances D are set to 0.5 m,
1 m, and 2 m, but even if the respective distances D may be determined to be narrower than 0.5 m even if the
respective characteristics are obtained at more distances Good.

[0137] The head related transfer characteristics obtained as described above are stored in the transfer function
memory 334 of FIG. Which of the stored transfer functions is to be used for the zoom magnification detected by
the zoom magnification detector 331 is determined as an example by setting the distance to the subject measured
by the automatic focus measuring function Use the coefficient o obtained by dividing by the zoom
magnification. For example, when the distance to the subject is 10 m and the zoom magnification is 5, the
coefficient is 2. When the distance to the subject is 10 m and the zoom magnification is 10, the coefficient a is

1, and when the zoom magnification is 20, the coefficient a is 0.5.

[0138] With reference to FIG. 40, the operation of the video / audio recording / reproducing apparatus 102
including the operation at the audio zoom processing unit 33 a will be further described. 40, in step S211, the
calorifier 335 adds binaural sound signals of left and right channels from the binaural microphone 3 to obtain a
calorie calculation signal S. In step S undefined 212, the zoom magnification detector 331 detects the zoom
magnification obtained by the control unit 47 according to the operation of the operation unit 48. In step S213,
the coefficient calculator 332 determines which one of the plurality of transfer functions stored in the transfer
function memory 334 is selected according to the zoom magnification, and determines the coefficient a
representing the degree of enhancement in the variable amplifier 337 . As the coefficient OC, the number
obtained by dividing the distance to the subject by the zoom magnification may be used as it is, or the value
generated based on the number obtained by dividing the distance to the subject by the zoom magnification Even
ifitis! /,.

[0139] In step S 214, the function acquiring unit 333 acquires a transfer function from the transfer function
memory 334 according to the coefficient oc, and the convolution operator 336 convolutes the transfer function
with the addition signal output from the adder 335. In step S215, the variable amplifier 337 multiplies the output
signal of the convolution arithmetic unit 336 by the coefficient a to enhance it. In step S 216, the adders 338 a
and 338 b add the binaural sound signals of the left and right channels and the output signal of the variable
amplifier 337. Then, in step S 216, the zoom-up audio signal is recorded on the recording medium 44. In step
S218, the control unit 47 determines the force at which recording has ended, and if not completed (NO), repeats
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the force of step S211. If the recording has ended (YES) in step S218, the processing in the audio zoom
processing section 33a is ended.

[0140] {{ Third embodiment })

In the second embodiment, the zoom-up process of audio is performed on the recording side, but in the third
embodiment, the zoom-up process of audio is performed on the reproduction side. In the video / audio recording
/ reproducing apparatus 103 according to the third embodiment shown in FIG. 41, the same reference numerals
are given to components having the same functions as the video / audio recording / reproducing apparatus 101
of the first embodiment shown in FIG. 3 And its explanation will be omitted. Compared with the video / audio
recording / reproducing apparatus 101, the video / audio recording / reproducing apparatus 103 has the audio
zoom processing section 33 b at the subsequent stage of the separation section 15, and the zoom magnification
detector 331 is provided at the front stage of the multiplexing section 13 The difference is that it is. In FIG. 41,
illustration of the audio output terminal 37 ¢ which is a connection terminal of the headphone 55 and the
headphone 55 is omitted.

[0141] The operation of the video / audio recording / reproducing apparatus 103 will be described. The
operation unit 48 is operated, and the lens drive signal of the camera unit 11 generated by the control unit 47 is
supplied to the camera unit 11 and the zoom magnification detector 331. The zoom magnification detector 331
detects the zoom magnification by analyzing the zoom direction, the zoom speed, and the lens driving time of
the lens driving signal. The zoom magnification information indicating the detected zoom magnification is
supplied to the multiplexing unit 13. The multiplexing unit 13 also multiplexes the zoom magnification
information together with the encoded video signal, the encoded audio signal, and the binaural flag signal. The
recording / reproducing unit 14 records the multiplexed signal including the zoom magnification information on
the recording medium 44,

[0142] The recording / reproducing unit 14 reproduces the multiplexed signal recorded on the recording medium
44, and the demultiplexing unit 15 separates the zoom magnification information together with the coded video
signal, the encoded voice signal and the binaural flag signal . The zoom magnification information is input to
the audio zoom processing unit 33 b.

[0143] FIG. 42 is a specific configuration example of the audio zoom processing unit 33 b. As shown in FIG.
42, the audio zoom processing unit 33 b differs from the audio zoom processing unit 33 of FIG. 29 in that the
zoom magnification detector 33 1 is eliminated and the signals input to the adders 338 a and 338 b are But is
different from the output signal of the crosstalk canceller 27.

[0144] In FIG. 42, the coefficient calculator 332 calculates a coefficient a used when the input signal is
amplified by the variable amplifier 337 using the zoom magnification information separated and input by the
demultiplexer 15. The adder 335 adds the noisy speech signal input from the audio decoding unit 26. The
variable amplifier 337 amplifies the output signal from the adder 335 according to the coefficient a input from
the coefficient calculator 332. The adders 338 a and 338 b add the output signal from the crosstalk canceller 27
and the amplified signal from the variable amplifier 337.

[0145] Meanwhile, there are cases where zoom processing in the camera unit 11 is executed by computation
processing by software using, for example, DSP. When the audio zoom processing is performed at the time of
reproduction, it is unnecessary to secure the signal processing time of the DSP necessary for the zoom
processing. Therefore, it is possible to sufficiently perform signal processing such as optimization processing of
avideo signal photographed by a DSP at the time of recording, encoding of a video signal, recording control or
the like. By performing the audio zoom processing at the time of reproduction, it is possible to avoid the
possibility of occurrence of a problem that the calculation man-hours at the DSP are assigned to the calculation
processing for the zoom processing and the operation time for recording is insufficient Show.

[0146] 43 shows an audio zoom processing unit 33 ¢ configured to convolve a head related transfer function that
gives the proximity effect to the audio signal of the median plane to the audio zoom processing unit 33 b of FIG.
42 ing. The audio zoom processing unit 33 ¢ differs from the audio zoom processing unit 33 b in that a function
acquiring unit 333, a transfer function memory 334, and a convolution operator 336 are added. The functions of
the function acquiring unit 333, the transfer function memory 334, and the convolution computing unit 336 are
the same as those in FIG. 31, and description thereof is omitted.

[0147] {{ Fourth Embodiment ))
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The video / audio recording / reproducing apparatus 104 according to the fourth embodiment shown in FIG. 44
is configured so that the audio zoom processing is performed manually by an external operation at the time of
reproducing the recording medium 44. That is, when the zoom magnification information is not recorded on the
recording medium 44, the viewer 59 performs the zoom up processing of the audio while watching the video
signal reproduced by the motor 52. The zoom-up process of the audio manually performed by the viewer 59 is
referred to as manual audio zoom process.

[0148] Compared with the video / audio recording / reproducing apparatus 103, the video / audio recording /
reproducing apparatus 104 shown in FIG. 44 omits the zoom magnification detector 33 1, has the audio zoom
processing section 33 d instead of the audio zoom processing section 33 b, Different in that! /.

[0149] When the viewer 59 instructs the operation unit 48 to perform manual audio zooming, the control unit 47
inputs the zoom-up control signal to the audio zoom processing unit 33 d. The audio zoom processing unit 33 d
performs zoom-up processing on the binaural audio signal decoded by the audio decoding unit 26 according to
the zoom-up control signal.

[0150] FIG. 45 is a specific configuration example of the audio zoom processing unit 33 d. As shown in FIG.
45, the audio zoom processing unit 33 d is provided with a zoom magnification detector 331 a to which the
zoom-up control signal from the control unit 47 is input, in comparison with the zoom processing unit 33 b in
FIG. 42, and coefficient calculation But differs in that it inputs the zoom magnification information generated
by the zoom magnification detector 33 la instead of the zoom magnification information from the separation
section 15 to the unit 332. The other parts are the same operations as those of the zoom processing section 33 b,
and the description thereof will be omitted.

[0151] The manual audio zoom process in the fourth embodiment will be further described with reference to
FIG. 46. In FIG. 46, in step S221, the adder 335 adds the right and left signals of the binalolar audio signal
obtained by reproduction and obtains the addition signal S. In step S undefined 222, the control unit 47
determines whether or not the audio zoom magnification is varied by the operation unit 48. If the audio zoom
magnification is varied in step S222 (YES), the process goes to step S223, and if not changed (NO), the process
goes to step S226.

[0152] When the audio zoom magnification is varied, the zoom magnification detector 33 la calculates the zoom
magnification based on the zoom-up control signal in step S223. In step S224, the coefficient calculator 332
calculates a coefficient (X) based on the zoom magnification input from the zoom magnification detector 33 1a,
and the coefficient (X is a head for locating the sound source in front of the viewer But may also include the
transfer function characteristic In step S225, the value of the coefficient a is updated to the newly calculated
value.

[0153] In step S226, the variable amplifier 337 multiplies the added signal S by the coefficient o to generate a S.
In the case where the steps S223 to S225 have not passed, the coefficient a is a value before the audio zoom
magnification is varied. In step S227, the adders 338a and 338b add the signal "S" to the binaural sound signal
subjected to the crosstalk cancellation processing by the crosstalk canceller 27. Then, In step S228, the audio
signal obtained in step S227 is output via the switch Sw2 and the audio output terminal 37b. In step S229, the
control unit 47 determines whether or not the reproduction has ended. If it is not completed (NO), the control
unit 47 returns to step S22 1, and if it is completed (YES), ends the processing.

[0154] {({ Fifth Embodiment ))

The video / audio recording / reproducing apparatus 105 of the fifth embodiment shown in FIG. 47 shows a
configuration suitable for listening to the zoom-up audio signal with the headphone 55. The video / audio
recording / reproducing apparatus 105 shown in FIG. 47 is different from the video / audio recording /
reproducing apparatus 103 shown in FIG. 41 in that it has an audio zoom processing section 33 ¢ instead of the
audio zoom processing section 33 b, and the audio /33 ¢ are supplied to the headphone 55 via the audio output
terminal 37 ¢. The crosstalk cancellation processing is not performed on the headphone 55 by the crosstalk
canceller 27, and the binaural audio signal subjected to the zoom-up processing by the audio zoom processing
unit 33 e is supplied.

[0155] FIG. 48 is a specific configuration example of the audio zoom processing unit 33 e. The audio zoom
processing unit 33 e differs from the audio zoom processing unit 33 b of FIG. 42 in that adders 338 c and 338 d
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are added. The adders 338 ¢ and 338 d add the zoom-up sound signal output from the variable amplifier 337 to
the binaural sound signal obtained by decoding by the audio decoding section 26. The headphone listening audio
signal added by the adders 338 ¢ and 338 d is supplied to the headphone 55 via the audio output terminal 37 c.

[0156] The effect of reproducing the zoom-up audio signal according to the second to fifth embodiments
described above is as follows.

[0157] When the zoom magnification is set to be small, the signal added by the adder 335 is not increased by the
variable amplifier 337, so that the viewer 59 sets the image signal displayed on the monitor 52 and the
photographing And the audio signal having realistic sensation reproduced by 360 degrees audio signal
surrounding the person 300 with the speakers 53 and 54. Even when the viewing angle is set wide, the viewing
angle is about 60 degrees. The viewer 59 sometimes recognizes that it is a so-called blank speech sound in
which the sound generated by the subject force displayed on the monitor 52 is insufficient due to the difference
between the viewing angle of the image and the angle range when collecting the sound signal . On the other
hand, as described above, since the audio signal subjected to the audio zoom-up process is enhanced for the
photographer 300 by adding the signal component from the median plane to the binaural sound signal, the blank
area is compensated Sound signal. Therefore, it is possible to prevent the viewer 59 from recognizing that the
viewer 59 is a hollow speech sound, and the viewer 59 can listen to a sound having a realistic feeling with less
sense of discomfort as compared with the first embodiment.

[0158] ({ Sixth Embodiment ))

The video / audio recording / reproducing apparatus 106 according to the sixth embodiment shown in FIGS. 49
and 50 is not provided with built-in stereo microphone 21 and binaural microphone 3 separately as in the first to
fifth embodiments Shows a configuration in which a normal stereophonic sound collecting microphone and a
binaural microphone are shared. 49 is a plan view showing an external configuration example of the video /
audio recording / reproducing apparatus 106 in the sixth embodiment, and FIG. 50 is a block diagram showing a
concrete internal configuration example of the video / audio recording / reproducing apparatus 106. In FIGS. 49
and 50, components having the same functions as those in FIGS. 1 and 3 are denoted by the same reference
numerals, and description thereof is omitted.

[0159] As shown in FIG. 49, the video / audio recording / reproducing apparatus 106 houses the microphone
placing sections 35 a, 35 b for placing the microphones 31 e, 31 f on the top surface and the microphone cords
310 e, 310 f connected to the microphones 31 ¢, 31 f And a cord storage section 34.

[0160] In FIG. 49, when sound is collected by normal stereo sound using the microphones 31 ¢, 31 {, the
photographer 300 places the microphones 3 le, 3 If on the microphone placing parts 35 a, 35 b and collects
sound. In the case of collecting binaural sounds, the photographer 300 pulls out the microphone cords 3 10e and
310f from the cord storage unit 34, attaches the microphones 3 le and 3 1f to the ear 302, and collects sounds.
The video / audio recording / reproducing apparatus 106 has a projection-like detecting section (not shown) for
detecting the microphones 31 e, 31 f placed on the microphone placing sections 35 a, 35 b. With the on-Z off of
the switch (corresponding to the switch Sw 4 in FIG. 50) that operates in conjunction with the protrusion
detector, the video / audio recording / reproducing device 106 places the microphones 3 le, 31 f on the
microphone placing portions 35 a, 35 b Whether or not the force is being detected. The detection of whether or
not the force placed on the microphone placement portions 35a and 35b is detected is not limited to this, and for
example, the magnetic field generating also the permanent magnet force built in the microphones 3 le and 3 1f
may be detected by a Hall element or a magneto- It is also possible to detect using.

[0161] Specifically, in FIG. 50, if the microphones 31 e and 31 f are not placed on the microphone placing parts
35 aand 35 b, the switch Sw 4 is connected to the terminal e and turned off, the microphones 31 e and 31 f are
placed If it is connected to the terminal £, it is turned on. The placement detection section 4 1a detects whether or
not the microphone 31e, 31f is placed on the microphone placing sections 35a, 35b, depending on whether the
switch Sw 4 is connected to the force terminal f connected to the terminal e . The detection signal from the
placement detection section 41 a is supplied to the control section 47.

[0162] When the placement detection unit 4 1a detects that the microphones 3 1¢ and 31f are placed, the
microphones 3 1e and 3 If perform normal stereo sound collection, and the control unit 47 controls the video /
audio recording / reproducing apparatus 106 controls each part of the circuit so as to perform a recording
operation corresponding to photographing in the normal mode. In this case, the roles of the microphones 31 ¢
and 31 f are equivalent to the built-in stereo microphone 21 in FIG. 3, and the flag information generating unit
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42 does not generate the binaural flag signal indicating that it is in the binaural mode. On the other hand, when
the placing / detecting unit 41 a detects that the microphones 31 ¢ and 31 f are not placed, the photographer 300
wears the microphones 31 ¢ and 3 If on the ears 302 to collect binaural sounds in binaural mode , The control
unit 47 controls each unit of the circuit so that the video / audio recording / reproducing apparatus 106 performs
the recording operation corresponding to the imaging in the binaural mode. In this case, the flag information
generating unit 42 generates a no-noal flag signal under the control of the control unit 47.

[0163] In the sixth embodiment, the microphones 31 e and 31 £, the microphone placing parts 35 a and 35 b, the
placing and detecting part 41 a, and the control part 47 as a whole, as microphones for collecting ambient
sounds, a bike to be worn by the photographer's ears It acts as a switching unit that switches whether to use a
microphone other than a binaural microphone that uses a nor- mal microphone.

[0164] Here, an example of the structure of the cord storage section 34 will be described with reference to FIG.
51. 51 (A) shows the internal structure of the cord storage portion 34 with respect to the upper surface side
force, and the microphone cords 310 e and 310 f are wound around the reel 341 having the rotation shaft 343. 51
(B) shows an internal structure of the cord storage portion 34 as viewed from the lower surface side, and a spiral
spring 342 is provided inside the reel 341. Instead of or in addition to detecting whether or not the microphones
31e and 31f are placed on the microphone placing parts 35a and 35b, by detecting the rotation angle of the reel
341, it is possible to determine whether or not the binaural mode You can also detect.

[0165] {({ Seventh embodiment })

The video / audio recording / reproducing apparatus 107 of the seventh embodiment shown in FIG. 52 shows a
configuration using a wireless type binaural microphone that wirelessly transmits the sound signal obtained by
collecting the sound signal to the main body of the apparatus. In FIG. 52, components having the same functions
as those in FIG. 1 are denoted by the same reference numerals, and description thereof is omitted.

[0166] In FIG. 52, the video / audio recording / reproducing apparatus 107 includes a radio transmission /
reception section 39 instead of the external microphone connection terminal 32 of FIG. 1, and performs voice
recording using a radio type binaural microphone 38 instead of the noise noisy microphone 3 . The photographer
300 attaches the wireless binaural microphone 38 wirelessly coupled to the main body of the apparatus to the
head and inserts the right and left microphones 38 a and 38 b into the ear 302 to collect the sound so that it is not
interrupted by the microphone code You can shoot. It is also possible for two persons, the photographer 300 and
a sound collector (not shown) to take photographs.

[0167] With reference to FIG. 53, the internal configuration of the video / audio recording / reproducing
apparatus 107 will be described. In FIG. 53, components having the same functions as those in FIG. 3 are
denoted by the same reference numerals, and description thereof is omitted. 53 is different from the video /
audio recording / reproducing apparatus 10 1 shown in FIG. 3 in that a wireless transmitting / receiving unit 39
is provided instead of the external microphone connecting terminal 32 and the connection detecting unit 41
Different in point!

[0168] When the wireless transmitting / receiving unit 39 receives the binaural sound signal from the wireless
type binaural microphone 38, the control unit 47 determines that the switch Swl is connected to the terminal b
And causes the binaural audio signal to be supplied from the wireless type binaural microphone 38 to the audio
encoding section 22. In this case, the control unit 47 controls the flag information generating unit 42 to generate
a binaural flag signal. Further, if it is determined that the wireless main binaural microphone 38 also exceeds the
predetermined distance, the control unit 47 connects the switch Swl to the terminal a and transmits the stereo
sound signal from the built-in stereo microphone 21 to the terminal a And supplies it to the audio encoding
section 22. In this case, the flag information generating unit 42 does not generate the binaural flag signal.

[0169] FIG. 54 shows an example of the internal configuration of the wireless binaural microphone 38 and the
wireless transceiver 39, and their operation will be described.

[0170] As shown in FIG. 54, the microphone 38 a of the wireless type binaural microphone 38 includes a
microphone unit 38 1, a microphone amplifier 382, a transmission / reception unit 383, an antenna 384, and a
warning signal transmission unit 385. The force microphone 38 b (not shown) has the same configuration as that
of the microphone 38 a except that it does not include the warning signal transmitting unit 385. The wireless
transceiver 39 includes a transmission / reception unit 391, a microphone determination unit 392, a distance
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measurement unit 393, a communication coverage area determination unit 394, a warning signal transmission
unit 395, and an antenna 396.

[0171] The microphone unit 381 of the microphone 38 a (38 b) generates a binaural sound signal. The
microphone amplifier 382 amplifies the noisy audio signal from the microphone unit 381. The transmission /
reception unit 383 modulates the amplified binaural sound signal from the microphone amplifier 382 according
to a predetermined modulation scheme, and transmits the modulated binaural sound signal via the antenna 384.
The warning signal transmitting unit 385 generates an alarm signal based on the warning signal generated by the
warning signal transmitting unit 395 of the wireless transmitting / receiving unit 39 (described later) and
transmitted via the transmitting / receiving unit 391 and the transmitting / receiving unit 383.

[0172] The antenna 396 of the wireless transceiver 39 receives the modulated signals transmitted from the right
and left microphones 38 a and 38 b. The transmitting / receiving unit 391 demodulates the received modulated
signal to generate a binaural sound signal and measures the intensity of the received power of the modulated
signal. The distance measuring unit 393 estimates the distance from the wireless transmitting / receiving unit 39
to the wireless binaural microphone 38 based on the measured intensity of the received power. The
communicable range inside determination unit 394 determines whether the estimated distance is a force within a
communicable predetermined distance. The determination result of the communication coverage area
determination unit 394 is supplied to the control unit 47. If the estimated distance is within a predetermined
communication distance, the control unit 47 connects the switch Swl to the terminal b, and controls the flag
information generation unit 42 to generate a binaural flag signal. The control unit 47 connects the switch Swl to
the terminal "a" when the estimated distance exceeds a predetermined distance capable of communicating.

[0173] The warning signal transmitting unit 395 generates a warning signal when it is determined that the
distance estimated by the communication range in-coverage determining unit 394 exceeds a predetermined
distance that can be communicated. The warning signal is supplied to the control unit 47. The control unit 47
generates a warning mark and supplies it to the display unit 17 to display a predetermined warning mark on the
display unit 17. When the warning signal transmitting unit 395 does not generate the warning signal, the
microphone judging unit 392 judges that the binaural sound signal is normally obtained, and the binaural sound
signal obtained by demodulating by the transmitting / And supplies it to the audio encoder 22 via the switch
Swl.

[0174] FIG. 55 shows an example of a warning display performed by the wireless type binaural microphone 38
and the video / audio recording / reproducing apparatus 107. The microphone 38 a is provided with a rod-like
member having a light emitting diode (LED) 386 attached to its distal end portion. A warning signal generated
by the warning signal transmitting unit 385 is supplied to the LED 386, and the LED 386 blinks (or lights) based
on the warning signal. In addition to blinking LED 386, or LED 386 may flash warning sound instead of
blinking! In this case, it is possible to lower the level of the warning sound or to set the frequency of the warning
sound to a low frequency of several tens of Hz or less, for example, so that the warning sound is not heard by

the microphone unit 381 Preferable,.

[0175] The warning signal transmitter 395 generates a warning signal when it is determined that the wireless
binaural microphone 38 has crossed the communicable area indicated by the dashed circle. As shown in FIG.
55, if the wireless type binaural microphone 38 exceeds the communicable area, a predetermined warning mark
is displayed on the display unit 17.

[0176] FIG. 56 shows an example of a warning mark displayed on the display unit 17. The warning mark 171 a
shown in FIG. 56 (A) is displayed with the X mark superimposed on the no-noal mark 171 shown in FIG. 5 (A).
The warning mark 172a shown in FIG. 56 (B) is obtained by graying out the mark 172 shown in FIG. 5 (B).
Any of the marks in FIGS. 56 (A) and 56 (B) may be used as the warning mark, and other marks may be used as
a matter of course. If it is assumed that the received power at the wireless transmission / reception unit 39 is
below the reception limit despite the warming display, the control unit 47 switches from the wireless binaural
microphone 38 to the built-in stereo microphone 21.

[0177] The operation of the video / audio recording / reproducing apparatus 107 will be described further using
FIG. 57. In FIG. 57, in step S251, the control unit 47 determines whether it is in binaural mode. If it is not
determined in step S251 that the binaural mode is set (NO), in step S253, the recording and reproducing unit 14
collects the sound by the built-in stereo microphone 21 and records a normal stereo sound signal on the
recording medium 44. FIG. If the binaural mode is determined in step S251 (YES), in step S252, the wireless
transceiver 39 receives the transmission signal from the wireless binaural microphone 38. In step S undefined
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254, the distance measuring unit 393 detects the distance from the wireless transmitting / receiving unit 39 to the
wireless binaural microphone 38 based on the strength (receiving intensity) of the received power. In step S255,
the communication coverage area determination unit 394 determines whether or not the detected distance is
within a predetermined distance.

[0178] If it is not determined in step S255 that the distance is within the predetermined distance (NO), the
control unit 47 determines in step S257 whether or not the warning display time t is 0 (non-present) and
determines whether or not the warning display time If t is 0, the warning signal transmitting unit 395 is
controlled to generate a warning signal in step S300. After the warning signal is generated, the process returns to
step S254 to repeat the same process. In step S 257, if the warning display time t is not 0 (NO), in step S 258,
the control unit 47 determines whether the warning display time t exceeds a predetermined maximum time t max
or not and determines the maximum If the time tmax has not been exceeded (NO), the process proceeds to step
S300, and the process returns to step S254 in the same manner. If it exceeds the maximum time tmax (YES), in
step S259, the control unit 47 controls the switch Swl so as to switch from the wireless type binaural lull
microphone 38 to the built-in stereo microphone 21, and stops the generation of the warning signal So as to
control the warning signal transmitter 395. Then, the process proceeds to step S25 3.

[0179] If it is determined in step S255 that the distance is within the predetermined distance (YES), in step
S256, if the warning signal transmitting unit 395 is generating a warning signal, the control unit 47 stops
generating the warning signal As shown in FIG. Then, in step S 301, the recording ‘playback unit 14 collects the
sound by the wireless type binaural microphone 38 and records the binaural sound signal on the recording
medium 44, In step S302, the control unit 47 determines whether or not an operation for ending the recording
has been performed. If the operation for ending the recording has not been performed (NO), the control unit 47
returns to step S251, and if the recording end operation has been performed (YES), the process is terminated.

Industrial applicability

[0180] The present invention can be applied not only to consumer video cameras but also to professional video
cameras to video and audio recording and reproducing apparatuses that need to reproduce realistic sounds
together with the captured images. It can also be applied to digital cameras and mobile phones with movie
shooting functions. Furthermore, although the present invention is suitable for use in a video / audio recording /
reproducing apparatus for recording and reproducing both a video signal and an audio signal, it is sufficiently
effective even when used in an audio recording / reproducing apparatus for recording / reproducing only an
audio signal .
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W02006054698A1 VIDEQ/AUDIO RECORDING APPARATUS AND METHOD, AND VIDEO/AUDIO
REPRODUCING APPARATUS AND METHOD

Data originating from sources other than the EPO may not be accurate, complete, or up to date.

The wording below is an initial machine translation of the original publication. To generate a version using the
latest translation technology, go to the original language text and use Patent Translate.

The scope of the claims

[1] (101, 102, 103, 104, 105, 106) for recording a video signal obtained by imaging a subject and an audio signal
obtained by collecting ambient sound of a photographer (300) including a sound emitted from the subject, 107)
[2-/NT,

A camera unit (11) for imaging the object,

A switch unit (Sw1) for switching whether to use a microphone other than the binaural microphone (3) using the
binaural microphone (3) worn on the ear of the photographer (300) as the ambient sound )When,

A video processing section (12) for processing the video signal outputted from the camera section (11), an audio
processing section (22) for processing the audio signal outputted from the microphone which sounds the
ambient sound,

A sound mode when the ambient sound is turned on as a binaural mode when switching to the binaural
microphone (3) as a microphone for collecting the ambient sound by the switching unit (Swl), and that the sound
mode is a noorrhard mode A flag information generating section (42) for generating a binaural flag signal
indicating a binaural flag

A recording unit (14) for recording the video signal processed by the video processing unit (12), the audio signal
processed by the audio processing unit (22), and the binaural flag signal on a recording medium,

(101, 102, 103, 104, 105, 107) characterized in that it comprises:

[2] A built-in microphone (21) incorporated in the video and audio recording apparatus (101, 102, 103, 104,
105, 107)

An external microphone connection terminal (32)

A setting section (48, 47) for setting as the external microphone to be connected to the external microphone
connection terminal (32) whether to set the binaural lull mike (3) or a microphone other than the binaural
microphone; a setting section A connection detection section (41) for detecting whether or not an external
microphone is connected to the connection section

A switch (Swl) for switching between the audio signal output from the built-in microphone (21) and the audio
signal output from the external microphone as audio signals to be supplied to the audio processing unit (22)

It is detected that the external microphone is set to the binaural microphone (3) by the setting section (47, 48)
and the external microphone is connected to the external microphone connection terminal (32) by the connection
detection section (41) , And a control unit (47) for setting the audio mode to the binaural mode,

When the voice mode is the binaural mode, the control unit (47) controls the switch (Sw1) so that the switch
(Sw1) supplies the audio signal output from the external microphone to the audio processing unit (22) ), And the
flag information generating section (42) controls the flag information generating section (42) so as to generate
the binaural flag signal as described in the first aspect of the invention Audio recording apparatus (101, 102,
103, 104, 105, 107).

[3] A display unit (17) for displaying a video signal output from the camera unit (11)
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Characterized in that it further comprises a display control unit (47) for displaying a binaural mark indicating
that the binaural mode is displayed on the display unit (17) when the audio mode is the inno informal mode. The
video and audio recording apparatus (101, 102, 103, 104, 105, 107) according to 1.

[4] The camera unit (11) has a zoom function for enlarging and capturing the object,

A sound zoom processing unit (33) for amplifying the sound signal collected by the binaural microphone (3)
according to the enlargement ratio in the camera unit (11). (102) according to the first aspect of the invention.

[5] The camera unit (101) has a zoom function for enlarging and capturing the object,

A head related transfer function for forming a virtual sound source by virtually bringing a sound source of an
audio signal collected by the binaural microphone (3) close to a listener corresponds to a plurality of distances
between the virtual sound source and the listener A transfer function memory (334) for storing and storing a
plurality of head related transfer functions stored in the transfer function memory (33 4) selectively according to
the enlargement ratio in the camera section (11) A convolution operator (336) for convolving the head related
transfer functions acquired by the function acquiring unit (333) with respect to a sound signal collected by the
binaural microphone (3), a function acquiring unit (333) (102, 103) according to claim 1, further comprising an
audio zoom processing section (33a, 33c) having a plurality of audio signal processing sections (33a, 33b)

[6] A video and audio recording method for recording a video signal obtained by imaging a subject and an audio
signal obtained by collecting ambient sound of a photographer (300) including a sound emitted from the subject,

An imaging step (S155) of imaging the subject,

A switching step (S 151) of switching whether to use a microphone other than a binaural microphone that uses a
binaural microphone (3) worn on the ear of the photographer (300) as the ambient sound,

A video processing step (S156) of processing a video signal obtained by imaging the subject, an audio
processing step (S 156) of processing a sound signal output from a microphone for collecting the ambient sound,

Wherein when switching to the binaural rhythmic (3) as a microphone for collecting the ambient sound at the
switching step (S 151), a sound mode at the time of collecting the ambient sound is set as a binaural mode, a
noiselal mode A flag information generating step (S 158) for generating a binaural flag signal indicating that the
binaural flag signal is present,

A recording step (S161) of recording in the recording medium (44) the video signal processed in the video
processing step (S156), the audio signal processed in the audio processing step (S156) and the binaural flag
signal )When,

And a video / audio recording method.

[7] An audio / video reproducing apparatus (101) for reproducing a recording medium (44) on which a video

signal obtained by imaging a subject and an audio signal obtained by collecting ambient sound of a

photographer (300) including a sound emitted from the subject are recorded , 102, 103, 104, 105, 106, 107)
[Ko!

A reproduction unit (14) for reproducing a recording signal recorded on the recording medium,

A separation unit (15) for separating the video signal and the audio signal from the recording signal reproduced
by the reproduction unit (14)

A video processing unit (16) for processing the video signal separated by the separation unit (15), an audio
processing unit (26) for processing the audio signal separated by the separation unit (15), ,

‘When a binaural flag signal indicating that a binaural microphone worn on the ear of the photographer (300) is
used as the microphone for collecting the ambient sound on the recording medium (44), the binaural flag A flag
information acquisition unit (36) for acquiring a flag signal, a flag information acquisition unit (36) for
acquiring a flag signal, a flag information acquisition unit (36) for acquiring a flag signal, And a crosstalk

Exhibit 1004
Page 0976 of 1251



canceller (27) for processing the audio signal so as to cancel out a crosstalk signal generated when sound is
generated by the sound source (53, 54)

The crosstalk canceller (27) has filters (272 a - 272 d) for convolving the filter characteristics obtained in
advance with respect to the audio signal, and the filter characteristic is obtained by combining the measurement
signal with a pair of microphones (101, 102, 103, 104, 105, 106, 107) characterized in that it is a filter
characteristic based on a head related transfer function measured using collected sound signals.

A video and audio reproducing method for reproducing a recording medium (44) in which a video signal
obtained by imaging a subject and an audio signal obtained by collecting ambient sound of a photographer (300)
including sound emitted from the subject are recorded,

A reproducing step (S 181) of reproducing a recording signal recorded on the recording medium (44); a
separating step of separating the video signal and the audio signal from the recording signal reproduced in the
reproducing step (S183)

A video processing step (S 184) for processing the video signal separated in the separating step (S 183)
An audio processing step (S 184) for processing the audio signal separated by the separating step (S 183)

A binaural flag signal indicating that a binaural microphone (3) to be worn on the ear of the photographer (300)
is used as the microphone for collecting the ambient sound is recorded on the recording medium (44) A step (S
186) of acquiring the binaural flag signal when acquiring the binaural flag signal in the flag information
obtaining step (S 186), and a step of acquiring the binaural flag signal And a crosstalk canceling step (S 188) of
processing the audio signal so as to cancel a crosstalk signal generated when the sound signal processed by the
speaker (53, 54) is sounded,

The crosstalk cancellation step (S188) is a step of convolving the filter characteristics obtained in advance with
respect to the voice signal, and the filter characteristic is a sound obtained by converting the measurement signal
into a sound collected by a pair of microphones mounted on the cylindrical structure Wherein the filter
characteristic is a filter characteristic based on a head related transfer function measured using a signal.
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(57) Abstract: A telemedicine system (8)
includes an audio-video switch (10) that
receives at least two different signals and
conveys at least one of the at least two different
signals to an output device (18) that presents
it to a user. A control device (162) monitors
a position of the audio-video switch (10) and
automatically controls the position to select
which of the at least two different signals is
passed through the audio-video switch (10) to
the output device (18) in response to a signal
from a remote source (34). Signals received
from the remote source (34) include medically
related audio video message signals, which
are input to the audio-video switch (10), and
a control signal that causes the audio-video
switch (10) to select between passing the
medically related audio-video message signals
and other received signals to the output device
(18).
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DESCRIPTION
INTERCOM DEVICE AND WIRING SYSTEM USING THE SAME

TECHNICAL FIELD
The present invention relates to an intercom device suitable for an

interphone system or the like, and a wiring system using the same.

- BACKGROUND ART

Conventionally, an interphone system has been widely used as
short-distance conversation means between separated rooms or between an
entrance and a room of a building or a house. A typical interphone system for
household use is mainly formed with an indoor intercom device installed on a
wall surface of the room, and an outdoor intercom device installed on a wall
surface of the entrance, and connected to the indoor intercom device through a
transmission line. For example, the outdoor intercom device has a microphone
for receiving a visitor’s voice, and a speaker for outputting a dweller’s voice. By
operating the outdoor intercom device, the visitor can have a conversation with
the dweller using the indoor intercom device.

In this kind of intercom device, since the speaker is located neér the
micfophone, there is an inconvenience that howling phenomenon easily occurs
when the audio output of the speaker is picked up by the microphone. To solve
this inconvenience, various measures or methods for preventing the howling
phenomenon have been proposed.

.For example, Japanese Patent Publication No. 2607257 discloses a
loudspeaker communication device 300, which is suitable for a handsfree
telephone. As shown in FIG. 35A, this communication device 300 has a
speaker SP, and a pair of microphones (M1, M2). In addition, to prevent the
héwling phenomenon caused when an audio output of the speaker SP is picked -
up by the microphone (M1, M2), the communication device 300 also includes a

pair of amplifying circuits (310, 320), a level-control amplifying circuit 330, a
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delay circuit 340, and a differential amplifying circuit 350, as shown in FIG.
35B. The delay circuit 340 dt'elays( an output of the microphone M1 located
closer to the speaker SP by a delay time, which is determined according to
sound velocity and a difference between a distance d1 between the microphone
M1 and the speaker SP and a distance d2 between the microphone M2 and the
speaker SP. The level-control amplifying circuit 330 controls the output level
of the microphone M2 such that an amplification factor is d2/dl. In other
words, the output level of the microphone M2 is controlled so as to be
substantially equal to the output level of the microphone M1 with respect to the
signal component corresponding to the audio output of the speaker SP. The
differential amplifying circuit 350 receives an output of the delay circuit 340
and an output of the level-control amplifying circuit 330, and provides an
output signal corresponding to a difference between these outputs.

According to this communication device, the signal component
corresponding to the audio output of the speaker SP is cancelled from the
output of the microphone (M1, M2) by the differential amplifying circuit 350.
Therefore, it is possible to achieve a comfortable communication, while
preventing the howling phenomenon.

However, as shown in FIG. 35A, since each of the microphones (M1, M2) is
spaced from the speaker SP by a relatively large distancé,‘ there is another
problem that the device itself becomes large in size. In addition, since the
intercom device is usually installed on the wall surface or the like, it is strongly
desired that the intercom device has a thin thickness. On the other hand,
when the speaker is accommodated in an excessively thin housing, a volume of
a rear air chamber, which is defined as a space of a rear side of the speaker, is
reduced, so that a radiating sound pressure of the speaker lowers and a
minimum resonance frequency of the speaker shifts to a higher frequency level.
As a result, there is a fear that deteriorations in sound quality and
electro-acoustic conversion efficiency of the speaker occur.

Thus, the conventional intercom device still has plenty of room for
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improvement in downsizing of the device itself, sound quality, electro-acoustic

conversion efficiency as well as the prevention of howling phenomenon.

SUMMARY OF THE INVENTION

Therefore, a primary concern of the present invention is to provide a
compact intercom device, which has the capability of preventing howling
phenomenon, and achieving an improvement in sound quality and efficiency.

That is, the intercom device of the present invention is characterized by
comprising:

a housing;

a speaker accommodated in the housing such that a front air chamber is
defined as a space enclosed by a front surface of the speaker and an inner
surface of the housing, and a rear air chamber is defined as a space enclosed by
a rear surface of the speaker and an inner surface of the housing;

a first microphone disposed such that its sound receiving surface faces the front
air chamber;

a second microphone disposed such that its sound receiving surface faces
outside of the hbusing; and

a signal processing unit configured to, when an audio output of the speaker is
picked up by the second microphone, remove a signal component corresponding
to the audio output of the speaker from an output signal of the second
microphone by use of an output signal of the first microphone.

According to the invention, since the first microphone easily and efficiently
collects the audio information output from the speaker, howling phenomenon
can be efficiently prevented by the signal processing unit. In addition, a
distance between the first microphone and the speaker becomes short, thereby
allowing downsizing of the intercom device. Furthermore, since the sound
receiving surface of the second microphone faces the outside of the housing, an
acoustic coupling between the speaker and the second microphone reduces,

and the second microphone becomes hard to pick up the audio output of the
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speaker. As a result, the second microphone can be located closer to the
speaker. Thus, it is possible to provide a compact intercom device capable of
preventing the howling phenomenon. ‘

From the viewpoint of more efficiently preventing the howling phenomenon,
it is preferred that the rear air chamber is the space hermetically-sealed by the
rear surface of the speaker and the inner surface of the housing. In addition, it
is preferred that the first microphone is arranged such that the sound receiving
surface of the first microphone faces a diaphragm of the speaker. Moreover,
when the first microphone and the second microphone are mounted on a same
circuit board, it is preferred that the circuit board is mounted on an outside
surface of the housing such that the sound receiving surface of the first
microphone faces the front air chamber and the sound receiving surface of the
second microphone faces the outside of the housing.

On the other hand, from the viewpoint of further downsizing the intercom
device, the second microphone is preferably located adjacent to the speaker. In
addition, it is preferred that the first and second microphoﬁes are mounted on a
single board. .

From the viewpoint of improving sound quality and electro-acoustic
conversion efficiency of the speaker, it is preferred that the intercom device has
an acoustic tube having an opening communicated with the rear air chamber at
its one end, and a closed end at the other end. Alternatively, the intercom
device majf have a plurality of acoustic tubes having different lengths, each of
which has an opening communicated with the rear air chamber at its one end,
and a closed end at the other end. In addition, it is preferred that the acoustic
tube has a tube length of an odd multiple of one quarter of a wavelength
determined in consideration of sonic velpcity and an intended frequency where
an increase in sound pressure level of the audio output of the speaker is needed.

, Furthermore, it is preferred that the acoustic tube has a resonant
frequency between a frequeﬁcy equivalent to a lowest resonant frequency of the

speaker that is supposed to be mounted on an infinite baffle and a lowest
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resonant frequency of the speaker mounted on the rear air chamber with the
absence of the acoustic tube. The acoustic tube can be formed along an inner
surface of the rear air chamber. If necessary, a sound absorbing material may
be disposed at the opening of the acoustic tube.

A further concern of the present invention is to provide a wiring system
using the intercom device described above. That is, the wiring system
comprises at least one transmission line installed in a building structure to
transmit electric power and information signals, and a plurality of base units
each adapted in use to be mounted in a wall surface of the building structure,
and connected to the transmission line. The intercom device has a first
connector detachably connectable to a seco'nd connector formed in each of the
base units. This wiring system is characterized in that when the first
connector is connected to the second connector of one of the base units, the
intercom device functions such fhat the information Signalé provided through
the transmission line are output as audio information from the speaker unit,
and an output of the signal processing unit is sent out through the transmission
line.

By the way, in the intercom device installed dn the wall surface of the house,
one provided with a liquid crystal display or the like for displaying not only the
audio information but also visual information such as images comes into
practical use recently. Once such an intercom device is installed on the wall
surface, not Pnly electric wiring work but also mounting/repair work to the wall
surface are required in a case where a layout of the intercom device has to be
changed. However, it is not easy for a general user himself/herself to do the
work. In addition, a function of the conventional intercom device is completed
by itself, and a new-type intercom device is required in a case where it is desired
to add another function. In such a case, not only a purchase of the new-type

intercom device but also the above-described mounting/repair work becomes

_necessary, so that this is a great burden in cost for the user. The wiring sysfem

of the present invention is effect. According to the wiring system of the present
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invéntion, since the intercom device is detachably connectable to the base unit,
there advaﬁtages that the wiring system allows great flexibility for the change of
layout of the intercom device, and makes it easy to replace the intercom device
without cumbersome repairing work. Thus, the present invention provides the
wiring system capable of solving the problems described above.

As a preferred embodiment of the wiring system of the present invention,
the wiring system further comprises a function unit adapted in use to be
connected to the transmission line through one of the base units, the function
unit having a third connector detachably connectable to one of the second
connector of the base unit, and an extended connector formed in the intercom
device. When the third connector of the function unit is connected to the
second connector of the base unit, or when the first connector of the interc.om
device is connected to the second connector of the base unit, and the third
coﬁnector of the function unit is connected to the extended connector of the

intercom device, the function unit provides at least one of functions for

- supplying electric power provided through the transmission line, outputting

information signals provided through the transmission line, and sending out
information signals through the transmission line. At this time, it is
particularly preferred that the first connector and the third connector are
stylized in shape and arrangement, and the second connector and the extended
connector are stylized in shape and arrangement corresponding to the
stylization of the first connector and the third connector.

As another preferred embodiment of the wiring system of the present
invention, the wiring system further comprises a function unit adapted in use to
be connected to the transmission line through one of the base units. The
function unit has a third connector detachably connectable to the second
connector of the base unit and an extended connector detachably connectable
to the first connector of the intercom device. When the third connector of the
function unit is connected to the second connector of the base unit, and the

extended connector of the function unit is connected to the first connector of the
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intercom device, the function unit provides at least one of functions for
supplying electric power provided from the transmission line through the base
unit, outputting information signals provided from the transmission line
through the base unit, and sending out information signals to the transmission
line through the base unit, and the intercom device operates such that the
information signals provided from the transmission line through the base unit
and the function unit are output as audio information from the speaker unit,
and the output of the signal processing unit is sent out to the transmission line
throuéh the base unit and the function unit. At this time, it is particularly
pyeferred that the first connector and the third connector are stylized in shape
and arrangement, and the second connector and the extended connector are
stylized in shape and arrangement corresponding to the stylization of the first
connéctor and the third connector.

In the wiring system described above, it is preferred that the first and
second connectors provide an electric power transmission between the base
unit and the intercom device by means of electromagnetic coupling, and/or the
first and second connectors provide a signal transmission between ﬂ.le base unit
and the intercom device by means of optical coupling.

Further characteristics of the present invention -and advantagés brought
thereby will be clearly understood from the best mode for carrying out the

invention described below.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a perspective view of an intercom device according to a first
embodiment of the present invention;

FIG. 2 is a cross-sectional view of the intercom device;

FIG. 3 is a circuit diagram of a voice processing unit of the intercom device;
FIG. 4 is a cross-sectional view of a microphone board of the intercom device;

FIG. 5 is a cross-sectional view of a bare chip employed in the microphone

board;
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FIG. 6A is a simplified plan view of the microphone board, and FIG. 6B is a
simplified circuit diagrarﬁ of the microphone board;

FIG. 7 is a circuit diagram of an impedance converting circuit of the microphone
board; ‘

FIG. 8 is a circuit diagram of a signal processing unit of the intercom device;
FIG. 9A and FIG. 9B are diagrams showing signal waveforms in the signal
processing unit;

FIG. 10A and FIG. 10B arediagrams showing further signal waveforms in the
signal processing unit; ‘

FIG. 11A and FIG. 11B are diagrams showing another éignal waveforms in the
signal processing unit; '

FIGS. 12A to 12C are diagrams showing still another signal waveforms in the
signal processing unit;

FIG. 13 is a cross-sectional view of an intercom device according to a second
embodiment of the present invention;

FIGS. 14A to 14C are cross-sectional and plan views of another housing of the
intercom device according to the second embodiment;

FIG. 15 is a graph showing frequency characteristics of the cancelled amount of
voice components of the speaker;

FIG. 16 is a graph showing frequency characteristics of the radiating sound
pressure of the speaker;

FIG. 17 is a cross-sectional view of an intercom device using an ideal baffle
plate;

FIG. 18 is a graph showing sound pressure characteristics of the intercom
device having an acoustic tube and the intercom device having no acoustic tube;
FIG. 19 is a simplified cross-sectional view showing a modification of the
housing having the acoustic tube;

FIG. 20 is a simplified cross-sectional view of a housing having a plurality of
acoustic tubes;

FIG. 21 is a plan view of a housing having a sound absorbing material;
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FIG. 22 is a schematic diagram of a wiring system using an intercom device
according to a third embodiment of the present invention;

FIG. 23 is a schematic circuit diagram of a base unit of the wiring system;

FIG. 24 is a rear perspective view of the base unit;

FfG. 25A is a perspective view showing a gate housing and a main housing of the
'base unit, and-FIG. 25B is a plan view of a module port of the gate housing;
FIG. 26 is a plan view of an attachment plate for mounting the base unit on a
switch box;

FIG. 27 is a schematic circuit diagram of the function unit;

FIG. 28 is a perspective view of the intercom device for the wiring éystem;

FIG. 29 is a schematic circuit diagram of the intercom device for the wiring

system;

FIG. 30 is a perspective view of the intercom device connected to the function

unit or the base unit;

FIG. 31 is an exploded perspective view of the base unit;

FIG. 32A is a front view of the function unit, FIG. 31B is a side view of the

function unit, FIG. 32C is an exploded side view of the function unit, and FIG.

32D is a perspective view of a joining member;

FIG. 33 is a perspective view illustrating how to mechanically couple the

function unit to the base unit;

FIG. 34 is a schematic circuit diagram of an intercom device for a power line

carrier type wiring system; and

FIG. 35A is a schematic perspective view of a conventional loudspeaker
~communication device, and FIG. 35B is a partial block diagram of the

loudspeaker communication device.

BEST MODE FOR CARRYING OUT THE INVENTION
Referring to the attached drawings, an intercom device of the present

invention and a wiring system using the intercom device are explained in detail
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according to preferred embodiments.
(First Embodiment)

As shown in FIGS. 1 and 2, an intercom device A according to a first:
embodiment of the present invention includes a housing Al, a speaker SP, a
microphone board MB1, and a voice processing unit 10. The housing Al
consists of a body A10 having an opening at its back face, and a cover A1l for
closing the opening of the body A10, and accommodates the speaker SP and the
voice processing unit 10 therein. The housing A10 has a plurality of sound
holes 12 formed in a front face of the body A10. The speaker SP
accommodated in the housing Al provides a voice output through the sound
holes 12 to outside of the housing Al. The microphone board MB1 has a
sound hole F2 that picks up a voice emitted frorﬁ a user of the intercom device A.
In operation, when a conversation switch SW1 is operated to the ON position,
the intercom device A sends the picked-up voice to another intercom device A
and receives signals from another intercom device A via an information line Ls.

As shown in FIG. 2, the speaker SP includes a cylindrical yoke 20 that is
open at one end, and a round support 21 that extends radially oﬁtward from the
open end of the yoke 20. The yoke 20 is formed of an iron-containing material,
such as a cold rolling steel plate (SPCC, SPCEN) or an electromagnetic soft iron
(SUY), and has a thickness of about 0.8 mm. A columnar permanent magnet
22 (having a residual flux density of, for example, 1.39 T to 1.43 T) formed of, for
example, neodymium is placed in the yoke 20. An edge surface of the round
support 21 is fixed on an edge portion on an outer peripheral side of a
dome-shaped diaphragm 23.

The diaphragm 23 is formed of a thermoplastic material, such as PET

- (PolyEthylene Terephthalate) or PEI (Polyetherimide), and has a thickness of, for

example, 12 pm to 50 um. A cylindrical bobbin 24 is fixed to the bdck of the
diaphragm 23, and a voice coil 25 is provided at the rear end of the bobbin 24
The voice coil 25 is located at the open end of the yoke 20, and the bobbin 24
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and the voice coil 25 are allowed to freely move back and forth (in the vertical
direction in FIG. 2) in the vicinity of the open end of the yoke 20. The voice coil
25 is formed by winding a polyurethane coppér wire (having a diameter of 0.05
mm, for example) around a paper sleeve of craft paper.

When the polyurethane copper wire of the voice coil 25 receives a voice
signal, an electromagnetic power is generated in the voice coil 25 by electric
current of the voice signal and a magnetic field of the permanent magnet 22,
thereby to vibrate the bobbin 24, along with the diaphragm 23, forward and
backward. As a result, a sound corresponding to the voice signal is emitted
from the diaphragm 23. That is to say, the speaker SP of this embodiment is
an electrodynamic speaker. The speaker has, for example, a diameter of 20
mm. to 25 mm, and a thickness of about 4.5 mm.

A rib 11 is formed on an inner surface of the front wall of the housing A1,
which is opposed to the diaphragm 23, and is in contact with an end face of a
convex portion Zia that protrudes frontward from an outer peripheral portion of

the round support 21. Thus, the speaker SP is fixed to the housing Al such ‘

' that the diaphragm 23 faces the inner surface of the front wall of the housing

Al.
With the speaker SP thus fixed within the housing Al, a front air chamber

Bf is formed as a space enclosed by the inner surface of the front wall of the
housing Al and a front surface (on which the diaphragm 23 is located) of the
speaker SP, and a rear air chamber Br is formed as a space enclosed by an inner
surface of the rear and side walls of the housing Al and the rear surface (on
which the yoke 20 is located) of the speaker SP. The front air chamber Bf
communicates with outside of the housing Al through the sound holes 12
formed in the front wall of the housing Al. The rear air chamber Br is
insulated from (or does not communicate with) 'the front air chamber Bf since
the end portion of the support 21 and the rib 11 are attached firmly to each
other. Furthermore, the cover All is tightly fitted in the opening formed in the
rear wall of the body AlO, so that the rear air chamber Br provides a
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hermetically-sealed space that is insulated also from the outside of the housing
Al. A gasket may be provided between the end portion (or the convex portion
21a) of the support 21 and the rib 11 so as to increase the degree of adhesion
between the support 21 and the rib 11.

As shown in FIG. 3, the voice processing unit 10 is formed by an integral
circuit (IC), which includes a communication unit 10a, echo canceling units
(10b, 10c¢), an amplification unit 10d and a signal processing unit 10e. In
operation, the communication unit 10a receives a voice signal transmitted from
an intercom device A installed, for example, in another room through the

information line Ls. The received voice signal is transmitted through the echo

‘ canceling unit 10b to the amplification unit 104, in which the signal is amplified,

and then output from the speaker SP. When the conversation switch SW1 is
operated to the ON position, the voice communication function of fhe intercom
device A becomes available. In this condition, voice signals respectively
received from a microphone M1 (first microphone) and a microphone M2
(second microphone) on the microphone board MB1 are processed by the signal
processing unit 10e. In the signal processing unit 10e, each received signal is
processed in the manner as described later, and the resulting signal passes
through the echo canceling unit 10c¢. Then, upon reception of the resulting
signal from the echo canceling unit 10c¢, the communication unit 10a transmits
the resulting signal through the information line Ls to the intercom device A
installed in, for example, another room. In this manner, the intercom device A
serves as an interphone that permits two-way voice communications between
the rooms. An electric power for the intercom device A may be supplied from a
wall socket disposed in the vicinity of the location where the intercom device A is
installed. Alternatively, the electric power may be supplied through the
information line Ls, or may be supplied from an internal battery accommodated
in the intercom device A.

As shown in FIG. 4, the microphone board MB1 has a module board 2 and

the microphones M1 and M2, which are mounted on a (top) surface 2a of the
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module board 2. The microphone M1 is mainly formed with a bare chip BC1,
an IC chip Kal, and a shield case SC1. Each of the bare chip BC1, the IC chip
Kal, and a wiring pattern (not shown) on the module board 2 are connected to
each other with wires W (wire bonding). The shield case SCL covers the bare
chip BCI and the IC chip Kal. The microphone M2 has the same construction
as that of the microphone M1. That is to say, the microphone M2 is formed
with a bare chip BC2, an IC chip Ka2, and a shield case SC2 mounted on the
module board 2 that covers the bare chip BC2 and the IC chip Ka2. The
microphones (M1, M2) are préferred to be formed on a silicon substrate by a
micro structure manufacturing process. That is, it is preferred that the
microphones (M1, M2) are IC chips of Micro Electro Mechanical System
(MEMS).

Each of the bare chips BC1 and BC2, which will be generally referred to as
“bare chip BC”, provides a condenser-type silicon microphone, as shown in FIG.
5. More specifically, the bare chip BC includes a silicon thin film 1d that is
formed on a (top) surface of a silicon substrate 1b so as to cover a cavity le
formed through the silicon substrate 1b. An electrode 1f is formed above the
silicon thin film 1d with an air gap le interposed therebetween, and two pads 1g
are provided on the surface of the silicon substrate 1b for producing an output
in the form of a voice signal. When the silicon thin film 1d is vibrated by a
sound wave from oufside, such as a hﬁman voice, a capacitance between the
silicon thin film 1d and the electrode 1f changes, namely, the amount of electric
charge changes. With the change in the electric charge amount, electric
current proportional to the received sound wave flows from the two pads 1g.
Each of these bare chips BC1l and BC2 is fixed by d»ie-bonding the silicon
substrate 1b on the module board 2, as shown in FIG. 4. The silicon thin film
1d of the bare chip BC2 faces the sound hole F2 formed in the module board 2.

As shown in FIG. 4, a sound receiving surface of the microphone M1 is

positioned on a surface having the sound hole F1 of the shield case SC1. On

the other hand, a sound receiving surface of the microphone M2 is positioned
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on a surface having the sound hole F2 of the module board 2. Thus, the sound
receiving surface of the microphone M1 is to receive sound from an upper side of
FIG. 4, and the sound receiving surface of the microphone M2 is to receive
sound from an opposite side, i.e., the lower side of FIG. 4. In brief, as shown in
FIG. 2, the module board 2 is mounted to the housing Al such that the sound
receiving surface of the microphone M1 faces the diaphragm 23 of the speaker
SP, and the sound receiving surface of the microphone M2 faces outside of the
housing Al. Since both of the microphones (M1, M2) are mounted on the same
surface 2a of the module board 2, the thickness of the microphone board MB1
can be advantageously reduced.

FIG. 6A is a simplified plan view of the module board 2. The module board
2 has a substantially T—shape? which is composed of a rectangular portion 2f,
on which the microphone M1 ié mounted, a rectahgular portion 2g, on which
the microphone M2 is mounted, and a connecting portion 2h that connects the
rectangular portions 2f and 2g. The rectangular portion 2g is formed to be
larger than the rectangular portion 2f. The rectangular portion 2g has a
negative power supply pad P1, a positive power supply pad P2, and output pads
(P3, P4)A on an edge portion of the rectangular portion 2g such that each of the
pads (P1, P2, P3, P4) forms a line aiong an end face of the edge portion of the
rectangular portion 2g. |

As shown in FIG. 6B, the negative power supply pad P1 is connected to a
negative terminal of an external power supply, and the positivé power supply
pad P2 is connected to a positive terminal of the external power supply. The
elec‘gric power received from the pads (P1, P2) is supplied to the microphones
(M1, M2) through the wiring patterns on the module board 2. A voice signal
corresponding to the voice picked up by the microphbne M1 is output from the
output pad P3 via the wiring pattern on the module board 2. On the other
hand, a voice signal corresponding to the voice picked up by the microphone M2
is output from the output pad P4 via the wiring pattern on the module board 2.

The negative power supply pad P1 also serves as a ground pad that establishes
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a ground for the voice signals delivered from the output pads (P3, P4).

As described above, electric powers needed to activate the microphones (M1,
M2) are supplied from the power supply via the common negative and positive
power supply pads (P1, P2). The negative power supply pad P1 also serves as
the ground pad for the outputs of microphones (M1, M2). Therefore, the
number of pads used in the microphone board MB1 can be reduced, and the
construction of the microphone board MB1 can be simplified.

Next, an operation of the microphone board MB1 will be explained. First,
electric currents flowing from the bare chips BC1 and BC2 correspoﬁding to the
received spund signal are subjected to impedance-conversion, and converted to

voltage signals by the IC chips Kal and Ka2. Then, the voltage signals are

 output as voice signals from the output pads (P3, P4), respectively.

For example, each of the IC chip Kal and the IC chip Ka2, which will be
generally referred to as “IC chip Ka”, has a circuit configuration, as shown in

FIG. 7. The IC chip Ka has a constant-voltage circuit Kb formed of a chip IC

-that converts a power supply voltage +V (e.g., 5V) supplied from the power

supply pads (P1, P2) to a constant voltage Vr (e.g., 12V). The constant-voltage
circuif Kb applies the constant voltage Vr to a series circuit of a resistance R11
and the bare chip BC. A connection midpoint of the resistance R11 and the
bare chip BC is connected to a gate terminal of a junction-type J-FET S11
through a capacitor C11. A drain terminal of the J-FET 811 is connected to an
operating voltage +V, and a source terminal is connected through a resistance
R12 to the negative terminal of the power supply. Herein, the J-FET 811 is
intended for converting electrical impedance, and the voltage of the source
terminal of the J-FET S11 produces an output as the voice signal. It is to be

understood that the impedance converting circuit of the IC chip Ka is not

~limited to the above-described configuration, and may be replaced by a circuit

having a function of a source follower circuit by an operation amplifier. For
example, an amplifying circuit for the voice signal may be provided in the IC
chip Ka, if necessary.
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In the microphone board MB1, on which signal transmission and supply of
electric power are performed via the wiring patterns on the module board 2 as
described above, the signal lines and the power-supply lines can be arranged
with high efficiency, and attached to the outer surface of the housing Al, as
shown in FIG. 1. In this embodiment, as shown in FIG. 1, the surface 2a of the
module board 2 is attached along an outer surface of the front wall of the
housing A1, and the microphone M1 is inserted in an opening 13 formed in the
front wall of the housing Al such that the sound receiving surface of the
microphone M1 faces the front air chamber Bf. The diaphragm 23 faces the
microphone M1 through the sound hole F1 formed in the shield case SC1.
With this arrangement, the microphone M1 has a high directivity to ﬂle voice
emitted from the speaker SP via the sound hole F1, so that the voice emitted
from the speaker SP can be efficiently picked up by the microphone M1. The
microphone M2 fits in a recess 14 formed in the front wall of the housing A1,
and faces the outside (or the front) of the housing Al through the sound hole F2
formed in the module board 2. In this regard, a direction where the second
microphoné M2 receives a voice from the outside of the housing Al is
substantially equal to the direction of emitting a voice frém the speaker SP.
Thus, the microphone.MZ has a high directivity to the voice of a talker who is
located in front of the intercom device A. When X1, X2 represent distances
from the center of the speaker SP to the centers of microphones (M1, M2),
respectively, the relationship between the distances (X1, X2) is expressed as X1
<X2.

Since the rear air chamber Br facing the rear surface of the speaker SP is
hermetically-sealed in the héusing Al as shown in FIG. 2, the voice emitted
from the rear surface of the speaker SP (rear'surface of the diaphragm 23) is less
likely to leak from the rear air chamber Br, so that an acoustic coupling between
the speaker SP and the microphone M2 is lowered. BY the way, the voice
emitted from the rear surface of the speaker SP is reversed in phase with respect

to the voice emitted from the front surface of the speaker SP (front surface of the
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diaphragm 23). Therefore, if the voice emitted from the rear surface of the
speaker SP goes around to the front of the speaker SP, these voices emitted from
the front and rear surfaces of the speaker SP are cancelled with each other. As
a result, the radiating sound pressure of the _speaker SP is lowered, and it

becomes difficult for the talker located in front of the intercom device A to hear

_the voice (sound) emitted from the speaker SP. However, since the intercom

device of this embodiment is formed to reduce the leaking of the voice emitted
from the rear surface of the speaker SP to the outside of the housing Al, as
described above, it is possible to prevent such a reduction in the radiating
sound pressure, which is caused by the voice emitted from the rear surface of
the speaker SP going around to the front of the speaker SP.

As shown in FIG. 2, since the recess 14, in which the microphone M2 is
inserted, is an insulated space not communicated with the rear air chamber Br,
the microphone M2 is even less likely to pick up the voice (or sound) emitted
from the speaker SP. Therefore, the acousﬁc coupling between the speaker SP
and the microphone M2 can be further reduced. With the above arrangement,
the microphones (M1, M2) are adapted to separately pick up the voice emitted
from the speaker SP and the voice of (generated by) the talker, respectively.

Furthermore, if the microphone board MB1 is placed in the housing Al, it
is difficult to maintain the spatial insulation between the front air chamber Bf
and the rear air chamber Br. In this embodiment, however, ‘the microphone
board MBI is attached to the outer surface of the housing Al. Therefore, it is
possible to maintain the spatial insulation between the front air chamber Bf and
the rear air chamber Br.

As described below, the intercom device of this embodiment has a
configuration to prevent a howling phenomenon caused when the microphones
(M1, M2) pick up the voice emitted from the speaker SP. ‘

As shown in FIG. 8, the signal processing unit 10e of the voice processing
unit 10 includes an amplifying circuit 30 for amplifying the output of the

microphone M1, a band-pass filter 31 for removing noises of frequencies other
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than a voice-band (300 to 4000 Hz) from the output of the amplifying circuit 30,
and a delaying circuit 32 for delaying the output of the band-pass filter 31.
The signal processing unit 10e further includes an amplifying circuit 33 for
amplifying the output of the microphone M2 while reversing the phase of the
output of the microphone M2 by 180 degrees, a band-pass filter 34 for removing
noises of frequencies other than the voice-band (300 to 4000 Hz) from the
output of the amplifying circuit 33, and an adder circuit 35 for adding the
outpufs of the delaying circuit 32 and the band-pass filter 34. |

A Referring to FIG. 8 to FIG. 12C, operations of the signal processing unit 10e
will be explained below. First, an operation of the signal processing unit 10e
when the voice emitted from the speaker SP is picked up by the microphones
(M1, M2) will be explained. FIGS. 9A and 9B, 10A and 10B, 11A and 11B, and

- 12A to 12C show voice signal waveforms that appear at respective units of the

signal processing unit 10e when the microphones (M1, M2) respectively pick up
the voice emitted from the speaker SP. As mentioned above, the distance X1
from the center of the speaker SP to the center of the microphone M1 is smaller
than the distance X2 from the center of the speaker SP to the center of the
microphone M2. Accordingly, as shown in FIGS. 9A and 9B, when the
microphones (M1, M2) pick up the voice emitted from the speaker SP, the
amplitude of the outpﬁt Y21 of the microphone M2 is smaller than that of the
output Y11 of the microphone M1 due to the difference between the distances
(X1, X2). In addition, the phase of the output Y21 of the microphone M2 is
delayed with respect to that of the output Y11 of the microphone M1 by a delay
time Td (=(X2-X1)/Vs, where Vs is sonic velocity}, which is proportional to the
difference between the distances (X2-X1).

The amplifying circuit 30 amplifies the output Y11 to produce an output
Y12, and the amplifying circuit 33 amplifies the output Y21 while reversing the
phase thereof by 180 degrees, to produce an output Y22. At this time, each of
the amplifying circuits (30, 33) performs level adjustment based on the
difference between the distances (X2-X1), so that the output levels of the

Exhibit 1004
Page 1002 of 1251



10

15

20

25

30

WO 2008/050583 PCT/JP2007/069131
19

microphones (M1, M2) relative to the voice emitted from the speaker SP become
equal to each other, as shown in FIGS. 10A and 10B. In this embodiment,
since an amplitude rate of the amplifying circuit 30 is set to substantially 1, the
amplifying circuit 30 may be eliminated from the signal processing unit 10e.

As shown in FIGS. 11A and 11B, the band-pass filters (31, 34) remove
frequencies other than the voice band from the outputs Y12 and Y22, to
produce outputs Y13 and Y23, respectively.

The delaying circuit 32 can be formed by, for example, a time delay device
or a CR phase delaying circuit. The delaying circuit 32 delays the output of the
microphone M1, which is located closer to the speaker SP, by the
above-described delay time Td, thereby producing an output Y14 whose phase
coincides with the phase of the output Y23 of the band-pass filter 34. Thus, it
is possible to reduce noises contained in a voice signal to be transmitted.

Through the amplifying and delaying processes described above, a voice
component emitted from the speaker SP, which is contained in the output Y14,
and the voice component emitted from the speaker SP, which is contained in the
output Y23, have the same amplitude and the reversed phase relative to each
other, as shown in FIG. 12A and FIG. 12B. The adder circuit 35 adds the
output Y14 and the output Y23 to cancel the voice component of the speaker SP
from the output of the microphone M2. Thus, it is possible to produce an
output Ya shown in FIG. 12C, in which the voice component from the speaker
SP is removed or reduced. As described above, the signal processing unit 10e
removes the voice component of the speaker SP from the output signal Y21 of
the microphone M2 by using the output signal Y11 of the microphone M1.

On the other hand, an operation of the signal processing unit 10e when the
voice emitted from the talker H in front of the intercom device A is picked up by
the microphones (M1, M2) will be described below. Since the microphone M2
has a high directivity to the voice from the talker H located in front of the
intercom device A, the amplitude of the output Y21 of the microphone M2 is
larger than that of the output Y11 of the mi.crophone M1l. Furthermore, since
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the signal from the microphone M1 is not amplified while the signal from the
microphone M2 is amplified in the amplifying circuit 33, the voice component
from the talker H contained in the output ¥23 is sufficiently larger than the
voice compomnent from the talker H contained in the output Y14. Thus, even
after the above-described adding process is performed in the adder circuit 35,
the signal corresponding to the voice generated by the talker H remains in the
output Ya with a sufficiently large amplitude.

In the manner described above, the voice component from the speaker SP is
reduced in the output Ya of the adder circuit 35, whereas the voice component
generated by the talker H in front of the intercom device A remains in the output
Ya. Thus, a relative difference in the output Ya between the voice component
from the talker H, which is desired to be saved, and the voice component from
the speaker SP, which is desired to be reduced, becomes larger. That is to say,
even when the voice from the talker H and the voice from the speaker SP are
simultaneously generated, only the voice component from the speaker SP is
reduced while the voice component from the talker H remains sufficiently large.
Accordingly, it is possible to prevent the howling phenomenon caused when the
microphones (M1, M2) pick up the voice output of the speaker SP.

Since the microphone M1 is disposed in the froqt air chamber Bf so as to
face the diaphragm 23, as shown in FIG. 2, the microphone M1 efficiently picks
up the voice emitted from the speaker SP. Therefore, the signal processing unit
10e can efficiently achieve the howling phenomenon prevention function.
Furthermore, since the sound receiving surface of the microphone M2 faces
outside of the housing Al, and the output direction of the speaker SP and the
directivity of the microphone M2 substantially conform to each other, the
acoustic coupling between the speaker SP and the microphone M2 is reduced.
Thus, the microphone M2 is less likely to pick up the voice emitlted from the
speaker SP, and can be placed close to the speaker SP, that is to say, close to
the front air chamber Bf, which makes it possible to downsize the intercom

device A.
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On the other hand, the signal processing unit 10e transmits the voice
signal to the echo canceling unit 10¢ through a digital-analog converter (not
shown), and the echo canceling unit (10b, 10c¢) shown in FIG. 3 perform the
process as described below to further efficiently prevent the howling
phenomenon.

Ffrst, the echo canceling unit 10¢ retrieves the output of the echo canceling
unit 10b as a reference signal, and performs a suitable computation on the
output of the signal processing unit 10e, thereby canceling a voice signal, which
goes around from the speaker SP to the microphones (M1, M2). On the other
hand, the echo canceling unit 10b also reﬁieves the output of the echo
canceling unit 10c as the reference signal, and performs a suitable computation
on the output of the communication unit 10a, thereby canceling a voice signal,
which goes around from a speaker of an intercom device installed in another
room to its microphones.

More specifically, the echo canceling units (10b, 10c¢) control the amount of
loss at variable loss means (not shown) provided in a loop circuit consisting of
the speaker SP, the microphones (M1, M2), the signal processing unit 10e, the
echo canceling unit 10¢, the communication unit 10a, the echo canceling unit
10b, the amplifying unit 10d and the speaker SP, so as to prevent the howling
phenomenon by making the loop gain less than 1. Herein, one of the
transmitted voice signal and the received voice signal, which has a smaller

signal level, is i‘egarded as not important, and a transmission loss of a variable

~ loss circuit, which is inserted in a transmission path of the signal having the

smaller level, is increased. In this embodiment, the intercom devices transmit
signals via the information line Ls. However, the transmission of signals is not
limited to a wired line. A non-wired transmission manner such as radio wave,
optical communication 'system, and infrared radiation may be alternatively
employed.

(Second Embodiment)

As shown in FIG. 13, an intercom device. A’ according to a second
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embodiment of the present invention includes an acoustic tube 40, which is
provided in the rear air chamber Br having a small volume, so as to improve the
sound quality and electro-acoustic conversion efficiency of the speaker SP.
The intercom device A’ according to the second embodiment will be explained
below.

The acoustic tube 40 has an opening at its one end and a closed end at the
other end, and is provided in the rear air chamber Br to be along an inner wall
surface(s) of the rear air chamber Br. By setting the resonance frequency of the
acoustic tube 40 to an appropriate level, the lowest resonance frequency fo of
the speaker SP, which is provided in the intercom device A’, is shifted to a lower
frequency level, and the sound pressure level of the speaker SP increases,
resulting in improvements of the sound quality and electro-acoustic conversion
efficiency of the speaker SP. It is noted that except for the sound tube 40, the
construction of the intercom device A’ shown in FIG. 13 is the same as that of
the intercom device A shown in‘FIG. 2. Accordingly, details of thie intercom
device A’ will be omitted herein.

The lowest resonance frequency fo of the speaker SP is generally
determined by an equivalent mass (diaphragm, coil, additional mass of air) Mo
of a vibration system of the speaker, stiffness So of an edge or the like
supporting the vibration system, and stiffness Sc of air in the rear air chamber
Br. That is, it is represented by an equation:

fo = {1/ @)} -+ {(So+Sc) Mo}

FIG. 14A through FIG. 14C show another housing A2 of the intercom device
A’ according to a modification of the present embodiment. The housing A2
aécomquates the acoustic tube 40 therein. Effects of the sound tube 40 are
explained below referring to the housing A2 as an example. The housing A2
essentially consists of a body A20 having opening at its rear surface, and a cover
A21 for closing the openirig of the body A20. In FIG. 14B, only the body A20 is
illustrated. As in the intercom device A of the first embodiment, the housing

A2 is capable of accommodating a speaker SP, a microphone board MBI, a
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conversation switch SW1, and a voice processing unit 10. The acoustic tube
40 is provided in the body A20.

The housing A2 has two spaces A2a and A2b therein, which are insulated
from each other. The space A2a has a lateral dimension of 30 mm, a vertical
dimension of 40 mm, and a thickness of 8 mm, to accommodate the speaker SP
therein. In the space A2a, columnar bosses 51 are formed at regularly spaced
four locations on the inner surface of the front wall of the body A20, and screw
holes 52 are respectively formed in the bosses 51. The speaker SP is fixed to
the inner surface of the front wall of the body A20 by using mounting screws,
which are thread engageable with the screw holes 52. With the construction
described above, a front air chamber Bf and a rear air chamber Br similar to
those of the first embodiment (FIG. 2) are formed. The front air chamber Br is
provided by a space enclosed by the inner surface of the front wall of the
housing A2 and the front surface side (diaphragm 23 side) of the speaker SP.
The rear air chamber Br is provided by a space enclosed by the inner surface of
the rear and side walls of the housing A2 and the rear surface side (yoke 20
side) of the speaker SP. A plurality of sound holes 12 are formed in the front
wall of the housing A2.

As shown in FIGS. 14A through 14C, the acoustic tube 40, which has »
rectangular shape in cross section, is formed along the inner walls of the rear air
chamber Br at the back of the speaker SP over substantially three-quarter of the
circumference of the rear air chamber Br. The acoustic tube 40 has an
opening at one end 40a and a closed end at the other end 40b. The overall
length L of the acoustic tube 40 is set to an odd multiple of one quarter of a
wavelength, which is determined by the sonic velocity and a frequency f of which
sound pressure level is desired to be increased. In this embodiment, the
acoustic tube 40 has a length of one quarter of the Waveléngth determined by
the frequency where an increase in sound pressure level of the audio outpuf of
the speaker SP is needed and the sonic velocity. In detail, since an open-end

correction is performed on the acoustic tube 40, where sonic velocity is set to C
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and an open-end correction value is set to ¢ (=0.8d, wherein d is an open-end
diameter of the acoustic tube 40), the overall length is determined from an
equation described below:

f=[c/ {4 @t+od}]

In this embodiment, the overall length L of the acoustic tube 40 is set 95.2
mm and a cross-sectional area of the acoustic tube 40 is set to 4.2 mm?
(equivalent to ¢ = 2.3). By forming the acoustic tube 40 along the inner walls of
the rear air chamber Br, it is possible to minimize a volume reduction of the rear
air chamber Br caused by the formation of the acoustic tube 40. In addition,
with the acoustic tube 40 thus provided, the sound pressure level of the speaker
SP can be increased in a desired frequency band (at around 700 Hz in this
embodiment). As a result, it is possible to improve the sound quality and the
electro-acoustic conversion efficiency of the speaker SP.

By utilizing the fact that input impedance becomes extreinely small at the
resonance frequency (i.e., a frequency at which the overall length of the tube is
equal to an odd-number multiple of an approximately quarter (1/4) wavelength)
of a closed fube, the acoustic tube 40 can reduce the sound leakage from the
rear air chamber Br to the outside of the housing. That is, the sound waves
radiated from the rear surface of the speaker SP is reflected toward the rear
surface side of the speaker SP.

Referring to FIG. 15 through FIG. 18, effects of the acoustic tube 4G
provided in the housing A2 will be explained below in comparison with the
intercom device A of the first embodiment, which has no acoustic tube in the
‘housing Al, and an intercom device having an infinite baffle, which will be
explained in detail below.

FIG. 15 shows frequency characteristics of the cancelled amount of the
voice component from the speaker SP in the case of using the sigﬁal processing
unit 10e of intercom device A of the first embodiment, and FIG. 16 shows
frequency characteristics of the radiating sound pressure measured in front of

the speaker SP. FIG. 15 and FIG. 16 also show results obtained in the case
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where the housing has no acoustic tube as in the first embodiment, and the
case where an ideal baffle plate is used as the housing.

FIG. 17 shows a baffle plate C having an infinite size as an example of the
above-mentioned ideal baffle plate, but the baffle plate C is not realistic for
mounting a real speaker thereon. .Thus, in this embodiment, a standard baffle
as specified in JIS C 5532 is used to measure a frequency equivalent to a lowest
resonant frequency of the speaker SP that is supposed to be mounted on the
baffle plate C. The lowest resonant frequency of the speaker SP mounted on
the standard baffle is equivalent to that of the speaker SP that is supposed to Be
mounted on the baffle plate C (an ideal baffle plate). The cancelled amount
(Yla in FIG. 15) in the case where the speaker SP and the microphone board
MB1 are mounted on the standard baffle to form an intercom device is kept at
10 dB or more in a frequency band of 100 Hz to 10000 Hz, and the radiating
sound pressure characteristics (Y2a in FIG. 16) in the same case indicate that
the lowest resonance frequency fol of the speaker SP is 600 Hz, which is an
equally ideal characteristic as provided by the speaker SP alone. A standard
closed box as specified in JIS C 5532 may be used to measure a frequency
equivalent to the lowest resonant frequency of the speaker SP that is supposed
to be mounted on the baffle plate C having an infinite size (an ideal baffle plate)
as shown in Fig. 17.

In the case where a rear air chamber having no acoustic tube 40 is used, as
in the rear air chamber Br of the first embodiment, the cancelled amount (Y1b
in FIG. 15) of the voice component from the speaker SP is kept at 10 dB or more
in the frequency band of 100 Hz to 10000 Hz. Thus, substantially the same
cancelled amount as that of the case where the standard baffle is used can be
obtained. However, in the case where the rear air chamber Br is formed as an
enclosed space, radiating sound pressure characteristics comparable to those of
the case where the standard baffle is used can be obtéined when the volume of
the rear air chamber Br is sufficiently larger. On the other hand, when the

volume of the rear air chamber Br is small, the mechanical equivalent stiffness
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of the rear air chamber Br increases, and the lowest resonance frequency of the
speaker SP becomes higher. As higher the lowest resonance frequency, the
radiating sound pressure reduces, so that the sound quality and the
electro-acoustic conversion efficiency of the speaker SP deteriorate. For
example, the radiating sound pressure characteristics (¥2b in FIG. 16) of the
case where the rear air chamber Br of the first embodiment is used indicate that
the lowest resonance frequency fo2 of the speaker SP is 1200 Hz, which is
noticeably higher than the lowest resonance frequency obtained when the
standard baffle is used. Furthermore, the sound pressure level in a frequency
band below 800 Hz is lower by about 5 to 20 dB than that of the case where the
standard baffle is used. It means that the sound quality and the
electro-acoustic conversion efficiency of the speaker SP are deteriorated in this
frequency band.

The radiating sound pressure characteristics (Y2¢ in FIG. 16) of the case
where the volume of the rear air chamber Br is made three times larger than -
that of the rear air cha.mber' Br of the first embodiment indicate that the lowest
resonance frequency fo3 of the speaker SP is 800 Hz, and the souﬂd quality of
the speaker SP is improved as compared with the case of using the housing Al
of the first embodiment. However, the overall size of the housing increases
with the increase in volume of the rear air chamber Br, which makeé it difficuit
to downsize the intercom device. Thus, in this embodiment, by providing the
acoustic tube 40 in the rear air chamber Br having a small volume, the sound
quality and the electro—acousﬁc conversion efficiency of the speaker SP are
improved, while making the intercom device smaller.

The overall length L of the acoustic tube 40 is set so that the resonance
frequency of the acoustic tube 40 is located between the lowest resonance
frequency fo2 (=1200 Hz) of the case where the rear air chamber Br having no
acoustic tube 40 is used, and the lowest resonance frequency fol (=600 Hz) of
the case where the standard baffle is used. By setting the overall length L of

the acoustic tube 40, as described above, the lowest resonance frequency fo5 of
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the speaker SP in the case where the housing A2 having the acoustic tube 40 is
used is set to about 700 Hz between fol and fo2.

FIG. 18 shows frequency characteristics of the radiating sound pressure of
the intercom device A’, which is provided with the housing A2 and the sound
tube 40 of the present embodiment, and the radiating sound pressure of the
intercom device A of the first embodiment, which has no acoustic tube. The
characteristics Y3a of the intercom device A’ in FIG. 18 indicate that the sound
pressure level in a frequency band not larger than 800 Hz is increased by about
5 to 10 dB, as compared with the characteristics Y3b of the intercom device A,
and the lowest resonance frequency is reduced from fo4 (=1200 Hz) to fo5 (=
about 700 Hz). That is, improvements in the speaker efficiency and the sound
‘quality can be achieved. For example, the sound pressure level at a;ound 700
Hz is increased by about 10 dB, and the improvement of the speaker efficiency
brought by the increase of the sound pressure level corresponds to a 70%
reducﬁon in input current and a 90% reduction in input power of the speaker
SP. Thus, the sound pressure level of the speaker SP increases around the
lowest resonance frequency of the speaker SP. Therefore, by setting the overall
length of the acoustic tube 40 to an appropriate length, and shifting the lowest
resonance frequency of the speaker SP to a lower frequency side, it is possible to
achieve improvements in sound quality and electro-acoustic conversion
efficiency of the speaker SP.

AAS another preferred acoustic tube of the present invention, an acoustic
tube 41 that communicates with the rear air chamber Br may be provided at the
outside of a housing A3. For example, the acoustic tube 41 can be obtained by
attaching a tubular member to into a hole (not shown) formed in the housing A3,
as schematically shown in FIG. 19. When tubular member is made of urethane
or the like, the overall length L of the acoustic tube 41 can be easily changed, if
desired.

As a further modification of this embodiment, two or more acoustic tubes

may be formed in the rear air chamber Br. As an example, three acoustic tubes
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42, 43, 44 can be formed in the rear air chamber Br of a housing A4, as
schematically shown in FIG. 20. In this example, the acoustic tubes (42, 43,
44) have different lengths from each other. This means that they have
mutually different resonance frequencies. Accordingly; the sound pressure
level of the speaker SP is increased at a plurality of frequencies. By setting the
overall lengths of the respective acoustic tubes (42, 43, 44) to appropriate
values, it is possible to provide desired sound quality and electro-acoustic
conversion efficiency of the speaker SP.

As shown by a dotted line in FIG. 21, a sound absorbing material 45 such
as a nonwoven fabric may be provided at or in the vicinity of the open end 40a of
the acoustic tube 40. By use of the sound absorbixig material 45, it is possible
to‘ provide an enhanced sound absorbing effect, and perform a fine adjusfment

of the resonance frequency of the acoustic tube 40.

(Third Embodiment)
The present embodiment provides a wiring .system using an intercom device

101 of the present invention. That is, this wiring system enables power and

signal transmissions between electric devices spaced away from each other in a

building structure. ‘

As shown in FIG. 22, the wiring system comprises a power line Lp and an
information line Ls installed in the building structure, which are connected to a
commercial power source AC and the Internet network NT through a
distribution board, switch boxes 102 embedded in wall surfaces of the building
structure, base units 103 mounted on the switch boxes, and connected to the
power line Lp and the information line Ls, -and function units 104, each of
which is detachably connected to a desired one of the base units 103, and has
at least one of functions for supplying electric power from the power line Lp,
outputting ihformation from the information line Ls, and inputting information
into the information line Ls in a connected state with the desired base unit. An

intercom device 101 of the present invention, which is preferably provided by
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the intercom device (A, A’) of the first or second embodiment described above,
can be regarded as one of the function units 104. In the present description,
the wall surfaces of the building structure are not limited to surfaces of
sidewalls standing between adjacent rooms. That is, the meaning of the wall
surfaces includes outdoor and indoor wall surfaces, and the indoor wall
surfaces comprise ceiling and floor surfaces as well as the sidewall surfaces. In
the drawings, MB designates a main circuit breaker, BB designates a branch
circuit breaker, and GW designates a gateway (e.g., a router or a built-in hub).

As shown in FIGS. 23 and 24, each of the base units 103 is formed with a
gate housing 130 having tefminals (131a, 132a, 131b, 132b) connected to the
power supply line Lp and the information line Ls, and a main housing 135
detachably connected to the function unit 104. Theses housings can be made

of a synthetic resin having electrical insulating characteristics (e.g., a

non-crystalline plastic such as ABS resin). The terminals (131b, 132b) are -

used to extend the wirings. The gate housing 130 and the main housing 135
have a pair of a module port 134 andl a module connector 142, which are
detachably connected to each other to simultaneously establish both of
supplying the electric power from the gate housing 130 to the main housing
135, and making a signal transmission therebetween. In addition, when .-
function unit 104 has the module connector 142, it can be connected to the
gate housing 130 in place of the main housing 135. If necessary, the gate
housing 130 and main housing 135 may be integrally formed.

Circuit components of the base unit 103 are designed to transmit the
electric power and the information signal to the function unit 104. For
example, the base unit 103 is provided with an AC/AC converter 160, DC power
section 161, transceiver section 162, E/O converter 163, O/E converter 165,
and a function portiop 167. b

The AC/AC converter 160 converts commercial AC voltage to a lower AC

voltage having an increased frequency, and applies the lower AC voltage to a coil |
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172. The DC power section 161 generates an operating voltage of the internal
circuit components from a stable DC voltage obtained by rectifying and
smoothing the lower AC voltage. The transceiver section 162 transmits and
receives the information signal for enabling the mutual communication through
the information line Ls. The E/O converter 163 converts the information
signal received from the information line Ls to an optical signal, and outputs the
optical signal though a light emitting device (LED) 164. On the other hand, the
O/E converter 165 receives the optical signal provided from the outside, e.g.,
the function unit 104 by a light receiving device (PD) 166, and converting the
received optical signal into the information signal to transmit it to the
transceiver section 162. The base unit 103 shown in FIG. 23 has an outlet tap

as the function portion 167. Alternatively, a sensor device or a controller may

be formed as the function portion 167.

The module port 134 formed at a front surface of the gate housing 130 is
composed of an electric power port 134a for supplying tile electric power and an
information signal port 134b for accessing the information line Ls, as shown in
FIG. 25B. Arrangement and shapes of the electric power port 134a and the
information signal port 134b are standardized (normalized or stylized) in the
wiring systerﬁ of this embodiment. For example, as shown in FIG. 25B, each of

the electric power port 134a and the information signal port 134b is configured

.in a substantially fectangular shape such that they are arranged in parallel to

each other.

On the other hand, the module connector 142 formed at a rear surface of
the main housing 185 is composed of an electric power connector 142a and an
information signal connector 142b, as shown in FIG. 25A. Arrangement and
shapes of the electric power connector 142a and the information signal
connector 142b are standardized (normalized or stylized) in the wiring system of
this embodiment. For example, as shown in FIG. 25A, each of the electric

power connector 142a and the information signal connector 142b is configured
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in a substantially rectangular shape such that they are arranged in parallel to
each other.
In this embodiment, the module port 134 has a guide portion 133 such as

a ring-like wall or a ring-like groove extending around the electric power port

'134a and the information signal port 134b. This guide portion 133 is formed

to be engageable to an engaging portion 145 such as a ring-like wall of the main

housing 135, which is formed around the electric power connector 142a and

ythe_ information signal connector 142b. By simply engaging the engaging

portion 145 to the guide portion 133, the electric power connector 142a and the

‘information signal connector 142b can be simultaneously connected to the

electric power port 134a and the information signal port 134b. Therefore,
there advantages that the main housing 135 can be easily attached to or
removed from the gate housing 130 with improved connection reliability. A
module connector having the same structure described above may be formed in
the function unit 104. The module port 134 and the module connector 142
may be formed by female and male connectors. .

In the present embodiment, the gate housing 130 is directly fixed to the
switch box 102. If necessary, the gate housing 130 may be fixed to the switch
box 102 through an attachment member 175, as shown in FIG. 26. For
example, this attachment member 175 is formed by a rectangular frame 176
with a window hole 177. In this case, the gate housing 130 is mounted on the
attachment member 175 by fitting a front portion of the gate housing into the

window hole 177, and then engaging hooks (not shown) formed at both sides of

" the gate housing to the rectangular frame 176. The attachment member 175

mounting the gate housing 130 thereon is fixed to the switch box 102 by use of
fixing screws. Alternatively, the gate housing 130 may be directly fixed to the
wall surface by use of exclusive clamps without using‘the switch box 102.

The function unit 104 is designed to provide a desired function by using the

electric power supplied to the function unit 104 through the base unit 103 or
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using the mutual communication of the information signal between the function
unit 104 and the information line Ls through the base unit 108. For example,
when the function unit 104 is connected to the base unit 103 mounted in the
wall surface at a high position near the ceiling, it preferably has a receptacle
function of receiving a plug with hook of a lighting apparatus, security function
such as a motion sensor, temperature sensor, and monitoring camera, or a
sound function such as speaker. In addition, when the function unit 104 is
connected to the base unit 103 mounted in the wall surface at a middle height,
at which the function unit 104 can be easily operated by theAuser, it preferably
has a switch function of turning on/off the lighting appafatus, control function
for electric appliances such as air-conditioning equipments, a display function
such as liquid crystal display or a timer funcﬁon. The intercom device of the
present invéntion is preferably connected as one of the function units 104 to the
base unit 103 at the middle height. Moreover, when the function unit 104 is
connected to the base unit 103 mounted in the wall surface at a low position
near the floor, it preferably has a receptacle function for receiving a plug of an
electric appliance such as electric vacuum cleaner, the sound function such as
speaker, or a footlight function.

Specifically, as shown in FIG. 27, when a function section 181 of the
function unit 104 is formed by a switch, operation data obtained by operating
the switch is transmitted to a processing section 188 such as CPU through an
I/O interface 189. Then the processed data is sent to, for example, an infrared
remote controller (not shown) through a transceiver section 187, so that an
electric appliance to be controlled is turned on/off by receiving a remote control
signal emitted from the infrared remote controller. In addition, when the
function section 181 is formed by a sensor, data detected by the sensor is
transmitted as the information signal to the information line Ls, and then
informed to the user by a required communicator.

The coil 172 wound around a core 170 of the base unit 103 shown in FIG.
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23 is used as a power transmission means for supplying electric power to the
function unit 104 in a noncontact manner. That is, the coil 172 of the base
unit 103 provides an electromagnetic coupling portion that works as a first side
of a transformer. On the other hand, as shown in FIG. 27, the functiqn unit
104 has an electromagnetic coupling portion comprised of a coil 182 Wound
around a core 180, which works as a second side of the transformer. Thérefore,
by forming electromagnetic coupling between the base unitA 103 and the
function unit 104, a low AC voltage can be induced in the coil 182 of the
function unit 104 to supply of electric power from the base unit 103 to the
function unit 104. Similarly, an electromagnetic coupling portion X2 is formed
at the opposite side of the electromagnetic coupling portion X1, and used to
make a connection between the function units. In this embodiment, since the
low AC voltage having the higher frequency than the commercial AC voltage is
obtained by the AC/AC converter 160, there is an advantage that the
electromagnetic coupling portions used as the transformer can be downsized.
In addition, the light emitting device (LED) 164 of the base unit 103 shown
in FIG. 23 is used to transmit an optical signal as the information signal to the
function unit 104 in a noncontact manner. On the other hand, as shown in

FIG. 27, a light receiving device (PD) 186 is disposed in the function unit 10~

such that the light emitting device 164 is in a face-to-face relation with the light

receiving device 186 when the function unit 104 is connected to the base unit
103. Similarly, to transmit the optical signal as the information signal from
the function unit 104 to the base unit 103, the function unit 104 has a light
emitting device (LED) 184, which is disposed in the face-to-face relation with the
light receiving element (PD) 166 when the function unit 104 is connected to the
base unit 103. Thus, each of the base unit 103 and the function unit 104 has
the pair of the E/O converter (163, 183) and the O/E converter (165, 185) as an

optical coupling portion to enable the mutual communication of the information

signal therebetween in a noncontact manner.
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As shown in FIG. 23, the electromagnetic coupling portion X used to supply
the électric power and the optical coupling portion Y used for the mutual
communication of the information signal are disposed at a side surface of the
base* unit 103 to be spaced from each other by a constant distance.
Arrangements and shapes of the electromagnetic coupling portion X and the
optical coupling portion Y are standardized (or stylized) to make the base unit
103 shareable among the function units 104. In addition, the pair of the
electromagnetic coupling portion X and th¢ optipal coupling portion Y may be
formed at each of both sides of the function unit 104, as shown in FIG. 27.
That is, the optical coupling portion Y1 formed at one side (e.g., left side) of the
function unit 104 is composed of the light receiving device 186 located at the
upper side and’ the light emitting device 184 located at the lower side, and the
optical coupling portion Y2 formed at the opposite side (e.g., right side) of the
function unit 104 is composed of a light emitting device 194 located at the
upper side and a light receiving device 196 located at the lower side. In this
case, sincé the base unit 103 is connected to the one side of the function unit
104, and another function unit or the intercom device of the present invention
can be connected to the other side of the function unit 104, there is an
advantage of further improving function expandability of the wiring system.

- The intercom device 101 of this embodiment can be connected to the base
unit 103, as shown in FIG. 28. In addition, internal components of the
intercom device 101 of this embodiment are shown in FIG. 29. As understood
from the comparison with the function unit 104 of FIG. 27, the intercom device
101 of FIG. 29 is substantially equivalent to a function unit having the
components of the intercom device shown in FIG. 2 as the function section 181.

Since this intercom device 101 has the stylized connectors as well as the
function unit 104 and base unit 103 described above, it can be used in a
desired combination with the base unit 103 and the function unit 104. For

example, as shown by the arrow @ in FIG. 30, the intercom device 101 can be
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connected to the function unit 104 having the timer function, which is
connected to the base unit 103. Alternatively, as shown by the arrow @ in
FIG 30, the intercom device 101 may be connected at its one side to the base
unit 103. At this time, the function unit 104 having the timer function can be
connected to the other side of the intercom device 101. Thus, there is a
remarkable advantage that a layout of the function units 104 having various
functions and the intercom device 101 can be changed with a high degree of
freedom according to the user’s needs.

In addition, when the intercom device 101 is operated in conjunction with
at least one functions unit 104, the wiring system of this embodiment can
provide a higher order function in addition to the communication function. For
example, when the intercom device 101 is connected to one of the base units
103, and the function unit 104 having a sensor function (e.g., motion sensor or
fire sensor) is connected to another one of the base units 103, which is disposed -
at a proper location, the intercom device 101 can output an alarm sound by
receiving alarm signal from the function unit. Therefore, the intercom device
101 of this case has an alarm generating function for disaster or crime
prevention as well as the communication function. In addition, since it is not
needed to individually prepare a speaker for generating the alarm sound, ther
is a further advantage of achieving an improvement in cost performance of the
wiring system as a whole.

Next, means for mechanically coupling between the base unit 103 and the
function unit 104 (or the intercom device 101) is explained.

For example, the base unit 103 shown in FIG. 31 has a cosmetic cover 112,
which is detachably attached to a front surface of the gate housing 135, and
horizontal guide rails 114 formed at upper and lower portions of the gate
housing. The numeral 115 designates a stopper wall formed in a substantially
center position in the longitudinal direction of the guide rail 114. On the other
hand, as shown in FIGS. 32A to 32C, the function unit 104 (or the iﬁtercom
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device 101) has concave portions 128 for accommodating joining members 150
therein, which are formed at both of its upper and lower sides, horizontal guide
rails 124 extending in the concave portions 128, and cover members 126
pivotally supported at upper and lower ends of the function unit 104. In
élddition, as shown in FIG. 32D, the joining member 150 has a groove 152, in
which the horizontal guide rail (114, 124) can be slidably fitted.

In this case, a cosmetic cover 112 is firstly removed from the gate housing
135 of the base unit 103. Then, the electromagnetic coupling portion X and
the optical coupling portion Y of the base unit 103 are connected to the
electromagnetic coupling portion X1 and the optical coupling portion Y1 of the
function unit 104 (or the intercom device 101). Next, the cover member 126 is
opened, and the joining member 150 is slid along the guide rail 124, as shown
by an arrow in FIG. 33. The slide movement of the joining member 150 is
performed.until the joining member 150 contacts the stopper Waﬂ 115. As a
result, the joining member 150 is engaged to the guide rail 114 of the base unit
103 over about half length of the joining member 150. On the other hand, the
remaining portion of the joining member 150 is still engaged to the guide rail
124 of the function uni.t 104 (or the intercom device 101). Thus, by engaging
the joining member 150 to both of the base unit 103 and the function unit 104
the base unit 103 can be mechanically pbupled with the function unit 104 (or
the intercom device 101). Finally, the cosmetic cover 112 is attached to the
base unit 103, and the cover member 126 is closed.

According to this coupling means, since the joining »member 150 is held
between the cosmetic cover 112 and the gate housing 135, it is possible to
prevent accidental falling of the joining member 150, and obtain the stable
mechanical connection therebetween without spoiling the beauty of them. In
addition, since the joining member 150 is always accommodated in the concave
portion 128 of the function unit 104 (or the intercom device 101}, there is no

worry about loss of the joining member 150. This coupling means is also usual
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in the case of mechanically coupling between the function units 104, or between

the function unit 104 and the intercom device 101.
As an information-signal transmitting method available in the wiring

system, a baseband transmission or a broadband transmiission can be used.
In addition, the protocol is not limited to a specific one. For example, sound
and visual information signals may be transmitted and received according to
JT-H232 packet to make the mutual communication between the intercom
devices. In a control system, it is also preferred to use a routing protocol for a
broadcast or a unicast that controlling can be performed at a céntrol ratio of 1:1
or 1:N according to operation data. Alternatively, the protocol used between
the base units may be different from the protocol used in the function unit or
the intercom device connected to the base unit. In this case, a protocol
conversion is preferably performed by the base unit.

In addition, the wiring system of the above embodiment is essential to use
both of the information line and the power line installed in the building
structure. As a modification of this embodiment, a power-line carrier
communication may be used in the wiring system.

That is, the wiring system according to this modification is essential to
install only the power line in the building-structure. Therefore, the base unit is
connected to only the power line. On the other hand, the base unit, the
function unit and/or the intercom device need to have a transceiver unit for
transmitting and receiving information signals in the power-line carrier
communication manner. For example, when the transceiver unit is formed in
the base unit, the electric power carrying the information signals thereon is
separated to the electric power transmission and the information signal
transmission by the base unit. Therefore, the same function unit and the
intercom device used in the wiring system of the above embodiment are also
available in this power-line carrier type wiring system.

Alterﬁatively, the transceiver unit may be formed in the intercom device

101, as shown in FIG. 34. In‘this case, the intercom device is detachably
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connected to the base unit and/or the function unit by a power-line carrier type
connector Z. In addition, the intercom device also comprises a PLC modem’
210 for receiving the information signals carried by the power line, and
transmitting information signals through the power line, a processing section
220 connected to the PLC modem, an I/O interface 230 between the processing
section, and a function section 240 for providing the intercom function.
Similar circuit components may be formed in the function unit and/or the base

unit. As a modulation method for the power-line carrier communication, for

-example, it is possible to use a broad spectrum diffusion model, multi carrier

model or an orthogonal Frequency division multiplexing (OFDM) model.

INDUSTRIAL APPLICABILITY

Thus, according to the present invention, the first microphone dispbsed in
the front air chamber efficiently receives the voice output of the speaker, and the
output of the first microphone is effectively used in the signal processing unit to
remove the signal component corresponding to the voice output of the speaker
from the output of the second microphone. Therefore, it is possible to improve
the howling prevention effect. In addition, the intercom device can be
downsized because a distance between the first microphone and the speaker
becomes short. Furthermore, the intercom device is suitable for the wiring
system with excellent function expandability, as described in the above
embodiments.

Therefore, the present invention is expected to further increase the demand
of the intercom device, and especially as one of the components of the wiring

system of the next generation.
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CLAIMS:

1. An intercom device comprising;:

a housing;

a speaker accommodated in said housing such that a front air chamber is
defined as a space enclosed by a front surface of said speaker and an inner
surface of said housing, and a rear air chamber is defined as a space enclosed
by a rear surface of said speaker and an inner surface of said housing;

a first microphone disposed such that its sound receiving surface faces the front
air chamber;

a second microphone disposed such that its sound receiving surface faces
outside of said housing; and A

a signal processing unit configured to, when an audio output of said speaker is
picked up by said second microphone, remove a signal component
corresponding to the audio output of said speaker from an output signal of said

second microphone by use of an output signal of said first microphone.

2. The intercom device according to claim 1, wherein the rear air chamber is the
space hermetically-sealed by the rear surface of said speaker and the inner

surface of said housing.

3. The intercom device according to claim 1, wherein said first microphone is
arranged such that the sound receiving surface of said first microphone faces a

diaphragm of said speaker.

4. The intercom device according to claim 1, wherein said second microphone is

located adjacent to said speaker.
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5. The intercom device according to claim 1, wherein said first microphone and

said second microphone are mounted on a same circuit board.

6. The intercom device according to claim 5, wherein the circuit board is
mounted on an outside surface of said housing such that the sound receiving
surface of said first microphone faces the front air chamber and the sound

receiving surface of said second microphone faces the outside of said housing.

7. The intercom device according to claim 1, further comprisirig an acoustic
tube having an opening communicated with the rear air chamber at its one end,

and a closed end at the other end.

8. The intercom device according to claim 7, wherein said acoustic tube has a
tube length of an odd multiple of one quarter of a wavelength determined in
consideration of sonic velocity and an intended frequency where an increase in

sound pressure level of the audio output of said speaker is needed.

9. The intercom device according to claim 1, further comprising a plurality of
acoustic tubes-  having different lengths, each of which has an opening
communicated with the rear air chamber at its one end, and a closed end at the

other end.

10. The intercom device according to claim 7, wherein said acoustic tube has a

resonant frequency between a frequency equivalent to a lowest resonant
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frequency of said speaker that is supposed to be mounted on an infinite baffle
and a lowest resonant frequency of said speaker mounted on the rear air

chamber with the absence of said acoustic tube.

11. The intercom device according to claim 7, wherein said acoustic tube is

formed along an inner surface of the rear air chamber.

12. The intercom device according to claim 7, further comprising a sound

absorbing material disposed at the opening of said acoustic tube.

13. A'wiring system using the intercom device as set forth in claim 1, comprising
at least one transmission line installed in a building structure to transmit
electric power and information signals, and a f)lurality of base units each
adapted in use to be mounted in a wall surface of said building structure, and
connected to said transmission line;

wherein the intercom device has a first connector detachably connectable
to a second connector formed in each of said base units,

when said first connector is connected to said second connector of one of
said base units, the intercom device functions such that the information signals
provided through said transmission line are output as audio information fr<‘)m
said speaker unit, and an output of said signal processing unit is sent out

through said transmission line.

14. The wiring system as set forth in claim 13, further comprising a function
unit adapted in use to be connected to said transmission line through- one of

said base units, said function unit having a third connector detachably
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connectable to one of said second connector of said base unit, and an extended
connector formed in the intercom device,

when said third connector of said function unit is connected to said second
connector of said base unit, or when said first connector of the intercom device
is connected to said second connector of said base unit, and said third
connector of said function unit is connected to said extended connector of the
intercom device, said function unit provides at least one of functions for
supplying electric power provided through said transmission line, outputting
information signals provided through said transmission line, and sending out

information signals through said transmission line.

15. The wiring system as set forth in claim 14, wherein said first connector and
said third connector are stylized in shape and arrangement, and said second
connector and said extended connector are stylized in shape and arrangement

corresponding to the stylization of said first connector and said third connector.

16. The wiring system as set forth in claim 13, further comprising a function
unit adapted in use to be connected to said transmission line through one ovi
said base units,

said function unit has a third connector detachably connectable to said
second connector of said base unit and an extended connector detachably
connectable to said first connector of said intercom device,

when said third connector of said function unit is connected to said second
connector of said base unit, and said extended connector of said function unit is
connected to said first connector of the intercom device, said function unit
provides at least one of functions for supplying electric power provided from said
transmission line through said base unit, outputting information signals

provided from said transmission line through said base unit, and sending out

Exhibit 1004
Page 1026 of 1251



WO 2008/050583 PCT/JP2007/069131
: 43

information signals to said transmission line through said base unit, and the
intercom device operates such that the information signals provided from said
transmission line through said base unit and said function unit are output as
audio information from said speaker unit, and the output of said signal
5 processing unit is sent out to said transmission line through said base unif ’and

said function unit.

17. The wiring system as set forth in claim 16, wherein said first connector and
10  said third connector are stylized in shape and arrangement, and said second
.connector and said extended connector are stylized in shape and arrangement

corresponding to the stylization of said first connector and said third connector.

15  18. The wiring system as set forth in claim 13, wherein said first and second
connectors provide an electric power transmission between said base unit and

the intercom device by means of electromagnetic coupling.

20 19. The wiring system as set forth in claim 13, wherein said first and second
connectors provide a signal transmission between said base unit and the

intercom device by means of optical coupling.
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METHOD AND DEVICE FOR
LINKING MATRIX CONTROL OF AN EARPIECE I

FIELD
[0001] The present invention relates to a method of controlling an earpiece device, and
more particularly, though not exclusively, a method of configuring and managing audio input

and output on an earpiece.

BACKGROUND
[0002] Headphones or earpieces can be used for music enjoyment or voice
communication. Use of these devices has steadily been increasing, and more products are
expanding functionality to support audio delivery to headphones and earpieces.
[0003] The earpieces and associated products are becoming more intelligent as more
communication features become available. However, the earpieces themselves have
limited resources and must make efficient use of the many audio input and output
configurations required to manage and support audio delivery.
[0004] A need therefore exists for improving audio configuration paths of headphones or

earpieces.

SUMMARY
[0005] In a first embodiment, an earpiece, can include a peripheral interface configured
to receive a plurality of sound signals and direct the plurality of sound signals to a plurality
of audio processing modules that produce audio control information responsive to an
analysis of the sound signals, a logic control unit operatively coupled to the plurality of
audio processing modules to receive the audio control information from the plurality of
audio processing modules and generate configuration data, a filter set operatively coupled
to the peripheral interface to process the plurality of sound signals in accordance with the
configuration data to produce filtered sound signals, and a mixing matrix operatively
coupled to the control logic unit and filter set to mix the plurality of filtered sound signals in
accordance with the audio control information to produce output sound signals and route
the output sound signals to at least one peripheral component.
[0006] The peripheral component can be an Ear Canal Receiver (ECR), a phone, a
portable communication device, or a data storage. The peripheral interface can include at

1
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least one Ambient Sound Microphone (ASM) configured to convert an ambient sound to an
ambient sound signal, and at least one Ear Canal Microphone (ECM) configured to convert
an internal sound from an ear canal of a user to an internal sound signal. The earpiece can
further include an audio content interface configured to receive a plurality of audio streams
and direct the plurality of audio streams to the plurality of audio processing modules. The
audio content interface can receive an audio stream from a phone, a media player, or a
portable communication device. The audio content interface can mix the plurality of audio
streams based on a user context that is one among an incoming call, a music session, or a
voice mail.
[0007] The audio control information can include filter data for processing the plurality of
sound signals, audio control data for assigning a priority to the plurality of sound signals,
and router data for mixing the plurality of filtered signals according to the priority. The
priority can be event driven responsive to detecting a sound signature, a background noise
condition, a battery life indication, a manual interaction, or a voice recognition command.
[0008] In a second embodiment an earpiece can include a peripheral interface
configured to receive a plurality of sound signals and direct the plurality of sound signals to
a plurality of audio processing modules, an audio content interface configured to receive a
plurality of audio streams and also direct the plurality of audio streams to the plurality of
audio processing modules, at least one signal analysis module operatively coupled to the
peripheral interface and audio content interface to provide a shared analysis of the sound
signals and the audio streams for the plurality of audio processing modules, a logic control
unit operatively coupled to the plurality of audio processing modules and the at least one
signal analysis module to receive the shared analysis and audio control information to
generate configuration data, a filter set operatively coupled to the peripheral interface to
process the plurality of sound signals in accordance with the configuration data to produce
filtered sound signals, and a mixing matrix operatively coupled to the control logic unit and
filter set to mix the plurality of filtered sound signals in accordance with the audio control
information to produce output sound signals and route the output sound signals to at least
one peripheral component.
[0009] The shared analysis can include spectral analysis, spectral band energy level
analysis, spectral envelope analysis, voice activity detection analysis, and cross-correlation
analysis. A separate signal analysis module can be provided for components of the
peripheral interface and the audio content interface that is shared among the plurality of

2

Exhibit 1004
Page 1053 of 1251



WO 2009/023784 PCT/US2008/073189

audio processing modules. The peripheral interface can include at least one Ambient
Sound Microphone (ASM) coupled to an ASM signal analysis module configured to analyze
an ambient sound signal, and at least one Ear Canal Microphone (ECM) coupled to an
ECM signal analysis module configured to analyze an internal sound from an ear canal of a
user. The audio content interface can be coupled to an audio content (AC) signal analysis
module and configured to analyze an audio stream from a phone, a media player, or a
portable communication device. The logic control unit can produce a linkage matrix of
mixing gains that are applied to the plurality of filtered sound signals to produce the plurality
of output sound signals to each of a respective peripheral output device.

[0010] In a third embodiment, a method for configuring audio delivery on an earpiece
can include the steps of receiving at least one sound signal and at least one audio stream,
performing an analysis of the at least one sound signal and the at least one audio stream,
presenting the analysis, the at least one sound signal, and the at least one audio stream to
a plurality of audio processing modules that generate configuration data responsive to the
receiving. The method can include filtering the at least one sound signal and at least one
audio stream according to the configuration data to produce filtered sound signals, mixing
the filtered signals according to the configuration data to produce output sound signals, and
routing the output sound signals to at least one peripheral component. The at least one
sound signal can be an ambient sound signal, an ear canal sound signal. The at least one
audio stream can be received from a phone, a media player, or a portable communication
device. A linkage matrix of mixing gains can be generated based on the configuration data
that are applied to the plurality of filtered sound signals for producing the plurality of output
sound signals.

BRIEF DESCRIPTION OF THE DRAWINGS
[0011] FIG. 1 is a pictorial diagram of an earpiece in accordance with an exemplary
embodiment;
[0012] FIG. 2 is a block diagram of the earpiece in accordance with an exemplary
embodiment;
[0013] FIG. 3 is an exemplary schematic of a software system for the earpiece in
accordance with an exemplary embodiment;
[0014] FIG. 4 is a more detailed exemplary schematic of the software system of FIG. 3

for the earpiece in accordance with an exemplary embodiment t;
3

Exhibit 1004
Page 1054 of 1251



WO 2009/023784 PCT/US2008/073189

[0015] FIG. 5 is a flowchart of a method for generating filter configuration data from a
plurality of processing modules in accordance with an exemplary embodiment in
accordance with an exemplary embodiment;

[0016] FIG. 6 is a flowchart of a method for generating and applying filter configuration
data from a plurality of processing modules in accordance with an exemplary embodiment;
[0017] FIG. 7 is an exemplary schematic for configuring audio input and output via a
mixing matrix in accordance with an exemplary embodiment;

[0018] FIG. 8 is another exemplary schematic of a software system for the earpiece
providing separate analysis and re-synthesis modules for peripheral inputs in accordance
with an exemplary embodiment; and

[0019] FIG. 9 is a more detailed schematic for analysis and re-synthesis for a particular
peripheral input in accordance with an exemplary embodiment.

DETAILED DESCRIPTION
[0020] The following description of at least one exemplary embodiment is merely
illustrative in nature and is in no way intended to limit the invention, its application, or uses.
[0021] Processes, techniques, apparatus, and materials as known by one of ordinary
skill in the relevant art may not be discussed in detail but are intended to be part of the
enabling description where appropriate, for example the fabrication and use of transducers.
Additionally in at least one exemplary embodiment the sampling rate of the transducers can
be varied to pick up pulses of sound, for example less than 50 milliseconds.
[0022] In all of the examples illustrated and discussed herein, any specific values, for
example the sound pressure level change, should be interpreted to be illustrative only and
non-limiting. Thus, other examples of the exemplary embodiments could have different
values.
[0023] Note that similar reference numerals and letters refer to similar items in the
following figures, and thus once an item is defined in one figure, it may not be discussed for
following figures.
[0024] Note that herein when referring to correcting or preventing an error or damage
(e.g., hearing damage), a reduction of the damage or error and/or a correction of the
damage or error are intended.
[0025] At least one exemplary embodiment of the invention is directed to an earpiece for
background noise mitigation. Reference is made to FIG. 1 in which an earpiece device,
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generally indicated as earpiece 100, is constructed in accordance with at least one
exemplary embodiment. As illustrated, earpiece 100 depicts an electro-acoustical
assembly 113 for an in-the-ear acoustic assembly, as it would typically be placed in the ear
canal 131 of ear 117 of user 135 The earpiece 100 can be an in the ear earpiece, behind
the ear earpiece, receiver in the ear, open-fit device, or any other suitable earpiece type.
The earpiece 100 can be partially or fully occluded in the ear canal, and is suitable for use
with users having healthy or abnormal auditory functioning.

[0026] Earpiece 100 includes an Ambient Sound Microphone (ASM) 111 to capture
ambient sound, an Ear Canal Receiver (ECR) 125 to deliver audio to an ear canal 131, and
an Ear Canal Microphone (ECM) 123 to capture internal sounds within the ear canal and
also assess a sound exposure level within the ear canal. The earpiece 100 can partially or
fully occlude the ear canal 131 to provide various degrees of acoustic isolation. The
assembly is designed to be inserted into the users ear canal 131, and to form an acoustic
seal with the ear canal walls 129 at a location 127 between the entrance to the ear canal
and the tympanic membrane (or ear drum) 133 Such a seal is typically achieved by means
of a soft and compliant housing of assembly 113. Such a seal is pertinent to the
performance of the system in that it creates a closed cavity 131 of approximately 5cc
between the in—ear assembly 113 and the tympanic membrane 133. As a result of this seal,
the ECR (speaker) 125 is able to generate a full range bass response when reproducing
sounds for the user. This seal also serves to significantly reduce the sound pressure level
at the user’s eardrum resulting from the sound field at the entrance to the ear canal. This
seal is also the basis for the sound isolating performance of the electro-acoustic assembly.
[0027] Located adjacent to the ECR 125, is the ECM 123, which is acoustically coupled
to the (closed) ear canal cavity 131. One of its functions is that of measuring the sound
pressure level in the ear canal cavity 131 as a part of testing the hearing acuity of the user
as well as confirming the integrity of the acoustic seal and the working condition of itself and
the ECR. The ECM 123 can also be used for capturing voice that is resonant within the ear
canal when the user is speaking to permit voice communication.

[0028] The ASM 111 is housed in an ear seal 113 and monitors sound pressure at the
entrance to the occluded or partially occluded ear canal. The ASM 111 can also be used to
capture the user’s voice externally for permitting voice communication. All transducers

shown can receive or transmit audio signals to a processor 121 that undertakes audio
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signal processing and provides a transceiver for audio or voice via the wired or wireless
communication path 119.

[0029] The earpiece 100 can actively monitor a sound pressure level both inside and
outside an ear canal and enhance spatial and timbral sound quality while maintaining
supervision to ensure safes sound reproduction levels. The earpiece 100 in various
embodiments can conduct listening tests, filter sounds in the environment, monitor warning
sounds in the environment, present notification based on identified warning sounds,
maintain constant audio content to ambient sound levels, and filter sound in accordance
with a Personalized Hearing Level (PHL).

[0030] Referring to FIG. 2, a block diagram of the earpiece 100 in accordance with an
exemplary embodiment is shown. As illustrated, the earpiece 100 can include a processor
206 operatively coupled to the ASM 111, ECR 125, and ECM 123 via one or more Analog
to Digital Converters (ADC) 202 and Digital to Analog Converters (DAC) 203. The
processor 206 can measure ambient sounds in the environment received at the ASM 111
and internal sounds captured at the ECM 130. Ambient sounds correspond to sounds within
the environment such as the sound of traffic noise, street noise, conversation babble, or
any other acoustic sound.

[0031] Ambient sounds measured by the ASM 111 can also correspond to industrial
sounds present in an industrial setting, such as, factory noise, lifting vehicles, automobiles,
and robots. The processor 206 can monitor the ambient sound captured by the ASM 110
for sounds in the environment, such as an abrupt high energy sound corresponding to an
on-set of a warning sound (e.g., bell, emergency vehicle, security system, etc.), siren (e.g.,

police car, ambulance, etc.) , voice (e.g., “help”, “stop”, "police”, etc.), or specific noise type
(e.g., breaking glass, gunshot, etc.).

[0032] Internal sounds measured by the ECM 123 can correspond to sounds contained
within the ear canal 131 such as spoken voice or audio content delivered by way of the
ECR 125. The internal sounds can include residual background noise related to ambient
sounds in the environment; for example, high level sounds that leak around the ear seal
127 and enter the ear canal 131. The processor 206 can monitor internal sounds captured
by the ECM 123 and analyze the internal sounds. The processor 206 can also adjust a
mixing between the ambient sound signals measured at the ASM 111 and the internal
sound signals measured at the ECM 123, for example, responsive to assessing ambient

background noise conditions.
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[0033] The processor 206 can utilize computing technologies such as a microprocessor,
Application Specific Integrated Chip (ASIC), and/or digital signal processor (DSP) with
associated storage memory 208 such a Flash, ROM, RAM, SRAM, DRAM or other like
technologies for controlling operations of the earpiece device 100. The memory 208 can
store program instructions for execution on the processor 206 as well as captured audio
processing data.

[0034] The memory 208 can also store program instructions for execution on the
processor 206. The memory 208 can be off-chip and external to the processor 208, and
include a data buffer to temporarily capture the ambient sound and the internal sound, and
a storage memory to save from the data buffer the recent portion of the history in a
compressed format responsive to a directive by the processor. The data buffer can be a
circular buffer that temporarily stores audio sound at a current time point to a previous time
point. It should also be noted that the data buffer can in one configuration reside on the
processor 206 to provide high speed data access. The storage memory can be non-volatile
memory such as SRAM to store captured or compressed audio data.

[0035] The memory 208 can be a machine-readable medium. The term "machine-
readable medium" should be taken to include a single medium or multiple media (e.g., a
centralized or distributed, and/or associated caches and external memory) that store the
one or more sets of instructions. The term "machine-readable medium" shall also be taken
to include any medium that is capable of storing, encoding or carrying a set of instructions
for execution by the machine and that cause the machine to perform any one or more of the
methodologies of the present disclosure.

[0036] The term "machine-readable medium" shall accordingly be taken to include, but
not be limited to: solid-state memories such as a memory card or other package that
houses one or more read-only (non-volatile) memories, random access memories, or other
re-writable (volatile) memories; and/or magneto-optical or optical medium; and carrier wave
signals such as a signal embodying computer instructions in a transmission medium.
Accordingly, the disclosure is considered to include any one or more of a machine-readable
medium or a distribution medium, as listed herein and including art-recognized equivalents
and successor media, in which the software implementations herein are stored.

[0037] The earpiece 100 can include an audio interface 212 operatively coupled to the
processor 206 to receive audio content, for example from a media player or cell phone, and
deliver the audio content to the processor 206. The processor 206 responsive to detecting
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ambient sounds can adjust the audio content and pass the ambient sounds directly to the
ear canal. For instance, the processor 206 can lower a volume of the audio content played
out the ECR 125 responsive to detecting an acute sound for transmitting the ambient sound
to the ear canal. The processor 206 can also actively monitor the sound exposure level
inside the ear canal via the ECM 123 and adjust the audio content to within a safe and
subjectively optimized listening level range.

[0038] The earpiece 100 can further include a transceiver 204 that can support singly or
in combination any number of wireless access technologies including without limitation
Bluetooth™, Wireless Fidelity (WiFi), Worldwide Interoperability for Microwave Access
(WIMAX), and/or other short or long range communication protocols. The transceiver 204
can also provide support for dynamic downloading over-the-air to the earpiece 100. It
should be noted also that next generation access technologies can also be applied to the
present disclosure.

[0039] The power supply 210 can utilize common power management technologies such
as replaceable batteries, supply regulation technologies, and charging system technologies
for supplying energy to the components of the earpiece 100 and to facilitate portable
applications. A motor (not shown) can be a single supply motor driver coupled to the power
supply 210 to improve sensory input via haptic vibration. As an example, the processor 206
can direct the motor to vibrate responsive to an action, such as a detection of a warning
sound or an incoming voice call.

[0040] The earpiece 100 can further represent a single operational device or a family of
devices configured in a master-slave arrangement, for example, a mobile device and an
earpiece. In the latter embodiment, the components of the earpiece 100 can be reused in
different form factors for the master and slave devices.

[0041] FIG. 3 is an exemplary schematic of a software system 300 for operating the
earpiece 100. The software system 300 can reside at least in part or whole on the
processor 206, the memory 208, and/or any associated machine readable storage medium
operated on by the processor 206 (see FIG. 2). Generally stated, the software system 300
by way of the processor 206 can manage a configuration of audio input and output (paths)
to the earpiece 100 to support audio delivery.

[0042] As illustrated, the software system 300 includes a peripheral interface 310
configured to manage a plurality of sound signals 315 and direct the plurality of sound
signals 315 to a plurality of audio processing modules 330. The sound signals can be an
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ambient sound signal measured by the ASM 111 or an internal sound signal from measured
by the ECM 123. The software system 300 can include an audio content interface 320
configured to manage a plurality of audio streams 325 and direct the plurality of audio
streams 325 to the plurality of audio processing modules 330. The audio stream can be a
voice signal from a Phone, a music signal from a personal media player (PMP), or an audio
signal provided by the earpiece (e.g., loopback signal). The plurality of sound signals 315
and the plurality of audio streams 325 are also passed to a filter set 350 as shown by the
wide arrows.

[0043] The plurality of audio processing modules 330 can produce audio control
information 331 responsive to an analysis of the sound signals. The audio control
information 331 is provided to the logic control unit 340 for configuring filtering and mixing
operations on the plurality of sound signals 315 and the plurality of audio streams 325 at a
filter set 350. The logic control 340 unit is operatively coupled to the plurality of audio
processing modules 330 to receive the audio control information 331 from the plurality of
audio processing modules 330 and generate configuration data. The configuration data can
include filter data 342 for processing the plurality of sound signals, audio control data 343
for assigning a priority to the plurality of sound signals, and router data 344 for mixing a
plurality of filtered signals 355 according to the priority

[0044] The software system 300 includes the filter set 350 operatively coupled to the
peripheral interface to process the plurality of sound signals 315 in accordance with the
configuration data 342 for generating the filtered sound signals 355. The filter set 350 also
processes the plurality of audio streams 325 in accordance with the configuration data 344
to produce filtered sound signals 355. The filtered sound signals 355 are passed to a mixing
matrix 360.

[0045] The mixing matrix 360 is operatively coupled to the control logic unit 340 and filter
set 350 to mix the plurality of filtered sound signals 355 in accordance with the configuration
data 344 and generate output sound signals 365 that are routed to at least one output
peripheral component 370. The peripheral component 370 can be the ECR 125, a phone,
or a data storage. The mixing matrix 360 can include individual gains that are applied to the
plurality of filtered sound signals 355 for producing the output sound signals.

[0046] FIG. 4 is a more detailed schematic of the software system 300 of FIG. 3. System
components of FIG. 3 will be referred to when describing components of the detailed
schematic.
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[0047] The peripheral interface 310 (see FIG. 3) can include the Ambient Sound
Microphone (ASM) 111 configured to convert an ambient sound to an ambient sound
signal, and the Ear Canal Microphone (ECM) 123 configured to convert an internal sound
from an ear canal of a user to an internal sound signal. The peripheral interface 310
receives the ASM sound signals from the external environment including background noise,
warning sounds, and the ECM sound signal including the voice of a wearer of the earpiece
100 and any audio content playing out the ECR 125. The components (e.g., ASM-R, ECM-
R) of the peripheral interface 310 can contain more than the components shown, for
instance, a secondary ASM for sound localization or noise suppression. The peripheral
interface 310 can also include components (ASM-L, ECM-L) from a second earpiece such
as a L-left or R-right earpiece. In this case, the software system 300 can reside on one of
the earpieces, although resources can be shared if the software system 300 is enabled on
both earpieces.

[0048] The audio content interface 320 (see FIG. 3) can receive audio streams, for
example, from a phone 421, a personal media player (PMP) 422, a portable communication
device (e.g., VOP) 423, or a component 411 of the earpiece. The local component 411
(e.g., ECR 125) can permit audio feedback for allowing the user to hear audio, for example,
loop back when the user is speaking on the phone, or playing comfort noise during non-
speech intervals. The audio content interface (AC) 420 can mix the plurality of audio
streams to produce a single audio stream delivered to the processing modules (AP1-APS5).
In one arrangement, the AC 420 can perform audio content mixing based on a user context.
[0049] The user context identifies an operation or mode of the earpiece, such as, an
incoming call, a music session, or a voice mail. For example, if the user is listening to music
and an incoming call is detected, the earpiece 100 by way of the software system 300 (see
FIG. 3) further discussed herein can lower the volume of the music relative to the incoming
call ring tone to permit a hearing of the incoming call (e.g., ring tone). As another example,
if the user is using the earpiece in a transparent “safe” mode while listening to music, then
any harmful ambient sounds (e.g., loud jackhammer, bus noises) can be attenuated with
the music, for instance, by reducing the ASM to ECM pass through levels. Similarly,
important warning sounds captured at the ASM 111 can be elevated in the mix with respect
to other sounds by increasing the ratio of ASM 111 to ECM 123 sound levels. The AC 420

can also mix the sounds in accordance with manual intervention, for example, if the user
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adjusts a volume level manually by way of a user interface or directly mixes the audio
streams.

[0050] Referring to both FIGS. 3 and 4, the sound signals from peripheral interface 310
and the mixed sound signals from the audio content interface 320 can be passed through a
signal analysis module 410 operatively coupled to the peripheral interface 310 and the
audio content interface 320 to provide a shared analysis of the sound signals and the audio
streams. The sound signals and the shared analysis can then be sent to the plurality of
audio processing modules (AP1 — AP5).The shared analysis can include spectral analysis,
spectral band energy level analysis, spectral envelope analysis, voice activity detection
analysis, and cross-correlation analysis.

[0051] The shared analysis module 410 permits a sharing of processing resources
among the processing modules (AP1 — AP5) to minimize individual resource use of the
processing modules from performing a common analysis. For instance, instead of each
processing module performing an FFT analysis, the shared module 410 can perform an
FFT and share output results with the modules. In another arrangement, output results from
the shared analysis can be conveyed to the processing modules based on frequency band
requirements or trigger events and thresholds. For instance, AP1 may register as an event
listener for ASM signals that exceed a certain level in a frequency band; AP2 may register
as an event listener to receive ECM signals that match a particular masking profile, and so
on.

[0052] Alternatively, each processing module can interpret the output results individually
and make their own respective determination as how to process the sound signals. For
instance, each processing module (AP1 — AP5) can selectively process the plurality of
sound signals in accordance with its own requirements. For example, AP1 can be a sound
detection module to identify one or more sounds in the user’s environment, for example, in
accordance with the teachings presented in U.S. Patent Application No11/966,457 filed on
December 28, 2007 entitled “Method and Device for Sound Signature Detection” herein
incorporated by reference in its entirety. AP 2 can be a sound exposure monitoring module
to assess safe listening levels, for instance, in accordance with the teachings presented in
U.S. provisional patent application No. 60/887,165 filed on January 30, 2007 entitled
“Sound Pressure Level Monitoring and Notification System” herein incorporated by
reference in its entirety. AP 3 can be a sound enhancement module or voice control

module, for instance, in accordance with the teachings presented in U.S. Provisional
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Application No. 60/911,691 filed on April 13, 2007 entitled “Method and Device for Voice
Operated Control”, and U.S. Provisional Application No. 60/885,917 filed on January
22, 2007 entitled “Method and Device for Acute Sound Detection and Reproduction” herein
incorporated by reference in its entirety. AP 4 can be a sound correction module to modify a
sound signal based on a sound level exposure within safe listening levels, for instance, in
accordance with the teachings presented in U.S. Provisional Application No. 60/866,420
filed on November 18, 2006, entitled “Method and Device for Personalized Hearing” the
entire disclosure of which is incorporated herein by reference.
[0053] Each of the processing modules (AP1 — AP5) generates separate audio control
information 331 in view of the audio signals that can be used by the logic control unit 340 to
make an informed decision related to filtering and mixing the sound signals and audio
streams. The audio control information 331 includes filter control data 342, audio control
data 343, and router control data 344. The filter control data 342 can include filter
coefficients that each processing module (AP) identifies as being significant to their
intended function. The audio control data 343 can control a mixing of the plurality of audio
streams at the AC 420 based on an established priority in view of the processing module
decisions (e.g., warning signal detected, sound exposure level exceeded, echo feedback
condition). The router control data 344 can include mixing gains (g1-g2) to amplify or
attenuate the filtered sound streams.
[0054] The logic control unit 340 responsive to receiving the audio control information
331 generates a priority that is used for generating the configuration data (341,342 and
343) used to filter the sound signals and mix the filtered sound signals. The priority controls
how the filtered signals are filtered at the filter set 350 (e.g. F1, F2, F3, see also FIG. 3). As
illustrated, F1 is a first filter for the ambient sound signal, and F2 is a second filter for the
internal sound signal in the ear canal. The logic control unit 340 varies the level of filtering
at both F1 and F2 in accordance with the filter configuration data 342 as established by the
determined priority. The filter coefficients for the F1 filter and F2 filter are provided on a
frame-by-frame basis in real-time with the filter configuration data 342 from the logic control
unit 340. The priority also controls how the audio steams are mixed in the audio control unit
320 (e.g., see VOP, Phone, PMP, see also FIG. 3) based on the audio control data, and
how the filtered signals are mixed in the mixing matrix 360 (e.g., g1-g9, see also FIG. 3).
[0055] For example, an AP1 module configured for warning sound detection upon
identifying a warning sound in an ASM sound signal, can generate filter coefficients to
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amplify one or a group of frequency bands of the warning sound (e.g., horn or siren). The
AP1 module can consider the other frequency bands as don’t cares since they are not part
of the warning sound. AP1 can also raise or flag a priority level that a warning sound has
been detected. Similarly, AP3 module for speech enhancement may determine from a
simultaneous ECM audio stream that the wearer is speaking and generate filter coefficients
that accentuate certain portions of the sound spectrum. AP3 can raise a flag or priority level
based on an energy level of the spoken voice. AP4 may determine an echo condition
feedback that could potentially damage the users hearing and generate filter coefficients to
null out the feedback. AP4 can raise a flag or priority level indicating an immediate danger
condition. AP2 may determine that a sound level exposure is being exceeded and generate
audio control data to turn volume down on a media player. The logic control unit 340 upon
receiving the audio control information and corresponding priorities from the respective
processing modules (AP1-AP5) can then determine the appropriate filter configuration
given the filter coefficients and the priority.

[0056] Notably, the logic control unit 340 evaluates the audio control information from all
the processing modules (AP1-APN) individually, and then collectively as a whole, for
prioritizing the configuration data. For instance, warning sounds that are given a higher
priority over voice from the ECM or music from the AC, will be mixed according to the
priority. Thus, the output sound signal generated by the mixing matrix 360 emphasizes the
warning sound, followed by the voice, followed by the audio content. If voice commands are
given a higher priority over music, than the mixing matrix 360 can reduce the music levels
from the AC module when an AP module detects voice. Again, the priority can be
established manually (e.g., via user interface) or automatically (e.g., user context, or
presence). As another example, the mixing matrix 360 can increase ASM to ECM pass
through upon detection of a warning sound, while simultaneously lowering a phone volume
if the user is checking voice mail messages. As yet another example, the mixing matrix 360
can reduce ASM to ECM pass and simultaneously lower a music level if an incoming phone
call is detected. The priority can also be event driven responsive to detecting a sound
signature, a background noise condition, a battery life indication, a manual interaction, or a
voice recognition command.

[0057] In the foregoing, a detailed description for one exemplary operation of audio
input/output configuration of the software system 400 shown in FIG. 4 is provided. It should
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be noted that other configurations apply, for instance, using more or less than the number
of mixing coefficients (g1-g9) or filters (F1-F9) shown.
[0058] As illustrated, The AC control unit 420 mixes audio content (e.g., phone, VOP,
PMP) and outputs an AC signal (or pair of stereo channels if two earphone devices are
used). The mixing is controlled accordance with configuration data 343 received from the
control logic unit 340 and also automatically by the AC control unit 420. The AC signal
generated from the AC 420 is then filtered by audio content filter F3. The internal ear-canal
audio signal from the ECM 123 is filtered by ECM filter F1 205, and the ambient audio
signal from the ASM is filtered by ASM filter F2. All three filters (F1, F2 and F3) are
updated and controlled by the logic control unit 340 via filter configuration data 342.
[0059] The filtered audio signals 355 are then passed to the mixing matrix 360. The 9
mixing coefficients (g1-g9) of the mixing matrix 360 are controlled and updated by the
control logic unit 340 via configuration data 344. Each mixing coefficient (e.g., g1-g9) can
be a time-varying positive number, negative number, or zero. As part of the mixing, the
output sound signals are routed to the three peripheral output components (Phone 421,
ECR 125, and Storage 430). The mixing gains can be normalized so as to permit balanced
audio delivery. The peripheral output components comprise the ear canal receiver ECR 125
for delivering audio to the ear canal, the output signal to the phone 421 (i.e. the signal that
is transmitted to another remote individual), and the audio storage device 430 (e.g. hard
drive on a PMP).
[0060] The filter configuration data 342 for the 2 filters, the AC configuration data 343 for
the AC control unit, and the routing configuration data 344 for the mixing matrix 360 is
generated responsive to receiving the audio control information from the plurality of
processing modules (AP1-AP5). Recall, each module (e.g., modules 1-5, or more) receives
as its inputs at least one of the unfiltered audio input signals (e.g. the ECM and ASM
signals) or audio sound streams (e.g., music signal from PMP). As illustrated, each module
analyzes the input audio signal and generates 3 output types: coefficients for the router
(e.g., g1-g9), filter coefficients for the 3 signal filters (e.g., F1,F2 and F3), and audio control
signals for the AC control unit. Each of these output types can have “don’t care” states-
which can be represented by a reserved number value (e.g., -1).
[0061] The control logic unit 340 prioritizes the sound signals and audio streams for
each signal type, for instance, it can prioritize the router coefficient values (e.g., mixing
gains g1-g9) higher for one AP module than the other. In some cases, the control logic can
14
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maximally prioritize the signal type from one module so that the output router coefficients,
for example, from one module is copied directly to the output of the control logic unit. In
other cases, the output signals of the same type from different modules can be combined
by a weighted addition. Similarly, the filter coefficients for a particular filter (F1 — F3) can be
generated by a weighted addition (frequency domain) or convolution (time domain).

[0062] FIG. 5 is a flowchart of a method 500 for generating filter configuration data in
accordance with an exemplary embodiment. The method 500 be practiced with more or
less than the number of steps shown and is not limited to the order shown. To describe the
method 500, reference will be made to components of FIG 2, although it is understood that
the method 500 can be implemented in any other manner using other suitable components.
The method 500 can be implemented in a single earpiece, a pair of earpieces, headphones,
or other suitable headset audio delivery device.

[0063] In particular, method 500 describes one exemplary arrangement in which the
logic circuit 340 generates filter configuration data from the audio content received by
individual AP modules to produce a combination filter output. In the exemplary embodiment,
only one filter of the three filters shown in FIG. 4 is explained (e.g. generation of F1
coefficients for the ECM audio path). In other exemplary embodiments, the filter output for
method 300 includes all 3 filters (F1, F2 and F3) , for instance, the ECM sound signal, the
ASM sound signal and the AC sound signal.

[0064] The method 500 can start at step 502. At step 504, the logic control unit 340 can
receive N filter vectors from the N processing modules 506 (AP1-APN). Each processing
module generates a filter vector that is a set of filter coefficients (time or frequency domain).
Each of the N processing modules (AP1-APN) also outputs an associated module priority.
[0065] At step 508, the logic control unit 340 assesses the priorities raised by each
processing module and evaluates the priorities against a corresponding reference module
priority at step 510. If a processing module does not assign a particular priority value, then
a default priority value is retrieved from the reference module priority list. At step 512, the
logic control unit 340 identifies the processing module with the highest priority. If a first
processing module returns the same module priority value as a second processing module,
then the logic control unit 340 assigns a unique module priority value to both the second
and first modules, for example, based on a user context.

[0066] Upon selecting the processing module with the highest priority, the logic control
unit 340 proceeds to determine if any configuration data is a “don’t care” as shown in step
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514. A “don’t care” value is a value that does not affect the filter state of the respective
processing module. The filter configuration data 342 generated by each processing module
can include filter values of a time domain filter vector (e.g. for an FIR type filter) of
frequency domain filter (e.g., bi-quads) with “don’t care” value; the logic control unit 340 can
assign a reserved numerical value of symbol for “don’t care” filter states. A “dont care” flag
can be associated with each filter output from each module.

[0067] At step 516, the logic control unit 340 can copy the configuration data (e.g., filter
data, router data, audio content data) for “care” states to internal memory for output to the
filter set 350, mixing matrix 360, and audio control 420 (see FIG. 4). The logic control unit
340 can continue to update the configuration data for “care” states as it is retrieved from
each of the respective processing modules according to the priorities. Starting with the next
highest priority module, as shown in step 520, the filter values for this high priority module
are then checked at step 514to see if they correspond to a “don’t care” state in the method
loop. The method loop continues until the end of the module priority list as shown in step
518.

[0068] If the logic control unit 340 identifies a “don’t care” state is present, the filter
values for that state is not updated; else, the filter values for this module are copied to the
output and no further update of the filters is conducted until new filter vectors are received
from all modules as shown in step 522. In such regard, the logic control unit 340 output filter
states using filter values directly from the processing modules based strictly on priority. If all
module filter values are “don’t care” states, then the filter output is the same as a previous
filter output. The method 500 continues back at step 504 to evaluate the priorities of each
module in real-time as results are received. The logic control unit 340 thus continually
updates the filter values in view of priority for the respective filters (F1, F2 and F3) to
process audio signals and audio streams in real time.

[0069] FIG. 6 is a flowchart of a method 600 for generating filter configuration data
where filter data is collectively combined based on priority. The method 600 is an extension
of method 500 of FIG. 5 and can practiced with more or less than the number of steps
shown and is not limited to the order shown. Briefly, FIG. 6 presents an embodiment
wherein processing modules can have a same priority value. In such a case when two
modules have the same priority value, and neither contain (don’t care” filter states, then the
filter values from each of these two module with the same priority value are combined. The
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combination can be a simple summation of filter weights (e.g. for frequency domain filters)
or a convolution of the two sequences (e.g. for time domain weights).
[0070] The method 600 can start at step 602. At step 604, the logic control unit 340 can
receive N filter vectors from the N processing modules 606 (AP1-APN). Each processing
module generates a filter vector that is a set of filter coefficients (time or frequency domain).
Each of the N processing modules (AP1-APN) also outputs an associated module priority.
At step 608, the logic control unit 340 assesses the priorities raised by each processing
module. If a processing module does not assign a particular priority value, then a default
priority value can be retrieved from a reference module priority list.
[0071] At step 610, the logic control unit 340 identifies the processing module with the
highest priority. The logic control unit 340 at step 618 then examines the audio control
information from each of the N processing modules to identify “don’t care” states. Filter
values with “don’t care” are not considered in generating output filter configuration data 342
or router configuration data 344 (see FIG. 4). Accordingly, the method 600 continues to get
the next most important priority modules at step 620 until the end of module priority list is
reached at step 622.
[0072] Filter values other than “don’t care” are however used in generating a combined
filter output; that is, a filter output representative of the collective priority of all the
processing modules (AP1-APN) based on their processing results. The combination also
depends on whether the module is uniquely defined; for instance, it has precedence over
combination with other filter vales. Thus at step 614, the logic control unit 340 determines
whether a processing module with a “care” filter value is uniquely defined. If yes, then the
filter values for that unique model are copied to the output (e.g., router configuration, filter
configuration data, audio configuration data) at step 616. If however, the module is not
unique, then the logic control unit 340 at step 612 combines the filter value with filter data
from modules of the same priority. These filter values are then copied to the output at step
616 if no other modules eclipse their collective priority, or until a module with higher priority
is identified. Upon evaluating all new filter from all the modules at step 624, the method 600
can return back to step 604 to continue to retrieve the filter vectors in real-time.
[0073] FIG. 7 is an exemplary schematic 700 for configuring audio input and output via a
mixing matrix in accordance with an exemplary embodiment. Reference will be made to
FIG. 4 when describing the schematic 700. For instance, the filtered ECM signal 702 is the
output of the ECM filter (F1) of FIG. 4. The mixing gains g1 (704), g4 (704) and g7 (707)
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correspond to the first column of the mixing matrix 360 as shown in FIG. 4. The phone out
710, ECR 712, and audio storage 714 correspond to the output peripheral components
(421, 125, and 430) of the mixing matrix 360.

[0074] The mixing gains (g1-g9) of the mixing matrix 360 can be applied to the filtered
audio signals 355 (see FIG. 3) before they are routed to the corresponding peripheral
output components (phone out 710, ECR 712, and audio storage 714). FIG. 7 shows a
signal path diagram for the filtered ECM input signal 702 to the 3 peripheral output
components of the matrix 260. The mixing gains can be normalized coefficients whose total
contribution across a column of the mixing matrix is unity. For example, mixing gains of
g1=0.2, g4=0.3, and g7=0.5 are applied to the filtered ECM signal 702 to produce phone
out 710, ECR out 125, and audio storage out 714. The coefficient values can be time
variant for each new input audio sample into the mixing matrix 360, or can remain constant
for a block of input samples.

[0075] In one exemplary embodiment, the 9 coefficients (g1-g9) for each of the mixing
gains in mixing matrix 360 can be generated using a similar logic process as described in
FIG. 4 and FIG. 4, except the inputs to the logic system are not filter vectors but rather 9
coefficient values from each module. The priority value assigned to each module, or the
priority value automatically generated by that module, can be a different value for the filter
vectors than for the 9 coefficient values. Moreover, 9 coefficients are shown since there are
3 audio paths (ASM, ECM, and AC) and 3 output peripheral components (Phone, ECR,
data storage). The number of mixing gains and structure of the mixing matrix 360 can thus
be a function of the number of audio input and audio output paths.

[0076] FIG. 8 is another exemplary schematic 800 of the software system 300 providing
separate analysis and re-synthesis modules for peripheral inputs in accordance with an
exemplary embodiment. As illustrated, the schematic 800 combines the three audio filters
F1, F2 and F3 with the shared analysis module 410 of the software system shown in FIG 4.
Analysis/Re-synthesis unit 810 performs shared analysis of the ECM sound signal for
processing modules (AP1-AP3). Analysis/Re-synthesis unit 820 performs shared analysis
of the ASN sound signal for processing modules (AP1-AP3). Analysis/Re-synthesis unit 830
performs shared analysis of the Audio Content (AC) sound signal for processing modules
(AP1-AP3).

[0077] The combined analysis/resysnthesis units 810, 820 and 830 filter the 3 input
audio signals; the ECM signal; the ASM signal, and Audio Content (AC) signal. The AC
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signal comprises at least one of; an earcon signal (e.g. a “low battery” auditory warning
cue); a signal from a mobile telephone; and a stereo signal from a PMP (e.g. portable DVD
player, music audio player etc). The output signal of the analysis/resynthesis units 810, 820
and 830 are passed to the mixing columns (g1, g4, g7; g2, g5, g8; and g3, g6, g9) of the
mixing matrix 360. The mixing gains g1-g9 are controlled via the router configuration data
from the logic control unit 340, which in turn were determined from the audio control
information generated by the processing modules (AP1-AP3).

[0078] As illustrated the mixing matrix 360 can associate a phone with a first row of a
linkage matrix, associates an ECR with a second row of a linkage matrix, associate an
audio storage with a third row of a linkage matrix, associate an ECM with a first column of a
linkage matrix, associate an ASM with a second column of a linkage matrix, and associate
an AC controller with a third column of a linkage matrix. The mixing matrix can modify the
output sound signal of the phone using values in the first row of the linkage matrix, modify
the output sound signal of the ECR using values in the second row of the linkage matrix,
and modify the output sound signal sent to the audio storage using values in the third row of
the linkage matrix.

[0079] Recall each processing module has two or more output signals: filter gain
coefficients which control the resynthesis of the signals in the analysis/resythesis units; 9
coefficients for the router, and audio configuration data for the audio control. The
processing modules (AP1-AP3) create AC Control signals to control the routing of the input
AC signals using AC control unit (420, see FIG. 4). The processing modules are configured
and their internal state can be queried by the user interface 850 (e.g. a computer connected
to the DSP unit via USB).

[0080] FIG. 9 is a more detailed schematic 900 of an analysis and re-synthesis unit for a
particular peripheral input in accordance with an exemplary embodiment. For instance, the
analysis and re-synthesis unit 910 corresponds to the ASM sound signal path of the
software system 800 shown in FIG. 8. That is, the analysis and re-synthesis unit 910 can
receive audio input 901 from the ASM 111. Notably, the schematic 900 can be applied for
producing filtered output for also the ECM 123 sound signals and AC 420 sound signals
(see FIG. 4) or other signals.

[0081] As illustrated in FIG. 9, the analysis and re-synthesis unit 910 incorporates a
filter-bank 912 (e.g., cascade of band-pass filters (BPF)) structure for decomposing the
ASM sound signal into a plurality of filter-banks. The filter-bank can be based on a linear
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frequency scale or a non-linear frequency scale, such as, an octave, 1/3 octave, critical
band, equivalent rectangular band (ERB), or melody (mel)-frequency scale. Each output of
each filter-bank can then be presented to each of the N processing modules (AP1 920-AP2
930). As previously indicated, the processing modules 920 and 930 generate audio control
information 331 (see FIG. 3) that the logic control unit 340 uses in generating filter
configuration data 342 (see FIG. 4). In the embodiment shown, the filter configuration data
342 is used by the analysis and re-synthesis unit 910 to scale the filter-bank output signals.
For instance, the filter-bank outputs are gain scaled to amplify or attenuate the individual
filter-banks with the filter coefficients in the filter configuration data 342. The filter-bank
output signals can then be summed to generate a composite filtered sound signal. The
filtered sound signal is then presented to the mixing matrix (see FIG. 8) for routing and
mixing to the one or more output peripheral components (e.g., Phone, ECR, data storage).
[0082] In the following, a detailed description for operation of the analysis and re-
synthesis unit 910 for use with an audio input signal is provided. The input signal 901 is
called “audio input 17, and can be any one of the exemplary three signals described
previously (i.e. ECM, ASM or AC signal).The audio input signal is split and processed by
the different band-pass-filters 912 (i.e. with different centre frequencies). In one
arrangement, the response of each respective band pass filter 912 is such that if the filter
outputs are summed, then the power spectral density is the same as the original audio input
signal. The band pass filters 912 can be time-domain FIR type filters or IIR type filters, or
the analysis could be with a frequency domain FFT. The output signal of each band-pass
filter is fed to at least one module (for the sake of clarity, 2 modules are shown in the
exemplary embodiment of figure 8). Each module then creates an output signal to control
the re-sythesis of the band-pass filtered input signals. This output signal is a vector of
weights to control the gains of the filtered signals (i.e. the number of gains is equal to the
number of filter used in the analysis). The logic control unit 340 determines a single set of
gain coefficients for the gains (i.e. G1, G2, G3 and G4 in the exemplary embodiment of
figure 8). After the first set of band pass filtered signals have been multiplied with the gains
(G1-G4) to create a second set of amplified (or attenuated) band-pass filtered signal, the
second set of signals are summed with the summing unit to create a single filtered ASM
output sound signal, which form one of the three exemplary inputs to the previously
described mixing matrix 360.
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[0083] While the present invention has been described with reference to exemplary
embodiments, it is to be understood that the invention is not limited to the disclosed
exemplary embodiments. The scope of the following claims is to be accorded the broadest
interpretation so as to encompass all modifications, equivalent structures and functions of
the relevant exemplary embodiments. Thus, the description of the invention is merely
exemplary in nature and, thus, variations that do not depart from the gist of the invention
are intended to be within the scope of the exemplary embodiments of the present invention.
Such variations are not to be regarded as a departure from the spirit and scope of the

present invention.
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CLAIMS
What is claimed is,
1. An earpiece, comprising:

a peripheral interface configured to manage a plurality of sound signals and direct
the plurality of sound signals to a plurality of audio processing modules that produce audio
control information responsive to an analysis of the plurality of sound signals;

a logic control unit operatively coupled to the plurality of audio processing modules to
receive the audio control information from the plurality of audio processing modules and
generate configuration data;

a filter set operatively coupled to the peripheral interface to process the plurality of
sound signals in accordance with the configuration data to produce filtered sound signals;
and

a mixing matrix operatively coupled to the control logic unit and filter set to mix the
plurality of filtered sound signals in accordance with the configuration data to produce
output sound signals and route the output sound signals to at least one peripheral

component.

2. The earpiece of claim 1, wherein the peripheral component is an Ear Canal Receiver
(ECR), a phone, a portable communication device, or a storage.

3. The earpiece of claim 1, wherein the peripheral interface comprises:

at least one Ambient Sound Microphone (ASM) configured to convert an ambient
sound to an ambient sound signal; and

at least one Ear Canal Microphone (ECM) configured to convert an internal sound

from an ear canal of a user to an internal sound signal.

4. The earpiece of claim 1, further comprising:
an audio content interface configured to manage a plurality of audio streams and
direct the plurality of audio streams to the plurality of audio processing modules.

5. The earpiece of claim 4, wherein the audio content interface receives an audio stream

from a phone, a media player, or a portable communication device.
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6. The earpiece of claim 4, wherein the audio content interface mixes the plurality of audio
streams based on a user context that is one among an incoming call, a music session, or a

voice mail.

7. The earpiece of claim 1, wherein the configuration data comprises filter data for
processing the plurality of sound signals, audio control data for assigning a priority to the
plurality of sound signals, and router data for mixing the plurality of filtered signals
according to the priority

8. The earpiece of claim 4, wherein the priority is event driven responsive to detecting a
sound signature, a background noise condition, a battery life indication, a manual

interaction, or a voice recognition command.

9. The earpiece of claim 3, wherein the filter set comprises:

a first filter for the ambient sound signal; and

a second filter for the internal sound signal,
where the filter coefficients for the first filter and second filter are provided on a frame-by-
frame basis in real-time with the configuration data from the logic control unit.

10. An earpiece, comprising:

a peripheral interface configured to manage a plurality of sound signals and direct
the plurality of sound signals to a plurality of audio processing modules;

an audio content interface configured to manage a plurality of audio streams and
direct the plurality of audio streams to the plurality of audio processing modules;

at least one signal analysis module operatively coupled to the peripheral interface
and audio content interface to provide a shared analysis of the sound signals and the audio
streams for the plurality of audio processing modules;

a logic control unit operatively coupled to the plurality of audio processing modules
and the at least one signal analysis module to receive the shared analysis and audio control

information to generate configuration data;
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a filter set operatively coupled to the peripheral interface to process the plurality of
sound signals in accordance with the configuration data to produce filtered sound signals;
and

a mixing matrix operatively coupled to the control logic unit and filter set to mix the
plurality of filtered sound signals in accordance with the audio control information to
produce output sound signals and route the output sound signals to at least one peripheral

component.

11. The earpiece of claim 10, wherein the shared analysis comprises spectral analysis,
spectral band energy level analysis, spectral envelope analysis, voice activity detection

analysis, and cross-correlation analysis.

12. The earpiece of claim 10, wherein a separate signal analysis module is provided for
components of the peripheral interface and the audio content interface and is shared
among the plurality of audio processing modules.

13. The earpiece of claim 10, wherein the peripheral interface comprises

at least one Ambient Sound Microphone (ASM) coupled to an ASM signal analysis
module configured to analyze an ambient sound signal; and

at least one Ear Canal Microphone (ECM) coupled to an ECM signal analysis

module configured to analyze an internal sound from an ear canal of a user.

14. The earpiece of claim 10, wherein the audio content interface is coupled to an audio
content (AC) signal analysis module and configured to analyze an audio stream from a
phone, a media player, or a portable communication device.

15. The earpiece of claim 10, wherein the logic control unit produces a linkage matrix of
mixing gains that the mixing matrix applies to the plurality of filtered sound signals for
producing the plurality of output sound signals.

16. The earpiece of claim 10, wherein the mixing matrix:
associates a phone with a first row of a linkage matrix;
associates an ECR with a second row of a linkage matrix;
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associates an audio storage with a third row of a linkage matrix;
associates an ECM with a first column of a linkage matrix;
associates an ASM with a second column of a linkage matrix; and

associates an AC controller with a third column of a linkage matrix.

17. The earpiece of claim 16, wherein the mixing matrix:

modifies the output sound signal of the phone using values in the first row of the
linkage matrix;

modifies the output sound signal of the ECR using values in the second row of the
linkage matrix; and

modifies the output sound signal sent to the audio storage using values in the third

row of the linkage matrix.

18. A method for configuring audio delivery on an earpiece, the method comprising the
steps of:

receiving at least one sound signal and at least one audio stream;

performing an analysis of at least one sound signal and the at least one audio
stream;

presenting the analysis, the at least one sound signal, and the at least one audio
stream to a plurality of audio processing modules that generate configuration data
responsive to the receiving;

filtering the at least one sound signal and at least one audio stream according to the
configuration data to produce filtered sound signals;

mixing the filtered signals according to the configuration data to produce output
sound signals; and

routing the output sound signals to at least one peripheral component.

19. The method of claim 18, wherein the at least one sound signal is an ambient sound

signal, an ear canal sound signal, and the at least one audio stream is received from a

phone, a media player, or a portable communication device.
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20. The method of claim 18, comprising generating a linkage matrix of mixing gains based
on the configuration data that are applied to the plurality of filtered sound signals for
producing the plurality of output sound signals.
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AUTOMOTIVE SOUND RECOGNITION SYSTEM FOR ENHANCED SITUATION AWARENESS

CROSS REFERENCE TO RELATED APPLICATIONS
[0001] This application is related to and claims the benefit of U.S. Provisional
Application No. 61/432,016 entitled "TAUTOMOTIVE SOUND RECOGNITION SYSTEM FOR
ENHANCED SITUATION AWARENESS” filed on January 12, 2011, the contents of which
are incorporated herein by reference.
FIELD OF THE INVENTION
[0002] The present invention relates to a device that monitors sound directed to a
vehicle cabin, and more particularly, though not exclusively, to an audio system and
method that detects ambient warning sounds and adjusts audio delivered to a vehicle
cabin based on the detected warning sounds to enhance auditory situation awareness.
BACKGROUND OF THE INVENTION
[0003] People that use audio systems in vehicles generally do so for either music
enjoyment or voice communication. The user is generally immersed in the audio
experience when using such devices and is acoustically isolated within a sealed vehicle
cabin. Background noises in the external vehicle environment (e.g., road, engine, wind
and traffic noise) can contend with the acoustic sounds produced from these devices. As
the background noise levels change, the user may need to adjust the volume to listen to
their music over the background noise. Alternatively, the level of reproduced audio may
be automatically increased, for example, by audio systems that increase the audio level
as the vehicle velocity increases (i.e., to compensate for the rise in noise level from
road, engine and aerodynamic noise). One example of such an automatic gain control
system is described in US patent No. 5,081,682.
SUMMARY OF THE INVENTION
[0004] Aspects of the present invention relate to a sound recognition system for a
vehicle. A sound recognition system includes at least one ambient sound microphone
(ASM), at least one vehicle cabin receiver (VCR) and a processor. The ASM is disposed
on the vehicle and configured to capture ambient sound external to the vehicle. The
VCR is configured to deliver audio content to a vehicle cabin of the vehicle. The
processor coupled to the at least one ASM and the at least one VCR. The processor is
configured to detect at least one sound signature in the ambient sound and to adjust the
audio content delivered to the vehicle cabin based on the detected at least one sound
signature.
[0005] Aspects of the present invention also relate to methods for increasing auditory
situation awareness in a vehicle. The method includes capturing ambient sound external
to the vehicle from at least one ambient sound microphone (ASM) disposed on the

vehicle; monitoring the ambient sound for a target sound by detecting a sound signature
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corresponding to the target sound in the ambient sound; and adjusting a delivery of
audio content by at least one vehicle cabin receiver (VCR) to a vehicle cabin of the
vehicle based on the target sound.
[0006] Aspects of the present invention further relate to methods for sound signature
detection for a vehicle. The method includes capturing ambient sound external to the
vehicle from at least one ambient sound microphone (ASM) disposed on the vehicle; and
receiving a directive to learn a sound signature within the ambient sound. A voice
command or an indication from a user is received and is used to initiate the steps of
capturing and learning.
[0007] Aspects of the present invention also relate to methods for personalized
listening in a vehicle. The method includes capturing ambient sound external to the
vehicle from at least one ambient sound microphone (ASM) disposed on the vehicle;
detecting a sound signature within the ambient sound that is associated with a warning
sound: and mixing the warning sound with audio content delivered to the vehicle cabin
via at least one vehicle cabin receiver (VCR) in accordance with a priority of the warning
sound and a personalized hearing level (PHL).

BRIEF DESCRIPTION OF THE DRAWINGS
[0008] The invention may be understood from the following detailed description when
read in connection with the accompanying drawing. It is emphasized, according to
common practice, that various features of the drawings may not be drawn to scale. On
the contrary, the dimensions of the various features may be arbitrarily expanded or
reduced for clarity. Moreover, in the drawing, common numerical references are used to
represent like features. Included in the drawing are the following figures:
[0009] FIG. 1 is a pictorial diagram of a vehicle including an exemplary automotive
sound recognition system for enhanced situation awareness in accordance with an
embodiment of the present invention;
[0010] FIG. 2 is a block diagram of the system shown in FIG. 1 in accordance with an
exemplary embodiment of the present invention;
[0011] FIG. 3 is a flowchart of an exemplary method for ambient sound monitoring
and warning detection in accordance with an embodiment of the present invention;
[0012] FIG. 4 illustrates various system modes in accordance with an exemplary
embodiment of the present invention;
[0013] FIG. 5 is a flowchart of an exemplary method for sound signature detection in
accordance with an embodiment of the present invention;
[0014] FIG. 6 is a flowchart of an exemplary method for managing audio delivery
based on detected sound signatures in accordance with an embodiment of the present

invention;
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[0015] FIG. 7 is a flowchart of an exemplary method for sound signature detection in
accordance with an embodiment of the present invention;
[0016] FIG. 8 is a pictorial diagram for mixing ambient sounds and warning sounds
with audio content in accordance with an exemplary embodiment of the present
invention; and
[0017] FIG. 9 is a flowchart of an exemplary method for updating the sound
signature detection library dependent on the vehicle location in accordance with an
embodiment of the present invention.

DETAILED DESCRIPTION OF THE INVENTION
[0018] The following description of at least one exemplary embodiment is merely
illustrative in nature and is in no way intended to limit the invention, its application, or
uses.
[0019] Processes, techniques, apparatus, and materials as known by one of ordinary
skill in the relevant art may not be discussed in detail but are intended to be part of the
enabling description where appropriate, for example the fabrication and use of
transducers. Additionally in at least one exemplary embodiment the sampling rate of the
transducers can be varied to pick up pulses of sound, for example less than 50
milliseconds.
[0020] 1In all of the examples illustrated and discussed herein, any specific values, for
example the sound pressure level change, should be interpreted to be illustrative only
and non-limiting. Thus, other examples of the exemplary embodiments could have
different values.
[0021] Note that herein when referring to correcting or preventing an error or
damage (e.g., hearing damage), a reduction of the damage or error and/or a correction
of the damage or error are intended.
[0022] Automotive vehicle operators are often auditorially removed from their
external ambient environment. Ambient sound cues such as from oncoming emergency
(and non-emergency) vehicle sound alerts are often not heard by the vehicle operator
due to acoustic isolation of the vehicle cabin and internal cabin noise from engine and
road noise and, especially, due to loud music and speech reproduction levels in the
vehicle cabin.
[0023] Accordingly, background noises in the external vehicle environment contend
with the acoustic sounds produced from the vehicle audio system. The vehicle operator,
thus, becomes auditorially disassociated with their ambient environment, thereby
increasing the danger of accidents from collisions with oncoming vehicles. A need
therefore exists for improving the auditory situation awareness of vehicle operators to
automatically alert the operator to ambient warning alerts.
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[0024] Music and speech audio reproduction levels in vehicles and ambient sound
levels are antagonistic. For example, vehicle operators typically play vehicle audio
devices louder to hear over the traffic and general urban noise. The same applies to
voice communication.
[0025] Automotive vehicle operators are often auditorially removed from their
external ambient environment. For example, high sound isolation from the external
environment by be provided by cabin structural insulation, close-fitting window seals and
thick or double paned glass. Ambient sound cues (from external acoustic signals), such
as oncoming emergency (and non-emergency) vehicle sound alerts; vocal messages
from pedestrians; and sounds generated by the operator’s own vehicle may often not be
heard by the vehicle operator.
[0026] To summarize, the reduced “situation awareness” of the vehicle operator may
be a consequence of at least two principle factors. One factor includes acoustic isolation
of the vehicle cabin (e.g., from the vehicle windows and structural isolation). A second
factor includes sound masking. The sound masking may include masking from internal
cabin noise (such as from engine and road noise) and masking from loud music
" reproduction levels within the vehicle. The masking effect may be further compounded
with telephone communications, where the vehicles operator’s attention may be further
distracted by the conversation. Telephone conversation, thus, may introduce an .
additional cognitive load that may further reduces the vehicle operator’s auditory
situation awareness of the vehicle surroundings.
[0027] The reduction of the situation awareness of the vehicle operator may lead to
danger. For example, a personal safety of the vehicle operator may be reduced. In
addition, personal safety of other vehicle operators and pedestrians in the vicinity of the
vehicle may also be threatened.
[0028] One definition of situation awareness includes "the perception of elements in
the environment within a volume of time and space, the comprehension of their
meaning, and the projection of their status in the near future”. While some definitions
are specific to the environment from which they were adapted, the above definition may
be applicable across multiple task domains from visual to auditory modalities. .
[0029] A method and system is herein disclosed to address this problem of reduced
auditory situation awareness of vehicle operators. In an exemplary embodiment,
ambient warning sounds in the vicinity of a vehicle may be automatically detected and
may be actively reproduced in the vehicle cabin, to inform the vehicle operator of
detected sounds. According to an exemplary embodiment, a library of known warning
sounds may be acquired automatically based on the vehicle's location.

Exhibit 1004
Page 1092 of 1251



WO 2012/097150 PCT/US2012/021077
~ 5~

[0030] Personal safety of the vehicle operator and passengers in the vehicle may
thereby enhanced by exemplary systen'is and methods of the present invention, as
described herein. Accordingly, the safety of other vehicles (such as oncoming
emergency vehicles, other motorists, and pedestrians) may also be increased. The
safety benefit comes not only from the enhanced auditory situation awareness, but also
via reduced driver workload. For example, the system may reduce the burden on the
driver to constantly visually scan the environment for emergency vehicles or other
dangers that may also have recognizable acoustical signatures (that may ordinarily be
inaudible inside the vehicle cabin).

[0031] One focus of the present invention is to enhance (i.e., increase) the auditory
situation awareness of a typical vehicle operator and, thereby, improve the personal
safety of the vehicle operator, and other motorists and pedestrians.

[0032] Referring to FIG. 1, a pictorial diagram of vehicle 102 including an exemplary
automotive sound recognition system (ASRS) 100 for enhanced auditory situation
awareness is shown. ASRS 100 may include user interface 106, central audio processor
system 114 (also referred to herein as processor 114), indicator 116 and at least one
loudspeaker (for example, right loudspeaker 112 and left loudspeaker 120) (also
referred to herein as vehicle cabin receivers (VCRs) 112, 120). ASRS 100 may also
include one or more ambient microphones (for example, right microphone 104, front
microphone 108, rear microphone 110 and left microphone 122) for capturing ambient
sound external to vehicle 102. ASRS 100 may also include at least one vehicle cabin
microphone (VCM) 118 for capturing sound within vehicle cabin 126.

[0033] Processor 114 may be coupled to one or more of user interface 106, indicator
116, VCRs 112, 120, VCM 118 and ambient microphones 104, 108, 110, 122. Processor
114 may be configured to control acquisition of ambient sound signals from ambient
microphones 104, 108, 110, 122 and (optionally) a cabin sound signal from VCM 118.
Processor 114 may be configured analyze ambient and/or cabin sound signals, and to
present information by system 100 to vehicle operator 124 (such as via VCRs 112, 120
and/or indicator 116) responsive to the analysis.

[0034] In operation, processor 114 may be configured to receive AC signal 107 and
reproduce AC signal 107 through VCRs 112, 120 into vehicle cabin 126. Processor 114
may also be configured to receive ambient sound signals from respective ambient
microphones 104, 108, 110, 122. Processor 114 may also be configured to receive a
cabin sound signal from VCM 118.

[0035] Based on an analysis of the ambient sound signals (and, optionally, the cabin
sound signal), processor 114 may mix the ambient sound signal from at least one of
ambient microphones 104, 108, 110, 122 with AC signal 107. The mixed signal may be
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output to VCRs 112, 120. Accordingly, acoustic cues in the ambient signal (such as an
ambulance siren, a vocal warning from a pedestrian, or a vehicle malfunction sound)
may be passed into vehicle cabin 126, thereby providing detectable and spatial
localization cues for vehicle operator 124.

[0036] AC signal 107 may include any audio signal provided to (and/or generated by)
processor 114 that may be reproduced through VCRs 112, 120. AC signal 107 may
correspond to (without being limited to) at least one of the following exemplary signals:
a music or voice audio signal from a music audio source (for example, a radio, a portable
media player, a computing device); voice audio (for example, from a telephone, a radio
device or an occupant of vehicle 102); or an audio warning signal automatically
generated by vehicle 102 (for example, in response to a backup proximity sensor, an
unbelted passenger restraint, an engine malfunction condition, or other audio alert
signals). AC signal 107 may be manually selected by vehicle operator 124 (for example,
with user interface 106), or may be automatically generated by vehicle 102 (for
example, by processor 114).

[0037] Although in FIG. 1, two loudspeakers 112, 120 are illustrated, ASRS 100 may
include more or fewer loudspeakers. For example, ASRS 100 may have more than two
loudspeakers for right, left, front and back balance of sound in vehicle cabin 126. As
another example, ASRS 100 may include five loudspeakers (and a subwoofer) for 5.1
channel surround sound. It is understood that, in general, ASRS 100 may include one or
more loudspeakers.

[0038] User interface 106 may include any suitable user interface capable of
providing parameters for one or more of processor 114, indicator 116, VCRs 112, 120,
VCM 118 and ambient microphones 104, 108, 110, 122. User interface 106 may
include, for example, one or more buttons, a pointing device, a keyboard and/or a
display device.

[0039] Processor 114 may also issue alerts to vehicle operator 124, for example, via
indicator 116. Indicator 116 may provide alerts via a visual indication, an auditory
indication (such as a tonal alert) and/or a haptic indication. Indicator 116 may include
any suitable indicator such as (without being limited to): a display (such as a heads-up
display), a loudspeaker or a haptic transducer (for example, mounted in the vehicle’s
steering wheel or operator seat)..

[0040] In an exemplary embodiment, processor 114 may also use ambient
microphones 104, 108, 110, 122 and/or VCM 118 and VCRs 112, 120 to cancel a
background noise component (such as road noise) in vehicle cabin 126. For example,

the noise cancellation may be centered at the position of vehicle operator 124.
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[0041] Ambient microphones 104, 108, 110, 122 may be positioned on vehicle 102
(for example, on an exterior of vehicle 102 or any other suitable location) such that
ambient microphones 104, 108, 110, 122 may transduce sound that is external to
vehicle 102. In general, ambient microphones 104, 108, 110, 122 may be configured to
detect specific sounds in a vicinity of vehicle 102. Although four ambient microphones
104, 108, 110, 122 are illustrated in the positions (i.e., front, right, left and rear of
vehicle 102) shown in FIG. 1, in general, system 100 may include any number of
microphones and at least one ambient sound microphone. An ambient sound signal
(from one or more of ambient microphones 104, 108, 110, 122) may also be mixed with
AC signal 107 before being presented through at least one cabin loudspeaker 112, 120.
[0042] According to an exemplary embodiment, processor 114 may determine a
sound pressure level (SPL) of vehicle cabin 126 (referred to herein as the cabin SPL) by
analyzing a signal level and signal gain reproduced with at least one of loudspeakers
112, 120, and the sensitivity of respective loudspeakers 112, 120. In another exemplary
embodiment, processor 114 may determine the cabin SPL via VCM 118. Use of VCM 118
may allow consideration of other sound sources in vehicle cabin 126 (i.e., other than
sound sources contributed by loudspeakers 112, 120), such as an air conditioning
system, and sound from other passengers in vehicle 102.

[0043] ASRS 100 may be coupled to a rémote location (not shown), for example, by
wireless communication. Information collected by ASRS 100 may be provided to the
remote location (such as for further analysis).

[0044] Referring to FIG. 2, a block diagram of ASRS 100 in accordance with an
exemplary embodiment is shown. As illustrated, the ASRS 100 can include processor
114 operatively coupled to the Ambient Sound Microphone (ASM) 201, one or more VCRs
112, 120, and VCM 118 via one or more Analog to Digital Converters (ADC) 202 and
Digital to Analog Converters (DAC) 203. In FIG. 2, ASM 201 may represent one or more
of ambient microphones 104, 108, 110, 122 shown in FIG. 1. ASRS 100 can include an
audio interface 212 operatively coupled to the processor 114 to receive AC signal 107
(for example, from a media player, a cell phone, voice mail), and deliver the AC signal
107 to the processor 114.

[0045] The processor 114 may include sound signature detection block 214 and may
monitor the ambient sound captured by the ASM 201 for warning sounds in the
environment, such as an alarm (e.g., bell, emergency vehicle, security system, etc.),
siren (e.g., police car, ambulance, etc.) , voice (e.g., “help”, “stop”, "police”, etc.), or
specific noise type (e.g., breaking glass, gunshot, etc.). The memory 208 can store
sound signatures for previously learned warning sounds to which the processor 114
refers for detecting warning sounds. The sound signatures can be resident in the
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memory 208 or downloaded to processor 114 via the transceiver 204 during operation as
needed. Upon detecting a warning sound, the processor 114 can report the warning to
the vehicle operator 124 (also referred to herein as user 124) via audio delivered from
the VCRs 112, 120 to the vehicle cabin. ’

[0046] The processor 114 responsive to detecting warning sounds can adjust the
audio content signal 107 and the warning sounds delivered to the vehicle cabin 126. The
processor 114 can actively monitor the sound exposure level inside the vehicle cabin 126
and adjust the audio to within a safe and subjectively optimized listening level range.
The processor 114 can utilize computing technologies such as a microprocessor,
Application Specific Integrated Chip (ASIC), and/or a digital signal processor (DSP) with
associated storage memory 208 such as Flash, ROM, RAM, SRAM, DRAM or other like
technologies for controlling operations.

[0047] The ASRS 100 can further include a transceiver 204 that can support singly or
in combination any number of wireless access technologies including without limitation
Bluetooth™, Wireless Fidelity (Wi-Fi), Worldwide Interoperability for Microwave Access
(WiMAX), and/or other short or long range communication protocols. The transceiver
204 can also provide support for dynamic downloading over-the-air to the ASRS 100. It
should be noted also that next generation access technologies can also be applied to the
present disclosure.

[0048] The power supply 210 can utilize common power management technologies
such as replaceable batteries, supply regulation technologies, and charging system
technologies for supplying energy to the components of the ASRS 100 and to facilitate
portable applications. A motor (not shown) can be a single supply motor driver coupled
to the power supply 210 to improve sensory input via haptic vibration (for example, via
indicator 116 (FIG. 1) configured as a haptic indicator), e.g. connected to the vehicle
steering wheel or vehicle operator chair. As an example, the processor 114 can direct
the motor to vibrate or pulse responsive to an action, such as a detection of a warning
sound or an incoming voice call.

[0049] FIG. 3 is a flowchart of a method 300 for vehicle ambient sound monitoring
and warning detection in accordance with an exemplary embodiment. The method 300
can be practiced with more or fewer than the number of steps shown and is not limited
to the order shown. To describe the method 300, reference will be made to components
of FIG 2, although it is understood that the method 300 can be implemented in any
other manner using other suitable components.

[0050] As shown in step 302, the processor 114 can monitor the environment for
warning sounds, such as an alarm, a horn, a voice, or a noise. Each of the warning

sounds can have certain identifiable features that characterize the sound. The features
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can be collectively referred to as a sound signature which can be used for recognizing
the warning sound. As an example, the sound signature may include statistical
properties or parametric properties of the warning sound. For example, a sound
signature can describe prominent frequencies with associated amplitude and phase
information. As another example, the sound signature can contain principal components
identifying the most likely recognizable features of a warning sound.

[0051] At step 304, the processor 114 may detect the warning sounds within the
environment based on the sound signatures. As described below, feature extraction
techniques may be applied to the ambient sound captured at the ASM 201 to generate
the sound signatures. Pattern recognition approaches may be applied based on known
sound signatures to detect the warning sounds from their corresponding sound
signatures. More specifically, sound signatures may be compared to learned models to
identify a corresponding warning sound.

[0052] At step 306, the processor 114 may adjust sound delivered to the vehicle
cabin 126 in view of a detected warning sound. Upon detecting a warning sound in the
ambient sound of the user’s environment, the processor 114, at step 308, may generate
an audible alarm within the vehicle cabin 126 that identifies the detected sound
signature.

[0053] The audible alarm can be a reproduction of the warning sound, an
amplification of the warning sound (or the entire ambient sound), a text-to-speech
message (e.g., synthetic voice) identifying the warning sound, a haptic vibration via
indicator 116 (configured as a haptic indicator), or an audio clip. For example, the
processor 114 can generate a sound bite (i.e., audio clip) corresponding to the detected
warning sound such as an ambulance, fire engine, or other environmental sound. As
another example, the processor 114 can synthesize a voice to describe the detected
warning sound (e.g., “ambulance approaching”). At step 310, processor 114 may send a
message to a mobile device identifying the detected sound signature (e.g., "alarm
sounding”).

[0054] FIG. 4 illustrates system modes of ASRS 100 in accordance with an exemplary
embodiment. The system mode may be manually selected by user 124, for example, by
pressing a button; or automatically selected, for example, when the processor 114
detects it is in an active listen state or in a media state. As shown in FIG. 4, the system
mode can correspond to Signature Sound Pass Through Mode (SSPTM), Signature Sound
Boost Mode (SSBM), Signature Sound Rejection Mode (SSRIM), Signature Sound
Attenuation Mode (SSAM), and Signature Sound Replacement Mode (SSRM).

[0055] In SSPTM mode, ambient sound captured at the ASM 201 is passed
transparently to the VCRs 112, 120 for reproduction within the vehicle cabin 126. In this
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mode, the sound produced in the vehicle cabin 126 sufficiently matches the ambient
sound outside the vehicle cabin 126, thereby providing a “transparency” effect. That is,
the loudspeakers 112, 120 in the vehicle cabin 126 recreate the sound captured at the
ASM 201. The processor 114, by way of sound measured at the VCM 118, may adjust
the properties of sound delivered to the vehicle cabin 126 so the sound within the
occluded vehicle cabin 126 is the same as the ambient sound outside the vehicle 102.
[0056] In SSBM mode, warning sounds and/or ambient sounds are amplified upon
the processor 114 detecting a warning sound. The warning sound can be amplified
relative to the normal level received, or amplified above an audio content level if audio
content is being delivered to the vehicle cabin 126.

[0057]1 In SSRIM mode, sounds other than warning sounds may be rejected upon the
processor 114 detecting a specific sound signature. The specific sound can be minimized
relative to the normal level received. In SSAM mode, sounds other than warning sounds
can be attenuated. For example, in both SSRIM and SSAM modes, annoying sounds or
noises not associated with warning sounds can be suppressed. For instance, by way of a
learning session, the user 124 can establish which sounds are considered warning
sounds (e.g., “ambulance”) and which sounds are considered non-warning sounds (e.g.
“jackhammer”). The processor 114 upon detecting non-warning sounds can thus
attenuate or reject these sounds within the vehicle cabin 126.

[0058] In SSRM mode, warning sounds detected in the environment can be replaced
with audible warning messages. For example, the processor 114, upon detecting a
warning sound, can generate synthetic speech identifying the warning sound (e.g.,
*ambulance detected”). In such regard, the processor 114 may audibly report the
warning sound identified, thereby relieving the user 124 from having to interpret the
warning sound. The synthetic speech can be mixed with the ambient sound (e.g.,
amplified, attenuated, cropped, etc.), or played alone with the ambient sound muted.
[0059] FIG. 5 is a flowchart of a method 500 for sound signature detection in
accordance with an exemplary embodiment. The method 500 can be practiced with
more or fewer than the number of steps shown and is not limited to the order shown. To
describe the method 500, reference will be made to components of FIG 2, although it is
understood that the method 500 can be implemented in any other manner using other
suitable components.

[0060] The method can start at step 502, in which the processor 114 can enter a
learn mode. Notably, the processor 114 upon completion of a learning mode or previous
learning configuration can start instead at step 520. In the learning mode of step 502,
the processor 114 can actively generate and learn sound signatures from ambient

sounds within the environment. In learning mode, the processor 114 can also receive
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previously trained learning models to use for detecting warning sounds in the
environment.

[0061] In an active learning mode, the user 124 can press a button or otherwise (e.g.
voice recognition) initiate a recording of ambient sounds in the environment. For
example, the user can, upon hearing a new warning sound in the environment (“car
horn”), activate the processor 114 to learn the new warning sound. Upon generating a
sound signature for the new warning sound, it can be stored in the user defined
database 504. In another arrangement, the processor 114, upon detecting a unique
sound, characteristic to a warning sound, can ask the user 124 if they desire to have the
sound signature for the unique sound learned. In such regard, the processor 114 may
actively sense sounds and may query the user 124 about the environment to learn the
sounds. Moreover, the processor 114 can organize learned sounds based on
environmental context, for example, in city and country environments.

[0062] In an exemplary embodiment, ASRS 100 (FIG. 2) may provide for delayed
recording, to allow a previously encountered sound to be learned. For example, ASRS
100 may include a buffer to store ambient sounds recorded for a period of time. User
124 may review the recorded ambient sounds and select one or more of these recorded
ambient sounds for learning (such as via user interface 106 (FIG. 1)).

[0063] In another learning mode, trained models can be retrieved from an on-line
database 506 for use in detecting warning sounds. The previously learned models can
be transmitted on a scheduled basis to the processor 114, or as needed, depending on
the environmental context. For example, upon the processor 114, upon detecting traffic
noise, may retrieve sound signature models associated with warning sounds (e.g.,
ambulance, police car) in traffic. In another embodiment, upon the processor 114
detecting conversational noise (e.g. people talking), sound signature models for verbal
warnings (“help”, "police”) may be retrieved. Groups of sound signature models may be
retrieved based on the environmental context or on user directed action.

[0064] As shown in step 508, the ASRS processor 114 can also generate speech
recognition models for warning sounds corresponding to voice, such as “help”, “police”,
“fire”, etc. The speech recognition models may be retrieved from the on-line database
506 or the user defined database 504. In the latter for example, the user 124 may say a
word or enter a text version of a word to associate the word with a verbal warning
sound. For instance, the user 124 may define a set of words of interest along with
mappings to their meanings, and then use keyword spotting to detect their occurrences.
If the user 124 enters an environment wherein another individual says the same word
(e.g., “help”) the processor 114 may inform the user 124 of the verbal warning sound.
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[0065] For other acoustic sounds, the processor 114 may generate sound signature
models as shown in step 510. Notably, the processor 114 itself may generate the sound
signature models, or transmit the captured warning sounds to external systems (e.g., a
remote server) that generate the sound signature models. Such learning may be
conducted off-line in a training phase, and the processor 114 can be uploaded with the
new learning models.

[0066] It should also be noted that the learning models can be updated during use of
the ASRS 100, for example, when the processor 114 detects warning sounds. The
detected warning sounds can be used to adapt the learning models as new warning
sound variants are encountered. For example, the processor 114 upon detecting a
warning sound, can use the sound signature of the warning sound to update the learned
models in accordance with the training phase. In such an embodiment a first learned
model is adapted based on new training data collected in the environment by the
processor 114. In such regard, for example, a new set of “horn” warning sounds could
be included in real-time training without discarding the other “horn” sounds already
captured in the existing model.

[0067] Upon completion of learning, uploading, or retrieval of sound signature
models, the processor 114 can monitor and report warning sounds within the
environment. As shown in step 520, ambient sounds (e.g. an input signal) within the
environment are captured by the ASM 201. The ambient sounds can be digitized by way
of the ADC 202 and stored temporarily to a data buffer in memory 208 as shown in step
522. The data buffer may be capable of holding enough data to allow for generation of a
sound signature as will be described ahead in FIG. 7.

[0068] In another configuration, the processor 114 can implement a “look ahead”
analysis system by way of the data buffer for reproduction of pre-recorded audio
content, using a data buffer to offset the reproduction of the audio signal. The look-
ahead system allows the processor 114 to analyze potentially harmful audio artifacts
(e.g. high level onsets, bursts, etc.) either received from an external media device, or
detected with the ambient microphones 201, in-situ before it is reproduced. The
processor 114 can thus mitigate the audio artifacts in advance to reduce timbral
distortion effects caused by, for instance, attenuating high level transients.

[0069] At step 524, signal conditioning techniques may be applied to the ambient
sound, for example, to suppress noise or gate the noise to a predetermined threshold.
Other signal processing steps such as threshold detection shown in step 526 may be
used to determine whether ambient sounds should be evaluated for warning sounds. For
instance, to conserve computational processing resources (e.g., battery, processor), only

ambient sounds that exceed a predetermined power level may be evaluated for warning
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sounds. Other metrics such as signal spectrum, duration, and stationarity may be
considered in determining whether the ambient sound is analyzed for warning sounds.
Notably, other metrics (e.g., context aware) may also be used to determine when the
ambient sound should be processed for warning sound detection.

[0070] If at least one property (e.g., power, spectral shape, duration, etc.) of the
ambient sound exceeds a threshold (or adaptive threshold), the processor 114 at step
530 can proceed to generate a sound signature for the ambient sound. In one
embodiment the sound signature is a feature vector which can include statistical
parameters or salient features of the ambient sound.

[0071] An ambient sound with a warning sound (e.g. “bell”, “siren”), such as shown
in step 532, is generally expected to exhibit features similar to sound signatures for
similar warning sounds (e.g. “bell”, “siren”) stored in the user defined database 504 or
the on-line database 506. The processor 114 can also identify a direction and speed of
the sound source if it is moving, for example, by evaluating Doppler shift as shown in
step 534 and 536. The processor 114, by way of beam-forming among multiple ASMs
201 may also estimate a direction of a sound source generating the warning sound.
[0072] The speed and bearing of the sound source can also be estimated using pitch
analysis to detect changes predicted by Doppler effect, or alternatively by an analysis in
changes in relative phase and magnitude between the two ASM signals. The processor
114, by way of a sound recognition engine, may detect general warning signals such as
car horns or emergency sirens (and other signals referenced by ISO 7731) using spectral
and temporal analysis.

[0073] The processor 114 can also analyze the ambient sound to determine if a
verbal warning (e.g. “help”, "police”, "excuse me”) is present. As shown in step 540, the
sound signature of the ambient sound can be analyzed for speech content. For example,
the sound signature may be analyzed for voice information, such as vocal cord pitch
periodicities, time-varying voice formant envelopes, or other articulation parameter
attributes. Upon detecting the presence of voice in the ambient sound, the processor
114 can perform key word detection (e.g. “help”) in the spoken content as shown in step
542. Speech recognition models as well as language models may be used to identify key
words in the spoken content. As previously noted, the user 124 may say or enter in one
or more warning sounds that may be mapped to associated learning models for sound
signature detection.

[0074] As shown in step 552, the user 124 may also provide user input to direct
operation of the processor 114, for example, to select an operational mode as shown in
550. As one example, the operational mode can enable, disable or adjust monitoring of

warning sounds. For example, in a listening mode, the processor 114 may mix audio
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content with ambient sound while monitoring for warning sounds. In a quiet mode, the
processor 114 may suppress or attempt to actively cancel all noises except detected
warning sounds.

[0075] The user input may be in the form of a physical interaction (e.g., button
press) or a vocalization (e.g., spoken command). The operating mode can also be
controlled by a prioritizing module as shown in step 554. The prioritizing module may
prioritize warning sounds based on severity and context. For example, if the user 124 is
in a phone call, and a warning sound is detected, the processor 114 may audibly inform
the user 124 of the warning and/or present a text message of the warning sound. If the
user 124 is listening to music or a voice communication, and a warning sound is
detected, the processor 114 may automatically shut off the music or voice audio and
alert the user. The user 124, by way of user interface 106 (FIG. 1) or an administrator,
may rank warning sounds and instruct the processor 114 how to respond to warnings in
various contexts.

[0076] FIG. 6 is a flowchart of a method 600 for managing audio delivery based on
detected sound signatures in accordance with an exemplary embodiment. The method
600 can be practiced with more or less than the number of steps shown and is not
limited to the order shown. To describe the method 600, reference will be made to
components of FIG 2 , although it is understood that the method 600 can be
implemented in any other manner using other suitable components.

[0077] As noted previously, the audio interface 212 can supply audio content (e.g.,
music, cell phone, voice mail, etc.) to the processor 114. In such regard, the user 124
may listen to music, talk on the phone, receive voice mail, or perform qther audio
related tasks while the processor 114 additionally monitors warning sounds in the
environment. During normal use, when a warning sound is not present, the processor
114 may operate normally to recreate the sound experience requested by the user 124,
If however the processor 114 detects a warning sound, the processor 114 may manage
audio content delivery to notify the user 124 of the warning sound. Managing audio
content delivery can include adjusting or overriding other current audio settings.
[0078] By way of example, as shown in step 602, the audio interface 212 receives
audio content from a media player, such as a portable music player, or cell phone. The
audio content can be delivered to the user’s vehicle cabin by way of the VCRs 112, 120
as shown in step 604.

[0079] At step 606, the processor 114 monitors ambient sound in the environment
captured at the ASM 201. Ambient sound may be sampled at sufficiently data rates (e.g.
8 kHz, 16 kHz, and 32 KHz) to ailow for feature extraction of sound signatures.
Moreover, the processor 114 may adjust the sampling rate based on the information
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content of the ambient signal. For example, upon the ambient sound exceeding a first
threshold, the sampling rate may be set to a first rate (e.g., 4 KHz). As the ambient
sound increases in volume, or as prominent features are identified, the sampling rate
may be increased to a second rate (e.g., 8 KHz) to increase signal resolution. Although,
the higher sampling rate may improve resolution of features, the lower sampling rate
may preserve use of computational resources for minimally sufficient feature resolution
(e.g., power supply 210, processor 114).

[0080] If at step 608, a sound signature is detected, the processor 114 may
determine a priority of the detected sound signature (at step 610). The priority
establishes how the processor 114 manages audio content. Notably, warning sounds for
various environmental conditions and user experiences can be learned. Accordingly, the
user 124 or an administrator, can establish priorities for warning sounds. Moreover,
these priorities may be based on environmental context. For example, if a user 124 is in
a warehouse where loading vehicles emit a beeping sound, sound signatures for such
vehicles can be given the highest priority. A user 124 may also prioritize learned
warning sounds, for example, via a user interface on a paired device (e.g., cell phone),
or via speech recognition (e.g., “prioritize - ‘ambulance’ - high”).

[0081] Upon detecting a warning sound and identifying a priority, the processor 114,
at step 612, selectively manages at least a portion of the audio content based on the
priority. For example, if the user 124 is listening to music during the time a warning
sound is detected, the processor 114 may decrease the music volume to present an
audible notification. This may represent one indication that the processor 114 has
detected a warning sound.

[0082] At step 614, the processor 114 may further present an audible notification to
the user 124. For example, upon detecting a “horn” sound, a speech-to-text message
can be presented to the user 124 to audibly inform them that a horn sound has been
detected (e.g., “horn detected”). Information related to the warning sound (e.g.,
direction, speed, priority, etc.) may also be presented with the audible notification.
[0083] In a further arrangement, the processor 114 may send a message to a device
operated by the user 124 to visually display the notification, as shown in step 616. For
example, if the user has disengaged audible notification, the processor 114 may transmit
a text message to a paired device (e.g., a cell phone) containing the audible warning (or
to indicator 116 configured as a visual indicator). Moreover, the processor 114 may
beacon out an audible alarm to other devices within a vicinity, for example via Wi-Fi
(e.g., IEEE 802.16x). Other devices in a proximity of the user 124 may sign up to
receive audible alarms from the processor 114. In such regard, the processor 114 can
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beacon a warning notification to other devices in the area to share warning information
with other people.

[0084] FIG. 7 is a flowchart of a method 700 further describing sound signature
detection in accordance with an exemplary embodiment. The method 700 can be
practiced with more or fewer than the number of steps shown and is not limited to the
order shown. The method 700 can begin in a state in which the processor 114 is actively
monitoring warning sounds in the environment.

[0085] At step 711, ambient sound captured from the ASM 201 may be buffered into
short term memory as frames. As an example, the ambient sound may be sampled at 8
KHz with 10-20 ms frame sizes (80 to 160 samples). The frame size may also vary
depending on the energy level of the ambient sound. For example, the processor 114
upon detecting low level sounds (e.g., about 70-74 dB SPL) may use a frame size of
about 30 ms, and update the frame size to about 10 ms as the power level increases
(e.g., greater than about 86 dB SPL). The processor 114 may also increase the sampling
rate in accordance with the power level and/or a duration of the ambient sound. (A
longer frame size with lower sampling may compromise resolution for computational
resources.) The data buffer is desirably of sufficient length to hold a history of frames
(e.g., about 10-15 frames) for short-term historical analysis.

[0086] At step 712, the processor 114 may perform feature extraction on the frame
as the ambient sound is buffered into the data buffer. As one example, feature
extraction may include performing a filter-bank analysis and summing frequencies in
auditory bandwidths. Features may also include Fast Fourier Transform (FFT)
coefficients, Discrete Cosine Transform (DCT) coefficients, cepstral coefficients, partial
autocorrelation (PARCOR) coefficients, wavelet coefficients, statistical values (e.g.,
energy, mean, skew, variance), parametric features, or any other suitable data
compression feature set.

[0087] Additionally, dynamic features, such as derivatives of any order, may be
added to the static feature set. As one example, mel-frequency-cepstral analysis may
be performed on the frame to generate between about 10-16 mel-frequency-cepstral
coefficients. The small number of coefficients represent features that may be compactly
stored to memory for that particular frame. Such front end feature extraction
techniques may reduce the amount of data used to represent the data frame.

[0088] At step 713, the features may be incorporated as a sound signature and
compared to learned models, for example, those retrieved from the warning sounds
database 718 (e.g., user defined database 504 or the on-line database 506 of FIG. 5). A
sound signature may be defined as a sound in the user’s ambient environment which has

significant perceptual saliency. As an example, a sound signature may correspond to an
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alarm, an ambulance, a siren, a horn, a police car, a bus, a bell, a gunshot, a window
breaking, or any other warning sound, including voice. The sound signature may include
features characteristic to the sound. As an example, the sound signature may be
classified by statistical features of the sound (e.g., envelope, harmonics, spectral peaks,
modulation, etc.).

[0089] Notably, each learned model used to identify a sound signature has a set of
features specific to a warning sound. For example, a feature vector of a learned model
for an “alarm” is sufficiently different from a feature vector of a learned model for a “bell
sound”. Moreover, the learned model may describe interconnectivity (e.g., state
transitions, emission probabilities, initial probabilities, synaptic connections, hidden
layers) among the feature vectors (e.g. frames). For example, the features of a “bell”
sound may change in a specific manner compared to the features of an “alarm” sound.
The learned model may be a statistical model such as a Gaussian mixture model (GMM),
a Hidden Markov Model (HMM), a Bayes Classifier, or a Neural Network (NN) that
requires training.

[0090] In the foregoing, a Gaussian Mixture Model (GMM) is presented, although it
should be noted that any of the above models may be used for sound sighature
detection. In this case, each warning sound may have an associated GMM used for
detecting the warning sound. As an example, the warning sound for an “alarm” may
have its own GMM, and a warning sound for a “bell” may have its own GMM. Separate
GMMs may also be used as a basis for the absence of the sounds (“anti-models”), such
as “not alarm” or “not bell.” Each GMM may provide a model for the distribution of the
feature statistics for each warning sound in a multi-dimensional space.

[0091] Upon presentation of a new feature vector, the likelihood of the presence of
each warning sound may then be calculated. In order to detect a warning sound, each
warning sound’s GMM may be evaluated relative to its anti-model, and a score related to
the likelihood of that warning sound may be computed. A threshold may be applied
directly to this score to decide whether the warning sound is present or absent.
Similarly, the sequence of scores may be relayed to yet another module which uses a
more complex rule to decide presence or absence. Examples of such rules include linear
smoothing or median filtering. )
[0092] As previously noted, a HMM model or NN model with their associated
connection logic may be used in place of each GMM for each learning model. For
example, each warning sound in the database 718 may have a corresponding HMM. A
sound signature for a warning sound captured at the ASM 201 in ambient sound may be
processed through a lattice network (e.g. Viterbi network) for comparison to each HMM,
to determine which HMM, if any, corresponds to the warning sound. Alternatively, in a
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trained NN, the sound signature may be input to the NN, where the output states of the
NN correspond to warning sound indices. The NN may include various topologies such as
a Feed-Forward, Radial Basis Function, Hopfield, Time-Delay Recurrent, or other
optimized topologies for real-time sound signature detection.

[0093] At step 714, a distortion metric is performed with each learned model to
determine which learned models are closest to the captured feature vector (e.g., sound
signature). The learned model with the smallest distortion (e.g., mathematical distance)
is generally considered the correct match, or recognition result. It should also be noted
that the distortion may be calculated as part of the model comparison in step 713. This
is because the distortion metric may depend on the type of model used (e.g., HMM, NN,
GMM, etc.) and in fact may be internal to the model (e.g. Viterbi decoding, back-
propagation error update, etc.). The distortion module is merely presented in FIG. 7 as
a separate component to suggest use with other types of pattern recognition methods or
learning models.

[0094] Upon evaluating the feature vector (e.g. sound signature) against the
candidate warning sound learned models, the ambient sound at step 715 may be
classified as a warning sound. Each of the learned models may be associated with a
score. For example, upon the presentation of a sound signature, each GMM may
produce a score. The scores may be evaluated against a threshold, and the GMM with
the highest score may be identified as the detected warning sound. For example, if the
learned model for the “alarm” sound produces the highest score (e.g., smallest distortion
result) compared to other learned models, the ambient sound may be classified as an
“alarm” warning sound.

[0095] The classification step 715 also takes into account likelihoods (e.g. recognition
probabilities). For example, as part of the step of comparing the sound signature of the
unknown ambient sound against all the GMMs for the learned models, each GMM may
produce a likelihood result, or output. As an example, these likelihood results may be
evaluated against each other or in a logical context, to determine the GMM considered
“most likely” to match the sound signature of the warning sound. The processor 114
may then select the GMM with the highest likelihood or score via soft decisions.

[0096] The processor 114 may continually monitor the environment for warning
sounds, or monitor the environment on a scheduled basis. In one arrangement, the
processor 114 may increase monitoring in the presence of high ambient noise possibly
signifying environmental danger or activity. Upon classifying an ambient sound as a
warning sound the processor 114, at step 716, the ASRS 100 may generate an alarm.
As previously noted, the processor 114 may mix the warning sound with audio content,

amplify the warning sound, reproduce the warning sound, and/or deliver an audible
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message. As one example, spectral bands of the audio content that mask the warning
sound may be suppressed to increase an audibility of the warning sound. This serves to
notify the user 124 of a warning sounded detected in the environment, of which the user
124 may not be aware of depending on their environmental context.

[0097] As an example, the processor 114 may present an amplified audible
notification to the user via the VCRs 112, 120. The audible notification may be a
synthetic voice identifying the warning sound (e.g. “car alarm”), a location or direction of
the sound source generating the warning sound (e.g. “to your left”), a duration of the
warning sound (e.g., “3 minutes”) from initial capture, and any other information (e.g.,
proximity, severity level, etc.) related to the warning sound. Moreover, the processor
114 may selectively mix the warning sound with the audio content based on a
predetermined threshold level. For example, the user 124 may prioritize warning sound
types for receiving various levels of notification, and/or identify the sound types as
desirable of undesirable.

[0098] FIG. 8, presents a pictorial diagram 800 for mixing ambient sounds and
warning sounds with audio content. In the illustration show, the processor 114 is
directing music 136 to the vehicle cabin 126 via VCR 120 while simultaneously
monitoring warning sounds in the environment. Attime, T, the processor 114, upon
detecting a warning sound (signature 135), can lower the music volume from the media
player 150 (graph 141), and increase the volume of the ambient sound received at the
ASM 201 (graph 142). Other mixing arrangements are herein contemplated.

[0099] In such regard, there is a smooth audio transition between the music 136 and
the warning sound 135. Notably, the ramp up and down times can also be adjusted
based on the priority of the warning sound. For example, in an extreme case, the
processor 114 may immediately shut off the music, and present the audible warning.
Other various implementations for mixing audio and managing audio content delivery are
herein contemplated.

[00100] Moreovér, the audio content may be managed with other media devices (e.g.,
a cell phone). For example, upon detecting a warning sound, the processor 114 may
inform the user 124 and the called party of a warning sound. In such regard, the user
124 does not need to inform the called party since they aiso receive the notification,
which may save them time to explain an emergency situation.

[00101] As one example, the processor 114 may spectrally enhance the audio content
in view of the ambient sound. Moreover, a timbral balance of the audio content may be
maintained by taking into account level dependent equal loudness curves and other
psychoacoustic criteria (e.g., masking) associated with a personalized hearing level
(PHL) 430. For example, auditory queues in a received audio content may be enhanced
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based on the PHL 430 and a spectrum of the ambient sound captured at the ASM 201.
Frequency peaks within the audio content may be elevated relative to ambient noise
frequency levels and in accordance with the PHL 430 to permit sufficient audibility of the
ambient sound. The PHL 430 reveals frequency dynamic ranges that may be used to
limit the compression range of the peak elevation in view of the ambient noise spectrum.
[00102] In one arrangement, the processor 114 may compensate for a masking of the
ambient sound by the audio content. Notably, the audio content, if sufficiently loud,

may mask auditory queues in the ambient sound, which can: i) potentially cause
hearing damage, and ii) prevent the user 124 from hearing warning sounds in the
environment (e.g., an approaching ambulance, an alarm, etc.). Accordingly, the
processor 114 may accentuate and attenuate frequencies of the audio content and
ambient sound to permit maximal sound reproduction while simultaneously permitting
audibility of ambient sounds.

[00103] In one exemplary embodiment, the processor 114 may narrow noise
frequency bands within the ambient sound to permit sensitivity to audio content between
the frequency bands. The processor 114 may also determine if the ambient sound
contains salient information (e.g., warning sounds) that should be un-masked with
respect to the audio content. If the ambient sound is not relevant, the processor 114
may mask the ambient sound (e.g., increase levels) with the audio content until warning
sounds are detected.

[00104] FIG. 9 is a flowchart of a method 900 for updating the sound signature
detection library dependent on the vehicle location. At step, 902, a current vehicle
location may be acquired. The location of vehicle 102 may be determined with a number
of methods, including: a Global Positioning System (GPS) for determining a GPS location
and cell-phone signal cell codes for triangulating the location (for example, based on a
signal strength of the received signal(s) from cell phone networks).

[00105] The acquired vehicle location may be used, at step 904, to determine which
“sound library cell” the vehicle 102 is located in. The sound library cell may refer to a
geographic region, such as a couhtry, state, province or city. The sound library cell may
contain the target sound signatures which the vehicle’s sound recognition system detects
(for example, for a particular sound signature of a particular fire engine siren, there may
be associated GMM statistics, as described above). The celi library may be determined
from the acquired location (for example, using a look-up table), or may be acquired
directly from coded signals embedded in the received location signal (for example, a cell-
phone signal or a radio signal).

[00106] If, at step 906, the vehicie library cell location is determined to have changed,
then the current sound signature library of the vehicle is updated (at step 910). For
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example, the current vehicle sound signature library may be updated from data provided
by an on-line sound signature library 908, where the new sound signature data may be
received wirelessly or from a storage device located on the vehicle 102.

[00107] Although the invention has been described in terms of automotive sound
recognition systems and methods for enhancing situation awareness in a vehicle, it is
contemplated that one or more steps and/or components may be implemented in
software for use with microprocessors/general purpose computers (not shown). In this
embodiment, one or more of the functions of the various components and/or steps
described above may be implemented in software that controls a computer. The
software may be embodied in non-transitory tangible computer readable media (such as,
by way of non-limiting example, a magnetic disk, optical disk, flash memory, hard drive,
etc.) for execution by the computer.

[00108] Although the invention is illustrated and described herein with reference to
specific embodiments, the invention is not intended to be limited to the details shown.
Rather, various modifications may be made in the details within the scope and range of
equivalents of the claims and without departing from the invention.
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What is Claimed:

1. A sound recognition system for a vehicle comprising:

at least one ambient sound microphone (ASM), disposed on the vehicle,
configured to capture ambient sound external to the vehicle;

at least one vehicle cabin receiver (VCR) configured to deliver audio
content to a vehicle cabin of the vehicle; and

a processor, coupled to the at least one ASM and the at least one VCR, the
processor configured to detect at least one sound signature in the ambient sound and to
adjust the audio content delivered to the vehicle cabin based on the detected at least
one sound signature.

2. The system according to claim 1, wherein the sound sighature
includes at least one of a non-verbal warning sound or a verbal warning sound.

3. The system according to claim 2, wherein the non-verbal warning
sound includes at least one of an alarm, a horn, a siren or a noise.

4, The system according to claim 2, wherein the verbal warning sound
includes one or more spoken words associated with a verbal warning.

5. The system according to claim 1, wherein the processor is
configured to selectively adjust a volume of the audio content delivered to the vehicle
cabin when the at least one sound signature is detected.

6. The system according to claim 1; wherein the processor is
configured to reproduce the ambient sound associated with the at least one sound
signature within the vehicle cabin.

7. The system according to claim 1, wherein the processor is
configured to selectively mix the audio content with the ambient sound when the at least
one sound signature is detected.

8. The system according to claim 1, further including a memory
configured to store a target sound captured by the at least one ASM for learning the
corresponding sound signature.

9. The system according to claim 8, wherein the memory is configured
to store the target sound responsive to an indication by a user of the system.

10. The system according to claim 8, wherein the memory is configured
to store the target sound automatically by the system.

11. The system according to claim 1, further including an audio
interface coupled to the processor to receive the audio content from at least one of a

media player or a mobile phone.
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12. The system according to claim 1, wherein the system is configured
to transmit one or more of the ambient sound and the at least one sound signature to a
remote location.

13. A method for increasing auditory situation awareness in a vehicle,
the method comprising the steps of:

capturing ambient sound external to the vehicle from at least one ambient

“sound microphone (ASM) disposed on the vehicle;

monitoring the ambient sound for a target sound by detecting a sound
signature corresponding to the target sound in the ambient sound; and

adjusting a delivery of audio content by at least one vehicle cabin receiver
(VCR) to a vehicle cabin of the vehicle based on the target sound.

14. The method according to claim 13, wherein the adjusting of the
delivery of the audio content includes mixing the target sound with the audio content for
delivery to the vehicle cabin.

15. The method according to claim 14, wherein the target sound is
mixed with the audio content in accordance with a priority of the target sound.

16. The method according to claim 13, wherein the adjusting of the
delivery of the audio content includes at least one of:

passing the target sound to the at least one VCR,

amplifying the target sound for delivery to the vehicle cabin,

attenuating the target sound for delivery to the vehicle cabin,

generating an audible message based on the target sound for delivery to
the vehicle cabin, or

replacing the target sound with a predetermined sound corresponding to
the target sound for delivery to the vehicle cabin.

17. The method according to claim 13, the method further including:

detecting at least one of a direction of a sound source or a speed of the
sound source generating the target sound from the sound signature; and

indicating the at least one of the direction or the speed of the sound
source in the vehicle cabin.

18.. The method according to claim 13, the method further including
transmitting a warning notification to other devices.

19. The method of claim 13, wherein the target sound includes at least
one of an alarm, a horn, a siren, a spoken utterance or a noise.

20. The method according to claim 13, wherein the detecting of the
sound signature includes detecting a spoken utterance in the ambient sound associated
with a verbal warning, the method further including:
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indicating the verbal warning in the vehicle cabin.

21. The method according to claim 13, the method further including:

acquiring a current location of the vehicle;

associating the current location with a sound signature; and

updating a sound signature library containing a plurality of predetermined
target sounds with the sound signature associated with the current location.

22. A method for sound signature detection for a vehicle, the method
comprising: ‘

capturing ambient sound external to the vehicle from at least one ambient
sound microphone (ASM) disposed on the vehicle; and

receiving a directive to learn a sound signature within the ambient sound,

wherein a voice command or an indication from a user is received and is
used to initiate the steps of capturing and learning.

23. The method according to claim 22, further including saving the
sound signature at least one of locally on the vehicle or remotely to a server.

24. The method according to claim 22, further including adapting a
previously learned warning sound model using the sound signature within the ambient
sound.

25. A method for personalized listening in a vehicle, the method
comprising:

capturing ambient sound external to the vehicle from at least one ambient
sound microphone (ASM) disposed on the vehicle;

detecting a sound signature within the ambient sound that is associated
with a warning sound; and

mixing the warning sound with audio content delivered to the vehicle cabin
via at least one vehicle cabin receiver (VCR) in accordance with a priority of the warning
sound and a personalized hearing level (PHL).

26. The method according to claim 25, wherein the detecting of the
sound signature includes:

retrieving learned models from a database;

comparing the sound signature to the learned models; and

identifying the warning sound from the learned models responsive to the
comparison.

27. The method according to claim 25, further including enhancing
auditory queues in the warning sound relative to the audio content based on a spectrum

of the ambient sound captured at the at least one ASM.
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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 number(s},
publisher, city and/or country where published.

Examiner| Cite
Initials* | No

Ts

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 901.04. 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 17215804

Filing Date 2021-03-29

INFORMATION DISCLOSURE

First Named Inventor | Steven Wayne Goldstein

STATEMENT BY APPLICANT

A Art Unit | 2651
( Not for submission under 37 CFR 1.99)

Examiner Name | LAO, LUNSEE

Attorney Docket Number |CONT2-16247186

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.
The fee set forth in 37 CFR 1.17 (p) has been submitted herewith.

X 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 [John P. Keady/ Date (YYYY-MM-DD) 2022-06-29
Name/Print John P. Keady Registration Number )56389

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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Doc code: IDS

Doc description: Information Disclosure Statement (IDS) Filed

PTO/SB/08a (02-18)
Approved for use through 11/30/2020. 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 17215804

Filing Date P021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | 2651

Examiner Name | LAO, LUNSEE

Attorney Docket Number

| CONT2-16247186

U.S.PATENTS Remove
Examiner| Cite Kind Name of Patentee or Applicant Pages,Columns,Lines where
- Patent Number Issue Date . Relevant Passages or Relevant
Initial No Code? of cited Document )
Figures Appear
1 5359993 P002-03-19 Brimhall
2 7072482 P006-07-04 \an Doorn et al.
3 7778434 P010-08-17 Huneau et al.
4 6524056 [1996-06-04 Killion et al.
5 5415034 P002-07-02 Hietanen
6 B014553 P011-09-06 Radivojevic et al.
7 jp088849 1978-05-09 | Jsami et al.
8 7209569 POGT-04-24 Boesen
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | 2651

Examiner Name | LAO, LUNSEE

Attorney Docket Number

| CONT2-16247186

9 5754359 P004-06-22 Bvean et al.
10 F021207 p000-02-01 Puthuff et al.
11 b267321 1993-11-30 | angberg

12 RE38351 P003-12-16 Iseberg et al.
13 7477756 P009-01-13 Wickstrom et al.
14 7450730 P008-11-11 Bertg et al.
15 B567524 P003-05-20 Bvean et al.
16 5728385 P004-04-27 Kvaloy et al.
17 8140325 P012-03-20 Kanevsky

18 Bo83081 P015-03-17 Bayley

19 b327506 [1994-07-05 BStites
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number

17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | 2651

Examiner Name | LAO, LUNSEE

Attorney Docket Number

| CONT2-16247186

20 b933510 1999-08-03 Bryant

21 B086093 D011-12-27 Btuckman
22 7039585 P006-05-02 Wilmot

23 E606598 P003-08-12 Holthouse
24 H005525 1999-12-21 Kivela

25 RE38351 P003-12-16 Iseberg
26 7903825 P011-03-08 Melanson
27 B014553 P011-09-06 Radivojevic
28 B160261 P012-04-17 Bchulein
29 5639987 P003-10-28 Mcintosh
30 p023624 [1999-07-13 (Groeger
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | 2651

Examiner Name | LAO, LUNSEE

Attorney Docket Number

| CONT2-16247186

31 B160273 P012-04-17 Misser
32 7464029 D008-12-09 Misser

33 7983907 P011-07-19 Misser
34 8254591 P012-08-28 (Goldstein
35 B718305 D014-05-06 Usher
36 B708278 P014-08-05 Jsabelle
37 8917894 P014-12-23 (Goldstein
38 B625818 P014-01-07 Btultz

39 0491542 P016-11-08 Usher
40 B218784 P012-G7-10 BSchulein
41 5118877 P000-09-12 | indemann
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | 2651

Examiner Name | LAO, LUNSEE

Attorney Docket Number

| CONT2-16247186

42 7050592 P006-05-23 Iseberg

43 B401200 P013-03-19 Tiscareno
44 0196247 P013-11-24 Harada

45 7574917 P009-08-18 \/on Dach
46 h276740 [1994-01-04 Jnanaga et al.

If you wish to add additional U.S. Paten

t citatiol

n information please click the Add button.

Add

U.S.PATENT APPLICATION PUBLICATIONS Remove
Examiner| .. Publication Kind | Publication Name of Patentee or Applicant Pages,Columns,Lines where
e Cite No . Relevant Passages or Relevant
Initial Number Code’| Date of cited Document )
Figures Appear
1 0030165246 P003-09-04 Kvaloy et al.
2 0080037801 P008-02-14 Alves et al.
3 0060204014 P006-09-14 Isenberg et al.
4 b0050078838 D005-04-14 Simon
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | 2651

Examiner Name | LAO, LUNSEE

Attorney Docket Number

| CONT2-16247186

5 0070036377 PO07-02-15 Btirnemann
6 P0020165719 D002-11-07 \Wang

7 20060140425 P006-06-29 Berg

8 0030152359 P003-08-14 Kim

9 20070003090 PO0T7-01-04 Anderson
10 20030165319 P003-09-04 Barber
11 P0070255435 PO07-11-01 Cohen
12 20040264938 P004-12-30 FFelder

13 P0060264176 P006-11-23 Hong

14 20040109579 P004-G7-10 zuchi

15 P0060167687 P006-07-27 Kates
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | 2651

Examiner Name | LAO, LUNSEE

Attorney Docket Number

| CONT2-16247186

16 20060083390 P006-04-20 Kaderavek
17 P0050068171 P005-03-31 Kelliher
18 20050028212 P005-02-03 | aronne
19 0080145032 P008-06-19 | indroos
20 20020098878 P002-07-25 Mooney
21 0060188075 P006-08-24 Peterson
22 20140023203 P014-01-23 Rotschild
23 20060188105 P006-08-24 Baskerville
24 0020076057 P002-06-20 \/oix

25 20110116643 P011-05-19 Tiscareno
26 P0150215701 D015-07-30 sher
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | 2651

Examiner Name | LAO, LUNSEE

Attorney Docket Number

| CONT2-16247186

27 20140163976 P014-06-12 Park

28 P0080137873 P008-06-12 (Goldstein
29 20090122996 P009-05-14 Klein

30 20040086138 P004-05-06 Kuth

31 0070021958 P008-01-25 Visser et al.
32 20020111798 P002-08-15 Huang

If you wish to add additional U.S. Published Application citation information please click the Add button| Add

FOREIGN PATENT DOCUMENTS

Remove

Name of Patentee or

Pages,Columns,Lines

Examiner| Cite | Foreign Document | Country Kind | Publication Applicant of cited where Relevant Ts
Initial* No | Number3 Code2?j Code#| Date Dpp Passages or Relevant
ocument .
Figures Appear
1
If you wish to add additional Foreign Patent Document citation information please click the Add button | Add
NON-PATENT LITERATURE DOCUMENTS Remove
. .. | Include name of the author (in CAPITAL LETTERS), title of the article (when appropriate), title of the item

Examiner| Cite o . . '

(book, magazine, journal, serial, symposium, catalog, etc), date, pages(s), volume-issue humber(s), TS

Initials* | No

publisher, city and/or country where published.
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Application Number 17215804
Filing Date 2021-03-29

INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

First Named Inventor | Steven Wayne Goldstein
Art Unit | 2651

Examiner Name | LAO, LUNSEE
Attorney Docket Number | CONT2-16247186

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 901.04. 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.
4 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

Exhibit 1004
Page 1145 of 1251



Application Number 17215804

Filing Date 2021-03-29

INFORMATION DISCLOSURE

First Named Inventor | Steven Wayne Goldstein

STATEMENT BY APPLICANT

A Art Unit | 2651
( Not for submission under 37 CFR 1.99)

Examiner Name | LAO, LUNSEE

Attorney Docket Number |CONT2-16247186

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.
The fee set forth in 37 CFR 1.17 (p) has been submitted herewith.

X 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 [John P. Keady/ Date (YYYY-MM-DD) 2022-06-29
Name/Print John P. Keady Registration Number )56389

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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Doc code: IDS

Doc description: Information Disclosure Statement (IDS) Filed

PTO/SB/08a (02-18)

Approved for use through 11/30/2020. 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 17215804

Filing Date P021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | 2651

Examiner Name | LAO, LUNSEE

Attorney Docket Number

| CONT2-16247186
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Cite
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Application Number 17215804

Filing Date 2021-03-29

INFORMATION DISCLOSURE

First Named Inventor | Steven Wayne Goldstein

STATEMENT BY APPLICANT

A Art Unit | 2651
( Not for submission under 37 CFR 1.99)

Examiner Name | LAO, LUNSEE

Attorney Docket Number |CONT2-16247186

BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-00282, December 21, 2021

BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-00242, December 23, 2021

BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-00243, December 23, 2021

BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-00234, December 21, 2021

BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-00253, January 18, 2022

BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-00324, January 13, 2022

BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-00281, January 18, 2022

BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-00302, January 13, 2022

BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-00369, February 18, 2022

BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,

10 . STATON TECHIYA, LLC, IPR2022-00388, February 18, 2022

BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,

1 . STATON TECHIYA, LLC, IPR2022-00410, February 18, 2022

EFS Web 2.1.18

Exhibit 1004
Page 1149 of 1251




Application Number 17215804
Filing Date 2021-03-29

INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

First Named Inventor | Steven Wayne Goldstein
Art Unit | 2651

Examiner Name | LAO, LUNSEE
Attorney Docket Number | CONT2-16247186

12 BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-01078, June 9, 2022

13 BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-01099, June 9, 2022

14 BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-01106, June 9, 2022

15 BAMSUNG ELECTRONICS CO., LTD., and SAMSUNG ELECTRONICS, AMERICA, INC.,
. STATON TECHIYA, LLC, IPR2022-01098, June 9, 2022

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 901.04. 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 17215804

Filing Date 2021-03-29

INFORMATION DISCLOSURE

First Named Inventor | Steven Wayne Goldstein

STATEMENT BY APPLICANT

A Art Unit | 2651
( Not for submission under 37 CFR 1.99)

Examiner Name | LAO, LUNSEE

Attorney Docket Number |CONT2-16247186

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.
The fee set forth in 37 CFR 1.17 (p) has been submitted herewith.

X 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 [John P. Keady/ Date (YYYY-MM-DD) 2022-06-29
Name/Print John P. Keady Registration Number )56389

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: 46072175
Application Number: 17215804
International Application Number:
Confirmation Number: 9372

Title of Invention:

METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

First Named Inventor/Applicant Name:

Steven Wayne Goldstein

Customer Number:

150139

Filer:

John Patrick Keady

Filer Authorized By:

Attorney Docket Number: CONT2-16247186
Receipt Date: 29-JUN-2022
Filing Date: 29-MAR-2021
Time Stamp: 10:07:29

Application Type:

Utility under 35 USC 111(a)

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.)
1034886
1 Information Disclosure Statement (IDS) MASTER-IPR-IDS.pdf no 5

Form (SB08)

f185aa1a8b933af4679acb800b5 10885392

Warnings:
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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.

Non Patent Literature

IPR1A.pdf

1065114

b32633d9277d1d5cbb0af2066ff5867d862
385c1

no

80

Warnings:

Information:

Non Patent Literature

IPR1B-part2.pdf

2364619

026370c6a3bda4105abd078fde3bbbdd39
616869

no

84

Warnings:

Information:

Non Patent Literature

IPR2A.pdf

1943835

daB801697fc2947375e698af3715a85d228¢ 3]

no

79

Warnings:

Information:

Non Patent Literature

IPR2B-part2.pdf

2901733

842c0d7b01864698898d40375607f9e978]

no

90

Warnings:

Information:

Non Patent Literature

IPR3A.pdf

1479136

586f5587012890efc764c06c623256658d 3|
e6b0

no

80

Warnings:

Information:

Non Patent Literature

IPR3B-part2.pdf

2715941

065ece6cb375d288dc25¢f5ee67a640718c|

no

83

Warnings:

Information:
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Non Patent Literature

IPRAA.pdf

5856275

bbb6e06c8da39022bf9185c6f1f5e75%4c9|
72a1

no

88

Warnings:

Information:

Non Patent Literature

IPR4B-part2.pdf

4597743

6dcfBeal5c77496ef2a891cb10131d18eT cd|

no

95

Warnings:

Information:

10

Non Patent Literature

IPR5A.pdf

8407299

889345276652chf08e8b182360b62f4a383¢

no

93

Warnings:

Information:

1

Non Patent Literature

IPR6A.pdf

2934158

e3cdedcal97bf8edfaca52fd01beacdae8ed)
dcif

no

96

Warnings:

Information:

12

Non Patent Literature

IPR7A.pdf

8015419

daf57ea06e8b5a9fac276fdf4986680d2d48
e57a

no

91

Warnings:

Information:

13

Non Patent Literature

IPR8A.pdf

1207844

e3045ff9a612a959a7d0b32668a27ada07d

no

79

Warnings:

Information:

14

Non Patent Literature

IPROA.pdf

2841009

9ef3d0e90e5f4822674c42f5aafb0d7a2ac4 |

no

84

Warnings:

Information:
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1712217

15 Non Patent Literature IPR10A.pdf no 58
0fc9ba7b23d69dc1 7b42fSeceb527eae373
Warnings:
Information:
2025912
16 Non Patent Literature IPR11A.pdf no 84
bcA8559c25842c20f54e91f5b483950ac0c
ed29
Warnings:
Information:
Total Files Size (in bytes)1 51103140

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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Doc code: IDS

Doc description: Information Disclosure Statement (IDS) Filed

PTO/SB/08a (02-18)
Approved for use through 11/30/2020. 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 17215804

Filing Date P021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | OPAP

Examiner Name | UNKNCOWN

Attorney Docket Number

| CONT2-16247186

U.S.PATENTS Remove
Examiner| Cite Kind Name of Patentee or Applicant Pages,Columns,Lines where
- Patent Number Issue Date . Relevant Passages or Relevant
Initial No Code? of cited Document )
Figures Appear
1 5359993 P002-03-19 Brimhall
2 7072482 P006-07-04 \an Doorn et al.
3 7778434 P010-08-17 Huneau et al.
4 6524056 [1996-06-04 Killion et al.
5 5415034 P002-07-02 Hietanen
6 B014553 P011-09-06 Radivojevic et al.
7 jp088849 1978-05-09 | Jsami et al.
8 7209569 POGT-04-24 Boesen
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | opaP

Examiner Name | UNKNOWN

Attorney Docket Number | CONT2-16247186

9 5754359 P004-06-22 Bvean et al.
10 5021207 PO00-02-01 Puthuff et al.
1 b267321 [1993-11-30 | angberg
12 RE38351 D003-12-16 Iseberg et al.
13 7477756 PO09-01-13 Wickstrom et al.
14 7450730 P008-11-11 Bertg et al.
15 E567524 PO03-05-20 Svean et al.
16 5728385 P004-04-27 Kvaloy et al.
If you wish to add additional U.S. Patent citation information please click the Add button. Add
U.S.PATENT APPLICATION PUBLICATIONS Remove
Examiner| .. Publication Kind | Publication Name of Patentee or Applicant Pages,Columns,Lines where
1w Cite No ; Relevant Passages or Relevant
Initial Number Code'| Date of cited Document .
Figures Appear
1 P0030165246 P003-09-04 Kvaloy et al.
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number

17215804

Filing Date

2021-03-29

First Named Inventor | Stev

en Wayne Goldstein

Art Unit

| OPAP

Examiner Name

| UNKNOWN

Attorney Docket Number

| CONT2-16247186

2 20080037801 P008-02-14 Alves et al.
3 P0060204014 D006-09-14 Isenberg et al.
4 0050078838 P005-04-14 Simon

If you wish to add additional U.S. Published Application citation information please click the Add button| Add

FOREIGN PATENT DOCUMENTS

Remove

Name of Patentee or

Pages,Columns,Lines

Examiner| Cite | Foreigh Document Country Kind | Publicatien Applicant of cited where Relevant Ts
Initial* No | Number3 Code2] Code?| Date PR Passages or Relevant
Document .
Figures Appear
1
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 number(s},
publisher, city and/or country where published.

Ts

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.
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Application Number 17215804
Filing Date 2021-03-29

INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

First Named Inventor | Steven Wayne Goldstein
Art Unit | opaP

Examiner Name | UNKNOWN

Attorney Docket Number | CONT2-16247186

1 See Kind Codes of USPTO Patent Documents at www.USPTO.GOV or MPEP 901.04. 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 17215804

Filing Date 2021-03-29

INFORMATION DISCLOSURE

First Named Inventor | Steven Wayne Goldstein

STATEMENT BY APPLICANT

v Art Unit | opaP
( Not for submission under 37 CFR 1.99)

Examiner Name | UNKNOWN

Attorney Docket Number | CONT2-16247186

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.
The fee set forth in 37 CFR 1.17 (p) has been submitted herewith.

X 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 [John P. Keady/ Date (YYYY-MM-DD) 2022-01-10
Name/Print John P. Keady Registration Number )56389

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: 44706133
Application Number: 17215804
International Application Number:
Confirmation Number: 9372

Title of Invention:

METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

First Named Inventor/Applicant Name:

Steven Wayne Goldstein

Customer Number:

150139

Filer:

John Patrick Keady

Filer Authorized By:

Attorney Docket Number: CONT2-16247186
Receipt Date: 10-JAN-2022
Filing Date: 29-MAR-2021
Time Stamp: 14:11:24

Application Type:

Utility under 35 USC 111(a)

Payment information:

Submitted with Payment no
File Listing:
Document Document Description File Name File Slze(B)ttes)/ Multl' 'Pages
Number Message Digest | Part/.zip| (if appl.)
125750
1 Transmittal Letter 17215804 _transmittal_ltr.pdf no 1
2703603a9034fefe6e90523f1e1e5739ccbff|
Warnings:
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Information:

1036626
) Information Disclosure Statement (IDS) MASTER_SOFTWARE-IDS.pdf no 9
Form (SB08)
14929f2b3a3a87233f3afe617826cd7abf28|
Warnings:
Information:
1035160
3 Information Disclosure Statement (IDS) MASTER_HARWARE-IDS.pdf no 6
Form (SB08)
67be17fedba89b738d9167cd741cf5c115a
a3fbe
Warnings:
Information:
3762561
4 Non Patent Literature ref2-pdf2.pdf no 10
39646ce913fa97e4alefb547fcceBa48fcBed)
Warnings:
Information:
1115022
5 Non Patent Literature ref1.pdf no 2
01c5b583e9d89f0e10dda2f41631f1a7c8c1
9dda
Warnings:
Information:
2858776
6 Non Patent Literature ref3.pdf no 3
2418foe7a8c340eaa35ef3922c5897678597|
89c3
Warnings:
Information:

Total Files Size (in bytes){

9933895
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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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IN THE UNITED STATES PATENT AND TRADEMARK OFFICE

APPLICATION NO. : 17/215,804 CONFIRMATION NO. 9372
APPLICATION OF : Steven Wayne Goldstein

TRANSMITTAL LETTER
Commissioner for Patents
P. O. Box 1450
Alexandria, VA 22313-1450 Date: January 10, 2022
Sir;

Please find attached:

e IDS: The attached IDS, consisting of two parts, list references that were cited in several
IPRs for related Patents with some of the same inventors in the Staton Techiya LLC Patent
Portfolio. Applicant appreciates the Examiner for taking the time to consider the extensive
list for the present application. Attached are also three non-patent references cited. Should
the Examiner have any questions, the Examiner is respectfully requested to contact the

undersigned representative at the telephone number listed below.

Respectfully submitted,
TECHIYA LLC

/John P, Keady/

John P. Keady

Ph.D. (Physics), Ph.D.(Comp. Sci.)

Assistant General Counsel: Intellectual Property
and Chief Technical Officer

Staton Techiya LLC

Reg. No. 56,389

Tel: 571-606-1291

Exhibit 1004
Page 1166 of 1251



Doc code: IDS
Doc description: Information Disclosure Statement (IDS) Filed

PTO/SB/08a (02-18)
Approved for use through 11/30/2020. 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 17215804

Filing Date P021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | OPAP

Examiner Name | UNKNCOWN

Attorney Docket Number

| CONT2-16247186

U.S.PATENTS Remove
Examiner| Cite Kind Name of Patentee or Applicant Pages,Columns,Lines where
- Patent Number Issue Date . Relevant Passages or Relevant
Initial No Code? of cited Document )
Figures Appear
1 (804638 P004-10-12 Fiedler; Mark
2 5163508 P000-12-19 Kim et al.
3 £400652 P002-06-04 [Goldberg et al.
4 7433714 P008-10-07 Howard et al.
5 7562020 P009-06-14 | e etal
6 5135797 D015-09-15 Couper et al.
7 0123343 P015-09-01 Kurki-Suonio
8 7756285 P010-07-13 Bjursen et al.

EFS Web 2.1.18
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | opaP

Examiner Name | UNKNOWN

Attorney Docket Number

| CONT2-16247186

9 bo03868 1999-05-11 Yuen et al.

10 3876843 1975-04-08 Moen

11 H208867 1993-05-04 Bites, I

12 5226389 P001-05-01 | emelson et al.
13 B493204 P013-07-23 \Wong et al.

14 £661901 P003-12-09 Bvean et al.

15 7430299 P008-09-30 Armstrong et al.
16 £567524 P003-05-20 Bvean et al.

17 7107109 P006-09-12 Nathan et al.
18 p947440 1990-08-07 Bateman et al.
19 0037458 P015-05-19 Park et al.

EFS Web 2.1.18
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | opaP

Examiner Name | UNKNOWN

Attorney Docket Number | CONT2-16247186

20 p054749 1977-10-18 Buzuki et al.
21 5298323 P001-10-02 Kaemmerer
22 5804643 P004-10-12 Kiss
23 5163338 D000-12-19 Uohnson et al.
24 (748238 P004-06-08 | au
25 F021325 P000-02-01 Hall
26 B750295 P014-06-10 | iron
27 7920557 P011-04-05 Moote
If you wish to add additional U.S. Patent citation information please click the Add button. Add
U.S.PATENT APPLICATION PUBLICATIONS Remove
Examiner| .. Publication Kind | Publication Name of Patentee or Applicant Pages,Columns,Lines where
1w Cite No ; Relevant Passages or Relevant
Initial Number Code'| Date of cited Document .
Figures Appear
1 P0030165246 P003-09-04 Kvaloy et al.

EFS Web 2.1.18
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | opaP

Examiner Name | UNKNOWN

Attorney Docket Number

| CONT2-16247186

2 20050288057 P005-12-29 | ai etal.

3 P0060195322 p006-08-31 Broussard et al.
4 20070043563 PO0T7-02-22 [Comerford et al.
5 20010046304 P001-11-29 Rast

6 P0070189544 PO0T7-08-16 Rosenberg

7 20060092043 P006-05-04 | agassey

8 20020106091 P002-08-08 FFurst et al.

9 20040109668 P004-06-10 Stuckman

10 0020118798 P002-08-29 | anghart et al.
11 20040042103 P004-03-04 Mayer

12 P0030161097 P003-08-28 | e etal.

EFS Web 2.1.18
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | opaP

Examiner Name | UNKNOWN

Attorney Docket Number

| CONT2-16247186

13 20160104452 P016-04-14 [Guan et al.

14 0040203351 P004-10-14 Bhearer et al.
15 20080165988 P008-07-10 Terlizzi et al.
16 0070291953 P00T7-12-20 Ngia et al.

17 20110096939 P011-04-28 chimura

18 20060067551 P006-03-30 Cartwright et al.
19 20090024234 P009-01-22 Archibald

20 20090010456 P009-01-08 Goldstein et al.
21 P0070086600 P00T7-04-19 Boesen

22 20040190737 P004-09-30 Kuhnel et al.
23 0040196992 P004-10-07 Ryan

EFS Web 2.1.18
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein
Art Unit | opaP

Examiner Name | UNKNOWN

Attorney Docket Number

| CONT2-16247186

24 20050123146 P005-06-09 \oix et al.

25 P0040125965 p004-07-01 Alberth Jr., et al.
26 20060083395 P006-04-20 Allen et al.

27 20110264447 P011-10-27 Visser et al.

28 20100296668 P010-11-25 | ee et al.

29 20110293103 P011-12-01 Park et al.

30 0100061564 P010-03-11 Clemow et al.

If you wish to add additional U.S. Published Application citation information please click the Add button| Add

FOREIGN PATENT DOCUMENTS Remove
Name of Patentee or Pages, Columns Lines
Examiner| Cite | Foreigh Document Country Kind | Publication Applicant of cited where Relevant Ts
Initial* No | Number3 Code2i Cade#| Date PP Passages or Relevant
Document .
Figures Appear
1 FP1519625 EP A2 Victorian
2 PO06037156 WO A1l Mejia et al.
Add

If you wish to add additional Foreign Patent Document citation information please click the Add button

EFS Web 2.1.18
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number 17215804

Filing Date 2021-03-29

First Named Inventor | Steven Wayne Goldstein

Art Unit | OPAP

Examiner Name | UNKNOWN

Attorney Docket Number | CONT2-16247186

NON-PATENT LITERATURE DOCUMENTS Remove

Examiner,
Initials™

Cite
No

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

Diwal, A. and Feiner S. Interaction Techniques Using Prosodic Features of Speech and Audio Localization.

Proceedings of IUI 2005 (International Conference on Intelligent User Interfaces), San Diego, CA, Jan 9-12, 2005, p.
P84-286.

Bemard Widrow, John R. Glover Jr_, John M. McCoeol, John Kaunitz, Charles S. Williams, Robert H. Heam, James R.
Veidler, Eugene Dong Jr, and Robert C. Goodlin, Adaptive Noise Cancelling: Principles and Applications,
PROCEEDINGS OF THE IEEE, VOL. 63, NO. 12, DECEMBER 1975

[Mlauro Dentino, John M. McCool, and Bernard Widrow, Adaptive Filtering in the Frequency Domain, PROCEEDINGS
DF THE IEEE, VOL. 66, NO. 12, DECEMBER 1978

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.

EFS Web 2.1.18
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Application Number 17215804

Filing Date 2021-03-29

INFORMATION DISCLOSURE

First Named Inventor | Steven Wayne Goldstein

STATEMENT BY APPLICANT

v Art Unit | opaP
( Not for submission under 37 CFR 1.99)

Examiner Name | UNKNOWN

Attorney Docket Number | CONT2-16247186

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.
The fee set forth in 37 CFR 1.17 (p) has been submitted herewith.

X 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 [John P. Keady/ Date (YYYY-MM-DD) 2022-01-10
Name/Print John P. Keady Registration Number )56389

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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UNITED STATES PATENT AND TRADEMARK OFFICE

UNTTED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

PQ. Box 1450

Alexandria, Virginia 22313-1450

WWW.uspto.gov’

| APPLICATION NUMBER | FILING OR 371(C) DATE | FIRST NAMED APPLICANT | ATTY. DOCKET NO./TITLE |
17/215,804 03/29/2021 Steven Wayne Goldstein CONT2-16247186
CONFIRMATION NO. 9372
150139 PUBLICATION NOTICE

Akerman LLP

777 Souih Fiagler Drive IO
Suite 1100 West Tower

West Palm Beach, FL 33401

Title:METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Publication No.US-2021-0219051-A1
Publication Date:07/15/2021

NOTICE OF PUBLICATION OF APPLICATION

The above-identified application will be electronically published as a patent application publication pursuant to 37
CFR 1.211, et seq. The patent application publication number and publication date are set forth above.

The publication may be accessed through the USPTO's publically available Searchable Databases via the
Internet at www.uspto.gov. The direct link to access the publication is currently http://www.uspto.gov/patft/.

The publication process established by the Office does not provide for mailing a copy of the publication to
applicant. A copy of the publication may be obtained from the Office upon payment of the appropriate fee set
forth in 37 CFR 1.19(a)(1). Orders for copies of patent application publications are handled by the USPTO's
Public Records Division. The Public Records Division can be reached by telephone at (571) 272-3150 or (800)
972-6382, by facsimile at (571) 273-3250, by mail addressed to the United States Patent and Trademark Office,
Public Records Division, Alexandria, VA 22313-1450 or via the Internet.

In addition, information on the status of the application, including the mailing date of Office actions and

the dates of receipt of correspondence filed in the Office, may also be accessed via the Internet through

the Patent Electronic Business Center at www.uspto.gov using the public side of the Patent Application
Information and Retrieval (PAIR) system. The direct link to access this status information is currently
https://portal.uspto.gov/pair/PublicPair. Prior to publication, such status information is confidential and may only
be obtained by applicant using the private side of PAIR.

Further assistance in electronically accessing the publication, or about PAIR, is available by calling the Patent
Electronic Business Center at 1-866-217-9197.

Office of Data Managment, Application Assistance Unit (571) 272-4000, or (571) 272-4200, or 1-888-786-0101

page 1 of 1
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PATENT APPLICATION FEE DETERMINATION RECORD

Application or Docket Number

* If the entry in column 1 is less than the entry in column 2, write "0" in column 3.
** |f the "Highest Number Previously Paid For" IN THIS SPACE is less than 20, enter "20".
*** |f the "Highest Number Previously Paid For" IN THIS SPACE is less than 3, enter "3".
The "Highest Number Previously Paid For" (Total or Independent) is the highest found in the appropriate box in column 1.

Substitute for Form PTO-875 17/215,804
APPLICATION AS FILED - PART | OTHER THAN
(Column 1) (Column 2) SMALL ENTITY OR SMALL ENTITY
FOR NUMBER FILED NUMBER EXTRA RATE($) FEE($) RATE($) FEE($)
BASIC FEE
(37 CFR 1.16(a), (b), or (c)) N/A N/A N/A 80 N/A
SEARCH FEE
(37 GFR 1.16(K). ), or (m)) N/A N/A N/A 350 N/A
EXAMINATION FEE
(37 GFR 1.16(0), (8}, or (a) N/A N/A N/A 400 N/A
TOTAL CLAIMS .
(37 CFR 1.16()) 14 minus 20= x 50 - 0.00 OR
INDEPENDENT CLAIMS *
(37 CFR 1.16(h)) 1 minus 3 = x 240 = 0.00
If the specification and drawings exceed 100
APPLICATION SIZE | sheets of paper, the application size fee due is
FEE $310 ($155 for small entity) for each additional 0.00
(37 CFR 1.16(s)) 50 sheets or fraction thereof. See 35 U.S.C.
41(a)(1)(G) and 37 CFR 1.16(s).
MULTIPLE DEPENDENT CLAIM PRESENT (37 CFR 1.16(j)) 0.00
* |f the difference in column 1 is less than zero, enter "0” in column 2. TOTAL 830 TOTAL
APPLICATION AS AMENDED - PART Il
OTHER THAN
(Column 1) (Column 2) (Column 3) SMALL ENTITY OR SMALL ENTITY
CLAIMS HIGHEST
REMAINING NUMBER PRESENT ADDITIONAL ADDITIONAL
< AFTER PREVIOUSLY EXTRA RATE(S) FEE($) RATE(S) FEE($)
E AMENDMENT PAID FOR
| Total g i w -
=S (37 CF(:H 16(7)) Minus x = OR =
) Independent * Minus | *** =
5 (37 CFR 1.16(h) X = OR -
<§: Application Size Fee (37 CFR 1.16(s))
FIRST PRESENTATION OF MULTIPLE DEPENDENT CLAIM (37 CFR 1.16(j) OR
TOTAL OR TOTAL
ADD'L FEE ADD'L FEE
(Column 1) (Column 2) (Column 3)
CLAIMS HIGHEST
REMAINING NUMBER PRESENT ADDITIONAL ADDITIONAL
m AFTER PREVIOUSLY EXTRA RATE(S) FEE(S) RATE(S) FEE(S)
E AMENDMENT PAID FOR
LU Total * Minus | ** = =
= (37 CF?H.IB(H) X OR -
% Independent * Minus | *** = M _ OR _
[Tm} (37 CFR 1.16(h)) - -
<§( Application Size Fee (37 CFR 1.16(s))
OR
FIRST PRESENTATION OF MULTIPLE DEPENDENT CLAIM (37 CFR 1.16())
TOTAL OR TOTAL
ADD'L FEE ADD'L FEE
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UNITED STATES PATENT AND TRADEMARK OFFICE

UNTTED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

PQ. Box 1450

Alexandria, Virginia 22313-1450

WWW.uspto.gov’

APPLICATION FILING or GRP ART
NUMBER I 371(c) DATE UNIT I FIL FEE RECD I ATTY.DOCKET.NO ITOT CLAIMSI IND CLAIMSl
17/215,804 03/29/2021 2656 830 CONT2-16247186 14 1
CONFIRMATION NO. 9372
150139 FILING RECEIPT

777 South Fiagler Drive 0 L

Suite 1100 West Tower
West Palm Beach, FL 33401

Date Mailed: 04/07/2021

Receipt is acknowledged of this non-provisional utility patent application. The application will be taken up for
examination in due course. Applicant will be notified as to the results of the examination. Any correspondence
concerning the application must include the following identification information: the U.S. APPLICATION NUMBER,
FILING DATE, NAME OF FIRST INVENTOR, and TITLE OF INVENTION. Fees transmitted by check or draft are
subject to collection.

Please verify the accuracy of the data presented on this receipt. If an error is noted on this Filing Receipt, please
submit a written request for a corrected Filing Receipt, including a properly marked-up ADS showing the changes
with strike-through for deletions and underlining for additions. If you received a "Notice to File Missing Parts" or
other Notice requiring a response for this application, please submit any request for correction to this Filing Receipt
with your reply to the Notice. When the USPTO processes the reply to the Notice, the USPTO will generate another
Filing Receipt incorporating the requested corrections provided that the request is grantable.

Inventor(s)

Steven Wayne Goldstein, Delray Beach, FL;

Marc Andre Boillot, Plantation, FL;

John Usher, Devon, UNITED KINGDOM;

Jason Mclntosh, Sugar Hill, GA;
Applicant(s)

Staton Techiya LLC, Lighthouse Point, FL
Assignment For Published Patent Application

Staton Techiya LLC, Lighthouse Point, FL

Power of Attorney: None

Domestic Priority data as claimed by applicant
This application is a CIP of 16/247,186 01/14/2019
which is a CON of 13/956,767 08/01/2013 PAT 10182289
which is a CON of 12/170,171 07/09/2008 PAT 8526645
which is a CIP of 12/115,349 05/05/2008 PAT 8081780
which claims benefit of 60/916,271 05/04/2007

Foreign Applications for which priority is claimed (You may be eligible to benefit from the Patent Prosecution
Highway program at the USPTO. Please see http://www.uspto.gov for more information.) - None.

Foreign application information must be provided in an Application Data Sheet in order to constitute a claim to
foreign priority. See 37 CFR 1.55 and 1.76.

page 1of 4
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Permission to Access Application via Priority Document Exchange: Yes
Permission to Access Search Results: Yes

Applicant may provide or rescind an authorization for access using Form PTO/SB/39 or Form PTO/SB/69 as
appropriate.

If Required, Foreign Filing License Granted: 04/05/2021

The country code and number of your priority application, to be used for filing abroad under the Paris Convention,
is US 17/215,804

Projected Publication Date: 07/15/2021

Non-Publication Request: No

Early Publication Request: No

* SMALL ENTITY **
Title

METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION
Preliminary Class
381
Statement under 37 CFR 1.55 or 1.78 for AlA (First Inventor to File) Transition Applications: No

PROTECTING YOUR INVENTION OUTSIDE THE UNITED STATES

Since the rights granted by a U.S. patent extend only throughout the territory of the United States and have no
effect in a foreign country, an inventor who wishes patent protection in another country must apply for a patent
in a specific country or in regional patent offices. Applicants may wish to consider the filing of an international
application under the Patent Cooperation Treaty (PCT). An international (PCT) application generally has the same
effect as a regular national patent application in each PCT-member country. The PCT process simplifies the filing
of patent applications on the same invention in member countries, but does not result in a grant of "an international
patent” and does not eliminate the need of applicants to file additional documents and fees in countries where patent
protection is desired.

Almost every country has its own patent law, and a person desiring a patent in a particular country must make an
application for patent in that country in accordance with its particular laws. Since the laws of many countries differ
in various respects from the patent law of the United States, applicants are advised to seek guidance from specific
foreign countries to ensure that patent rights are not lost prematurely.

Applicants also are advised that in the case of inventions made in the United States, the Director of the USPTO must
issue a license before applicants can apply for a patent in a foreign country. The filing of a U.S. patent application
serves as a request for a foreign filing license. The application's filing receipt contains further information and
guidance as to the status of applicant's license for foreign filing.

Applicants may wish to consult the USPTO booklet, "General Information Concerning Patents” (specifically, the
section entitled "Treaties and Foreign Patents") for more information on timeframes and deadlines for filing foreign
patent applications. The guide is available either by contacting the USPTO Contact Center at 800-786-9199, or it
can be viewed on the USPTO website at http://www.uspto.gov/web/offices/pac/doc/general/index.html.

page 2 of 4
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For information on preventing theft of your intellectual property (patents, trademarks and copyrights), you may wish
to consult the U.S. Government website, http://www.stopfakes.gov. Part of a Department of Commerce initiative,
this website includes self-help "toolkits" giving innovators guidance on how to protect intellectual property in specific
countries such as China, Korea and Mexico. For questions regarding patent enforcement issues, applicants may
call the U.S. Government hotline at 1-866-999-HALT (1-866-999-4258).

LICENSE FOR FOREIGN FILING UNDER
Title 35, United States Code, Section 184

Title 37, Code of Federal Regulations, 5.11 & 5.15
GRANTED

The applicant has been granted a license under 35 U.S.C. 184, if the phrase "IF REQUIRED, FOREIGN FILING
LICENSE GRANTED" followed by a date appears on this form. Such licenses are issued in all applications where
the conditions for issuance of a license have been met, regardless of whether or not a license may be required as
set forth in 37 CFR 5.15. The scope and limitations of this license are set forth in 37 CFR 5.15(a) unless an earlier
license has been issued under 37 CFR 5.15(b). The license is subject to revocation upon written notification. The
date indicated is the effective date of the license, unless an earlier license of similar scope has been granted under
37 CFR 5.13 or 5.14.

This license is to be retained by the licensee and may be used at any time on or after the effective date thereof unless
it is revoked. This license is automatically transferred to any related applications(s) filed under 37 CFR 1.53(d). This
license is not retroactive.

The grant of a license does not in any way lessen the responsibility of a licensee for the security of the subject matter
as imposed by any Government contract or the provisions of existing laws relating to espionage and the national
security or the export of technical data. Licensees should apprise themselves of current regulations especially with
respect to certain countries, of other agencies, particularly the Office of Defense Trade Controls, Department of
State (with respect to Arms, Munitions and Implements of War (22 CFR 121-128)); the Bureau of Industry and
Security, Department of Commerce (15 CFR parts 730-774); the Office of Foreign AssetsControl, Department of
Treasury (31 CFR Parts 500+) and the Department of Energy.

NOT GRANTED

No license under 35 U.S.C. 184 has been granted at this time, if the phrase "IF REQUIRED, FOREIGN FILING
LICENSE GRANTED" DOES NOT appear on this form. Applicant may still petition for a license under 37 CFR 5.12,
if a license is desired before the expiration of 6 months from the filing date of the application. If 6 months has lapsed
from the filing date of this application and the licensee has not received any indication of a secrecy order under 35
U.S.C. 181, the licensee may foreign file the application pursuant to 37 CFR 5.15(b).

SelectUSA

The United States represents the largest, most dynamic marketplace in the world and is an unparalleled location for
business investment, innovation, and commercialization of new technologies. The U.S. offers tremendous resources
and advantages for those who invest and manufacture goods here. Through SelectUSA, our nation works to
promote and facilitate business investment. SelectUSA provides information assistance to the international investor
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community; serves as an ombudsman for existing and potential investors; advocates on behalf of U.S. cities, states,
and regions competing for global investment; and counsels U.S. economic development organizations on investment
attraction best practices. To learn more about why the United States is the best country in the world to develop
technology, manufacture products, deliver services, and grow your business, visit http:/www.SelectUSA.gov or call
+1-202-482-6800.
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DocCode — SCORE

SCORE Placeholder Sheet for IFW Content

Application Number: 17215804 Document Date: 03/29/2021

The presence of this form in the IFW record indicates that the following document type was received
in electronic format on the date identified above. This content is stored in the SCORE database.

Since this was an electronic submission, there is no physical artifact folder, no artifact folder is
recorded in PALM, and no paper documents or physical media exist. The TIFF images in the IFW
record were created from the original documents that are stored in SCORE.

Drawing

At the time of document entry (noted above):
e USPTO employees may access SCORE content via DAV or via the SCORE web page.

e External customers may access SCORE content via PAIR using the Supplemental Content
tab.

Form Revision Date: March 1, 2019
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Doc code: IDS
Doc description: Information Disclosure Statement (IDS) Filed

PTO/SB/08a (02-18)

Approved for use through 11/30/2020. 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

Filing Date

First Named Inventor ||Steven Wayne Goldstein

Art Unit

Examiner Name |

Attorney Docket Number |

U.S.PATENTS Remove
Examiner| Cite Kind Name of Patentee or Applicant Pages Columns,Lines where
e Patent Number Issue Date . Relevant Passages or Relevant
Initial No Code? of cited Document .
Figures Appear
1 809262 1989-02-28 lose et al.
2 b259033 1993-11-02 odings et al
3 h999828 1999-12-07 ih et al
4 £304648 P001-10-16 hang
5 p381572 P002-04-30 shimitsu et al.
6 b647368 P003-11-11 emirovski
7 5754359 P004-06-22 vean et al
8 b870807 P005-03-22 han et al.

EFS Web 2.1.18
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Application Number
Filing Date
INFORMATION DISCLOSURE First Named Inventor | Steven Wayne Goldstein
STATEMENT BY APPLICANT Art Uit |
( Not for submission under 37 CFR 1.99)
Examiner Name |
Attorney Docket Number |
9 7236580 P007-06-26 arkar et al.
10 7783054 D010-08-24 inglstetter et al.
11 7986802 P011-07-26 iller
12 B060366 P011-11-15 aganti et al.
13 B275145 P012-09-25 uck et al.
14 B380521 P013-02-19 aganti et al.
15 B401178 P013-03-19 hen et al.
16 p838184 P014-09-16 umnett et al.
17 7039195 P006-05-02 vean et al.
18 B081780 P011-12-20 Idstein et al.
19 H728385 P004-04-27 valo
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number

Filing Date

First Named Inventor | Steven Wayne Goldstein

Art Unit |

Examiner Name |

Attorney Docket Number |

20 738482 P004-05-18 aber

21 5081732 P000-06-27 uvanen et al.
22 5169912 P001-01-02 uckerman
23 p570985 P003-05-27 omesburg
24 7349353 P008-03-25 uduru et al.
25 5131032 [1992-07-14 saki et al.

26 5760453 P004-07-06 anno

27 6963901 [1999-10-06 anatalo et al.
28 6021207 P000-02-01 uthuff

29 p692059 [1997-11-25 ruger

30 5118878 P000-09-12 ones
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number

Filing Date

First Named Inventor | Steven Wayne Goldstein

Art Unit

Examiner Name |

Attorney Docket Number |

31 p631196 P003-10-07 aenzer et al.
32 7817803 P010-10-19 ldstein
33 B027481 P011-09-27 eard
34 H796819 [1998-08-18 omesburg
35 7403608 P008-07-22 uvray et al.
36 7003097 P006-02-21 archok et al.
37 F466666 P002-10-15 riksson
If you wish to add additional U.S. Patent citation information please click the Add button. Add
U.S.PATENT APPLICATION PUBLICATIONS Remove
. _— . N . Pages,Columns,Lines where
Examiner| .. Publication Kind [ Publication Name of Patentee or Applicant
P Cite No . Relevant Passages or Relevant
Initial Number Code’| Date of cited Document -
Figures Appear
1 0080037801 P008-02-14 Ives et al.
2 0010046304 P001-11-29 ast
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Application Number
Filing Date
INFORMATION DISCLOSURE First Named Inventor | Steven Wayne Goldstein
STATEMENT BY APPLICANT Art Uit |
( Not for submission under 37 CFR 1.99)
Examiner Name |
Attorney Docket Number |
3 20030112947 P003-06-19 ohen
4 20040137969 P004-07-15 lassimi
5 20050102133 P005-05-12 ees
6 20060062395 P006-03-23 layman et al.
7 20070291953 P007-12-20 gia et al.
8 20080019539 P008-01-24 atel et al.
9 20090147966 P009-06-11 cintosh et al.
10 0120184337 P012-07-19 umnett et al.
1" 0130051543 P013-02-28 cDysan et al.
12 0140370838 P014-12-18 im
13 0150288823 P015-10-08 urnett et al.
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number

Filing Date

First Named Inventor | Steven Wayne Goldstein

Art Unit

Examiner Name |

Attorney Docket Number

14 20090010444 P009-01-08
15 20050058313 P005-03-17
16 20050069161 P005-03-31
17 20070189544 P007-06-16
18 20040202340 P004-10-14
19 20090034748 P009-02-05
20 20070036342 P007-02-15
21 20060067512 P006-03-30

If you wish to add additional U.S. Published Application citation information please click the Add button] Add

FOREIGN PATENT DOCUMENTS

Remove

Examiner|
Initial*

Cite
No

Foreign Document
Number3

Country Kind

Code?j

Code?

Publication
Date

Name of Patentee or
Applicant of cited
Document

Pages,Columns,Lines
where Relevant
Passages or Relevant
Figures Appear
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number

Filing Date

First Named Inventor | Steven Wayne Goldstein

Art Unit |

Examiner Name |

Attorney Docket Number |

NON-PATENT LITERATURE DOCUMENTS Remove

Examiner|
Initials®

Cite
No

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 number(s},
publisher, city and/or country where published.

Ts

If you wish to add additional non-patent literature document citation information please click the Add button| Add

EXAMINER SIGNATURE

Examiner Signature ‘I IDate Considered |I

*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 901.04. 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 WIPQ 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

Filing Date

INFORMATION DISCLOSURE
STATEMENT BY APPLICANT

First Named Inventor | Steven Wayne Goldstein

o Art Unit |
( Not for submission under 37 CFR 1.99)

Examiner Name |

Attorney Docket Number |

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.
The fee set forth in 37 CFR 1.17 (p) has been submitted herewith.

X 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 /John P. Keady/ Date (YYYY-MM-DD) 2021-03-29

Name/Print John P. Keady Registration Number 56389

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

1.

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/or 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:

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, tc 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.S.C. 552a(m).

A record related to an International Application filed under the Patent Cooperation Treaty in this system of records
may be 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
his/her 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., GBA 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 be 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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Doc code: IDS

Doc description: Information Disclosure Statement (IDS) Filed

PTO/SB/08a (02-18)

Approved for use through 11/30/2020. 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

Filing Date

First Named Inventor |

Steven Wayne Goldstein

Art Unit

Examiner Name |

Attorney Docket Number |

U.S.PATENTS Remove
Examiner| Cite Kind Name of Patentee or Applicant Pages,Columns,Lines where
- Patent Number Issue Date . Relevant Passages or Relevant
Initial No Code!’ of cited Document )
Figures Appear
1 B600085 P013-12-03 Shaohai Chen, et al.
2 0584896 P017-02-28 | ethinal Kennedy
3 0270244 P016-02-23 John Usher, et al.
4 0936297 P018-04-03 [George Joseph Dennis
5 D508335 P316-11-29 Benjamin D. Benaltar, et al.
6 10499139 P019-12-03 Plaganandan Ganeshkumar
7 R798283 P014-08-05 Daniel M. Gauger, et al.
8 953626 P018-04-24 Daniel M. Gauger, Jr_, et al.

If you wish to add additional U.S. Patent citation information please click the Add button.

Add
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INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

Application Number

Filing Date

First Named Inventor | Steven Wayne Goldstein

Art Unit

Examiner Name |

Attorney Docket Number |

U.S.PATENT APPLICATION PUBLICATIONS

Remove

Examiner| .. Publication Kind | Publication Name of Patentee or Applicant Pages,Columns,Lines where
ik Cite No . Relevant Passages or Relevant
Initial Number Code’| Date of cited Document .
Figures Appear

1 P0170345406 P017-11-30 Archiveades Georgiou, et al.

2 0140241553 P014-08-28 Victor Tiscareno, et al.

3 POO70177741 PO0T-08-02 Matthew Williamson

4 0080205664 P008-08-28 Uu Yun Kim, et al.

5 720110103606 P011-05-05 Michael W. Silber

6 P0170345406 PO17-11-30 Archiveades Georgiou, et al.

If you wish to add additional U.S. Published Application citation information please click the Add button| Add

FOREIGN PATENT DOCUMENTS

Remove

Name of Patentee or Pages,Columns,Lines
Examiner| Cite | Foreign Document Country Kind | Publication Apblicant of cited where Relevant Ts
Initial* No | Number3 Code?| Cade4 Date R Passages or Relevant
Document .
Figures Appear
1 0080111004 KR 2008-12-22 0 3 B2 Al
F—FE—T4RA Ja—
2 P013501969 P 2013-01-17 aurFrZ—E//
(2
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Application Number

Filing Date

INFORMATION DISCLOSURE

First Named Inventor | Steven Wayne Goldstein

STATEMENT BY APPLICANT At Un
rt Unit |

( Not for submission under 37 CFR 1.99)
Examiner Name |

Attorney Docket Number |

3 |frwmseso11u frw 2018-10-01 ||l EAR#AHE

4 02008077981 o 2008-07-03  |[Farzin Tahmassebi

5 FS2273616 FS 2007-12-16  |[Farzin Tahmassebi

6 CN105554610 CN 2019-01-04 |l

7 FP2963647 FP 2019-07-31  |Pames M. Kirsch, et al.
8 CN203761556 CN 20140806 ||FZEH

9 CN105637892 CN 2020-03-13  |D-S-fHEHEHT-E =5
10 |pPe389232 P 2018-09-12 |FP3>¥ Fo—. etal

If you wish to add additional Foreign Patent Document citation information please click the Add button | Add

NON-PATENT LITERATURE DOCUMENTS Remove

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 number(s),
publisher, city and/or country where published.

Examiner| Cite
Initials* | No

If you wish to add additional non-patent literature document citation information please click the Add button| Add
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Application Number

Filing Date

INFORMATION DISCLOSURE

STATEMENT BY APPLICANT
( Not for submission under 37 CFR 1.99)

First Named Inventor | Steven Wayne Goldstein
Art Unit |

Examiner Name |

Attorney Docket Number |

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.
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Application Number

Filing Date

INFORMATION DISCLOSURE

First Named Inventor | Steven Wayne Goldstein

STATEMENT BY APPLICANT

o Art Unit |
( Not for submission under 37 CFR 1.99)

Examiner Name |

Attorney Docket Number |

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.
The fee set forth in 37 CFR 1.17 (p) has been submitted herewith.

X 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 [John P. Keady/ Date (YYYY-MM-DD) 2021-03-29
Name/Print John P. Keady Registration Number )56389

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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IN THE UNITED STATES PATENT AND TRADEMARK OFFICE

APPLICATION NO. : UNKNOWN CONFIRMATION NO. UNKNOWN

APPLICATION OF : STEVEN WAYNE GOLDSTEIN

DATE FILED : HEREWITH

EXAMINER : UNKNOWN

TC/A.U. : UNKNOWN

DOCKET : CONT2-16247186

TITLE : METHOD AND DEVICE FOR IN EAR CANAL ECHO
SUPPRESSION

CONTINUATION IN PART TRANSMITTAL LETTER

Commissioner for Patents
P. O. Box 1450
Alexandria, VA 22313-1450 Date: March 29, 2021

Sir:

Please find attached a Continuation in Part application claiming priority to allowed U.S. Pat.
App. No. 16/247,186. Although the present application is filed as a Continuation in Part it
contains material from priority applications No. 12/170,171, 12/115,349 and 60/916,271 not
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METHOD AND DEVICE FOR
IN-EAR CANAL ECHO SUPPRESSION

CROSS REFERENCE TO RELATED APPLICATIONS

[0001] This application is a Continuation in Part of U.S. Patent Application Serial No.
16/247,186, filed 14 Jan. 2019, which is a Continuation of U.S. Patent Application No.
13/956,767, filed on 1 August 2018, now U.S. Patent No. 10,182,289, which is a
Continuation of U.S. Patent Application No. 12/170,171, filed on 9 July 2008, now U.S.
Patent No. 8,526,645, which is a Continuation in Part of Application No. 12/115,349 filed on
May 5, 2008, now U.S. Patent No. 8,081,780 which claims the priority benefit of Provisional
Application No. 60/916,271 filed on May 4, 2007, the entire disclosure of all of which are
incorporated herein by reference.

FIELD OF THE INVENTION

[0002] The present invention pertains to sound reproduction, sound recording, audio
communications and hearing protection using earphone devices designed to provide variable
acoustical isolation from ambient sounds while being able to audition both environmental
and desired audio stimuli. Particularly, the present invention describes a method and device
for suppressing echo in an ear-canal when capturing a user's voice when using an ambient

sound microphone and an ear canal microphone.

BACKGROUND OF THE INVENTION

[0003] People use headsets or earpieces primarily for voice communications and music
listening enjoyment. A headset or earpiece generally includes a microphone and a speaker
for allowing the user to speak and listen. An ambient sound microphone mounted on the
earpiece can capture ambient sounds in the environment; sounds that can include the user's
voice. An ear canal microphone mounted internally on the earpiece can capture voice

resonant within the ear canal; sounds generated when the user is speaking.
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[0004] An earpiece that provides sufficient occlusion can utilize both the ambient sound
microphone and the ear canal microphone to enhance the user's voice. An ear canal receiver
mounted internal to the ear canal can loopback sound captured at the ambient sound
microphone or the ear canal microphone to allow the user to listen to captured sound. If the
earpiece is however not properly sealed within the ear canal, the ambient sounds can leak
through into the ear canal and create an echo feedback condition with the ear canal
microphone and ear canal receiver. In such cases, the feedback loop can generate an
annoying "howling" sound that degrades the quality of the voice communication and

listening experience.

SUMMARY OF THE INVENTION

[0005] Embodiments in accordance with the present invention provide a method and
device for background noise control, ambient sound mixing and other audio control methods
associated with an earphone. Note that although this application is filed as a continuation
in part of U.S. Pat. App. No. 16/247,186, the subject matter material can be found in U.S.
Patent Application No. 12/170,171, filed on 9 July 2008, now U.S. Patent No. 8,526,645,
Application No. 12/115,349 filed on May 5, 2008, now U.S. Patent No. 8,081,780, and
Application No. 60/916,271 filed on May 4, 2007, all of which were incorporated by
reference in U.S. Pat. App. No. 16/247,186 and are incorporated by reference in their
entirety herein.

[0006] In a first embodiment, a method for in-ear canal echo suppression control can
include the steps of capturing an ambient acoustic signal from at least one Ambient Sound
Microphone (ASM) to produce an electronic ambient signal, capturing in an ear canal an
internal sound from at least one Ear Canal Microphone (ECM) to produce an electronic
internal signal, measuring a background noise signal from the electronic ambient signal and
the electronic internal signal, and capturing in the ear canal an internal sound from an Ear
Canal Microphone (ECM) to produce an electronic internal signal. The electronic internal
signal includes an echo of a spoken voice generated by a wearer of the earpiece. The echo
in the electronic internal signal can be suppressed to produce a modified electronic internal
signal containing primarily the spoken voice. A voice activity level can be generated for the
spoken voice based on characteristics of the modified electronic internal signal and a level of
the background noise signal. The electronic ambient signal and the electronic internal signal

2

Exhibit 1004
Page 1200 of 1251



can then be mixed in a ratio dependent on the background noise signal to produce a mixed
signal without echo that is delivered to the ear canal by way of the ECR.

[0007] An internal gain of the electronic internal signal can be increased as background
noise levels increase, while an external gain of the electronic ambient signal can be
decreased as the background noise levels increase. Similarly, the internal gain of the
electronic internal signal can be increased as background noise levels decrease, while an
external gain of the electronic ambient signal can be increased as the background noise
levels decrease. The step of mixing can include filtering the electronic ambient signal and
the electronic internal signal based on a characteristic of the background noise signal. The
characteristic can be a level of the background noise level, a spectral profile, or an envelope
fluctuation.

[0008] At low background noise levels and low voice activity levels, the electronic ambient
signal can be amplified relative to the electronic internal signal in producing the mixed
signal. At medium background noise levels and voice activity levels, low frequencies in the
electronic ambient signal and high frequencies in the electronic internal signal can be
attenuated. At high background noise levels and high voice activity levels, the electronic
internal signal can be amplified relative to the electronic ambient signal in producing the
mixed signal.

[0009] The method can include adapting a first set of filter coefficients of a Least Mean
Squares (LMS) filter to model an inner ear-canal microphone transfer function (ECTF). The
voice activity level of the modified electronic internal signal can be monitored, and an
adaptation of the first set of filter coefficients for the modified electronic internal signal can
be frozen if the voice activity level is above a predetermined threshold. The voice activity
level can be determined by an energy level characteristic and a frequency response
characteristic. A second set of filter coefficients for a replica of the LMS filter can be
generated during the freezing and substituted back for the first set of filter coefficients when
the voice activity level is below another predetermined threshold. The modified electronic
internal signal can be transmitted to another voice communication device and looped back
to the ear canal.

[0010] In a second embodiment, a method for in-ear canal echo suppression control can
include capturing an ambient sound from at least one Ambient Sound Microphone (ASM) to
produce an electronic ambient signal, delivering audio content to an ear canal by way of an
Ear Canal Receiver (ECR) to produce an acoustic audio content, capturing in the ear canal
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by way of an Ear Canal Receiver (ECR) the acoustic audio content to produce an electronic
internal signal, generating a voice activity level of a spoken voice in the presence of the
acoustic audio content, suppressing an echo of the spoken voice in the electronic internal
signal to produce a modified electronic internal signal, and controlling a mixing of the
electronic ambient sighal and the electronic internal signal based on the voice activity level.
At least one voice operation of the earpiece can be controlled based on the voice activity
level. The modified electronic internal signal can be transmitted to another voice
communication device and looped back to the ear canal.

[0011] The method can include measuring a background noise signal from the electronic
ambient signal and the electronic internal signal, and mixing the electronic ambient signal
with the electronic internal signal in a ratio dependent on the background noise signal to
produce a mixed signal that is delivered to the ear canal by way of the ECR. An acoustic
attenuation level of the earpiece and an audio content level reproduced can be accounted
for when adjusting the mixing based on a level of the audio content, the background noise
level, and an acoustic attenuation level of the earpiece. The electronic ambient signal and
the electronic internal signal can be filtered based on a characteristic of the background
noise signal. The characteristic can be a level of the background noise level, a spectral
profile, or an envelope fluctuation. The method can include applying a first gain (G1) to the
electronic ambient signal, and applying a second gain (G2) to the electronic internal signal.
The first gain and second gain can be a function of the background noise level and the voice
activity level.

[0012] The method can include adapting a first set of filter coefficients of a Least Mean
Squares (LMS) filter to model an inner ear-canal microphone transfer function (ECTF). The
adaptation of the first set of filter coefficients can be frozen for the modified electronic
internal signal if the voice activity level is above a predetermined threshold. A second set of
filter coefficients for a replica of the LMS filter can be adapted during the freezing. The
second set can be substituted back for the first set of filter coefficients when the voice
activity level is below another predetermined threshold. The adaptation of the first set of
filter coefficients can then be unfrozen.

[0013] In a third embodiment, an earpiece to provide in-ear canal echo suppression can
include an Ambient Sound Microphone (ASM) configured to capture ambient sound and
produce an electronic ambient signal, an Ear Canal Receiver (ECR) to deliver audio content
to an ear canal to produce an acoustic audio content, an Ear Canal Microphone (ECM)
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configured to capture internal sound including spoken voice in an ear canal and produce an
electronic internal signal, and a processor operatively coupled to the ASM, the ECM and the
ECR. The audio content can be a phone call, a voice message, a music signal, or the spoken
voice. The processor can be configured to suppress an echo of the spoken voice in the
electronic internal signal to produce a modified electronic internal signal, generate a voice
activity level for the spoken voice based on characteristics of the modified electronic internal
signal and a level of the background noise signal, and mix the electronic ambient signal with
the electronic internal signal in a ratio dependent on the background noise signal to produce
a mixed signal that is delivered to the ear canal by way of the ECR. The processor can play
the mixed signal back to the ECR for loopback listening. A transceiver operatively coupled to
the processor can transmit the mixed signal to a second communication device.

[0014] A Least Mean Squares (LMS) echo suppressor can model an inner ear-canal
microphone transfer function (ECTF) between the ASM and the ECM. A voice activity
detector operatively coupled to the echo suppressor can adapt a first set of filter coefficients
of the echo suppressor to model an inner ear-canal microphone transfer function (ECTF),
and freeze an adaptation of the first set of filter coefficients for the modified electronic
internal signal if the voice activity level is above a predetermined threshold. The voice
activity detector during the freezing can also adapt a second set of filter coefficients for the
echo suppressor, and substitute the second set of filter coefficients for the first set of filter
coefficients when the voice activity level is below another predetermined threshold. Upon
completing the substitution, the processor can unfreeze the adaptation of the first set of
filter coefficients

BRIEF DESCRIPTION OF THE DRAWINGS

[0015] FIG. 1 is a pictorial diagram of an earpiece in accordance with an exemplary
embodiment;

[0016] FIG. 2 is a block diagram of the earpiece in accordance with an exemplary
embodiment;

[0017] FIG. 3 is a block diagram for an acoustic management module in accordance with
an exemplary embodiment;

[0018] FIG. 4 is a schematic for the acoustic management module of FIG. 3 illustrating a

mixing of an external microphone signal with an internal microphone signal as a function of
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a background noise level and voice activity level in accordance with an exemplary
embodiment;

[0019] FIG. 5 is a more detailed schematic of the acoustic management module of FIG. 3
illustrating a mixing of an external microphone signal with an internal microphone signal
based on a background noise level and voice activity level in accordance with an exemplary
embodiment;

[0020] FIG. 6 is a block diagram of a system for in-ear canal echo suppression in
accordance with an exemplary embodiment;

[0021] FIG. 7 is a schematic of a control unit for controlling adaptation of a first set and
second set of filter coefficients of an echo suppressor for in-ear canal echo suppression in
accordance with an exemplary embodiment;

[0022] FIG. 8 is a block diagram of a method for an audio mixing system to mix an
external microphone signal with an internal microphone signal based on a background noise
level and voice activity level in accordance with an exemplary embodiment;

[0023] FIG. 9 is a block diagram of a method for calculating background noise levels in
accordance with an exemplary embodiment;

[0024] FIG. 10 is a block diagram for mixing an external microphone signal with an
internal microphone signal based on a background noise level in accordance with an
exemplary embodiment;

[0025] FIG. 11 is a block diagram for an analog circuit for mixing an external microphone
signal with an internal microphone signal based on a background noise level in accordance
with an exemplary embodiment; and

[0026] FIG. 12 is a table illustrating exemplary filters suitable for use with an Ambient
Sound Microphone (ASM) and Ear Canal Microphone (ECM) based on measured background

noise levels (BNL) in accordance with an exemplary embodiment.

DETAILED DESCRIPTION

[0027] The following description of at least one exemplary embodiment is merely

illustrative in nature and is in no way intended to limit the invention, its application, or uses.
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[0028] Processes, techniques, apparatus, and materials as known by one of ordinary skill
in the relevant art may not be discussed in detail but are intended to be part of the enabling
description where appropriate, for example the fabrication and use of transducers.

[0029] In all of the examples illustrated and discussed herein, any specific values, for
example the sound pressure level change, should be interpreted to be illustrative only and
non-limiting. Thus, other examples of the exemplary embodiments could have different
values.

[0030] Note that similar reference numerals and letters refer to similar items in the
following figures, and thus once an item is defined in one figure, it may not be discussed for
following figures.

[0031] Note that herein when referring to correcting or preventing an error or damage
(e.g., hearing damage), a reduction of the damage or error and/or a correction of the
damage or error are intended.

[0032] Various embodiments herein provide a method and device for automatically mixing
audio signals produced by a pair of microphone signals that monitor a first ambient sound
field and a second ear canal sound field, to create a third new mixed signal. An Ambient
Sound Microphone (ASM) and an Ear Canal Microphone (ECM) can be housed in an earpiece
that forms a seal in the ear of a user. The third mixed signal can be auditioned by the user
with an Ear Canal Receiver (ECR) mounted in the earpiece, which creates a sound pressure
in the occluded ear canal of the user. A voice activity detector can determine when the user
is speaking and control an echo suppressor to suppress associated feedback in the ECR.
[0033] When the user engages in a voice communication, the echo suppressor can
suppress feedback of the spoken voice from the ECR. The echo suppressor can contain two
sets of filter coefficients; a first set that adapts when voice is not present and becomes fixed
when voice is present, and a second set that adapts when the first set is fixed. The voice
activity detector can discriminate between audible content, such as music, that the user is
listening to, and spoken voice generated by the user when engaged in voice communication.
The third mixed signal contains primarily the spoken voice captured at the ASM and ECM
without echo, and can be transmitted to a remote voice communications system, such as a
mobile phone, personal media player, recording device, walkie-talkie radio, etc. Before the
ASM and ECM signals are mixed, they can be echo suppressed and subjected to different
filters and at optional additional gains. This permits a single earpiece to provide full-duplex

voice communication with proper or improper acoustic sealing.
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[0034] The characteristic responses of the ASM and ECM filter can differ based on
characteristics of the background noise and the voice activity level. In some exemplary
embodiments, the filter response can depend on the measured Background Noise Level
(BNL). A gain of a filtered ASM and a filtered ECM signal can also depend on the BNL. The
(BNL) can be calculated using either or both the conditioned ASM and/or ECM signal(s). The
BNL can be a slow time weighted average of the level of the ASM and/or ECM signals, and
can be weighted using a frequency-weighting system, e.g. to give an A-weighted SPL level
(i.e. the high and low frequencies are attenuated before the level of the microphone signals
are calculated).

[0035] At least one exemplary embodiment of the invention is directed to an earpiece for
voice operated control. Reference is made to FIG. 1 in which an earpiece device, generally
indicated as earpiece 100, is constructed and operates in accordance with at least one
exemplary embodiment of the invention. As illustrated, earpiece 100 depicts an electro-
acoustical assembly 113 for an in-the-ear acoustic assembly, as it would typically be placed
in the ear canal 131 of a user 135. The earpiece 100 can be an in the ear earpiece, behind
the ear earpiece, receiver in the ear, open-fit device, or any other suitable earpiece type.
The earpiece 100 can be partially or fully occluded in the ear canal, and is suitable for use
with users having healthy or abnormal auditory functioning.

[0036] Earpiece 100 includes an Ambient Sound Microphone (ASM) 111 to capture ambient
sound, an Ear Canal Receiver (ECR) 125 to deliver audio to an ear canal 131, and an Ear
Canal Microphone (ECM) 123 to assess a sound exposure level within the ear canal 131. The
earpiece 100 can partially or fully occlude the ear canal 131 to provide various degrees of
acoustic isolation. The assembly is designed to be inserted into the user's ear canal 131,
and to form an acoustic seal with the walls 129 of the ear canal at a location 127 between
the entrance 117 to the ear canal and the tympanic membrane (or ear drum) 133. Such a
seal is typically achieved by means of a soft and compliant housing of assembly 113. Such a
seal creates a closed cavity 131 of approximately 5cc between the in-ear assembly 113 and
the tympanic membrane 133. As a result of this seal, the ECR (speaker) 125 is able to
generate a full range frequency response when reproducing sounds for the user. This seal
also serves to significantly reduce the sound pressure level at the user's eardrum resulting
from the sound field at the entrance to the ear canal 131. This seal is also a basis for a
sound isolating performance of the electro-acoustic assembly.
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[0037] Located adjacent to the ECR 125, is the ECM 123, which is acoustically coupled to
the (closed or partially closed) ear canal cavity 131. One of its functions is that of
measuring the sound pressure level in the ear canal cavity 131 as a part of testing the
hearing acuity of the user as well as confirming the integrity of the acoustic seal and the
working condition of the earpiece 100. In one arrangement, the ASM 111 can be housed in
the assembly 113 to monitor sound pressure at the entrance to the occluded or partially
occluded ear canal. All transducers shown can receive or transmit audio signals to a
processor 121 that undertakes audio signal processing and provides a transceiver for audio
via the wired or wireless communication path 119.

[0038] The earpiece 100 can actively monitor a sound pressure level both inside and
outside an ear canal and enhance spatial and timbral sound quality while maintaining
supervision to ensure safe sound reproduction levels. The earpiece 100 in various
embodiments can conduct listening tests, filter sounds in the environment, monitor warning
sounds in the environment, present notification based on identified warning sounds,
maintain constant audio content to ambient sound levels, and filter sound in accordance
with a Personalized Hearing Level (PHL).

[0039] The earpiece 100 can measure ambient sounds in the environment received at the
ASM 111. Ambient sounds correspond to sounds within the environment such as the sound
of traffic noise, street noise, conversation babble, or any other acoustic sound. Ambient
sounds can also correspond to industrial sounds present in an industrial setting, such as,
factory noise, lifting vehicles, automobiles, and robots to name a few.

[0040] The earpiece 100 can generate an Ear Canal Transfer Function (ECTF) to model the
ear canal 131 using ECR 125 and ECM 123, as well as an Outer Ear Canal Transfer function
(OETF) using ASM 111. For instance, the ECR 125 can deliver an impulse within the ear
canal and generate the ECTF via cross correlation of the impulse with the impulse response
of the ear canal. The earpiece 100 can also determine a sealing profile with the user's ear to
compensate for any leakage. It also includes a Sound Pressure Level Dosimeter to estimate
sound exposure and recovery times. This permits the earpiece 100 to safely administer and
monitor sound exposure to the ear.

[0041] Referring to FIG. 2, a block diagram 200 of the earpiece 100 in accordance with an
exemplary embodiment is shown. As illustrated, the earpiece 100 can include the processor
121 operatively coupled to the ASM 111, ECR 125, and ECM 123 via one or more Analog to
Digital Converters (ADC) 202 and Digital to Analog Converters (DAC) 203. The processor
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121 can utilize computing technologies such as a microprocessor, Application Specific
Integrated Chip (ASIC), and/or digital signal processor (DSP) with associated storage
memory 208 such as Flash, ROM, RAM, SRAM, DRAM or other like technologies for
controlling operations of the earpiece device 100. The processor 121 can also include a clock
to record a time stamp.

[0042] As illustrated, the earpiece 100 can include an acoustic management module 201 to
mix sounds captured at the ASM 111 and ECM 123 to produce a mixed sound. The
processor 121 can then provide the mixed signal to one or more subsystems, such as a
voice recognition system, a voice dictation system, a voice recorder, or any other voice
related processor or communication device. The acoustic management module 201 can be a
hardware component implemented by discrete or analog electronic components or a
software component. In one arrangement, the functionality of the acoustic management
module 201 can be provided by way of software, such as program code, assembly
language, or machine language.

[0043] The memory 208 can also store program instructions for execution on the processor
121 as well as captured audio processing data and filter coefficient data. The memory 208
can be off-chip and external to the processor 121 and include a data buffer to temporarily
capture the ambient sound and the internal sound, and a storage memory to save from the
data buffer the recent portion of the history in a compressed format responsive to a
directive by the processor 121. The data buffer can be a circular buffer that temporarily
stores audio sound at a current time point to a previous time point. It should also be noted
that the data buffer can in one configuration reside on the processor 121 to provide high
speed data access. The storage memory can be non-volatile memory such as SRAM to store
captured or compressed audio data.

[0044] The earpiece 100 can include an audio interface 212 operatively coupled to the
processor 121 and acoustic management module 201 to receive audio content, for example
from a media player, cell phone, or any other communication device, and deliver the audio
content to the processor 121. The processor 121 responsive to detecting spoken voice from
the acoustic management module 201 can adjust the audio content delivered to the ear
canal. For instance, the processor 121 (or acoustic management module 201) can lower a
volume of the audio content responsive to detecting a spoken voice. The processor 121 by
way of the ECM 123 can also actively monitor the sound exposure level inside the ear canal
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and adjust the audio to within a safe and subjectively optimized listening level range based
on voice operating decisions made by the acoustic management module 201.

[0045] The earpiece 100 can further include a transceiver 204 that can support singly or in
combination any number of wireless access technologies including without limitation
Bluetooth™, Wireless Fidelity (WiFi), Worldwide Interoperability for Microwave Access
(WIMAX), and/or other short or long range communication protocols. The transceiver 204
can also provide support for dynamic downloading over-the-air to the earpiece 100. It
should be noted also that next generation access technologies can also be applied to the
present disclosure.

[0046] The location receiver 232 can utilize common technology such as a common GPS
(Global Positioning System) receiver that can intercept satellite signals and therefrom
determine a location fix of the earpiece 100.

[0047] The power supply 210 can utilize common power management technologies such as
replaceable batteries, supply regulation technologies, and charging system technologies for
supplying energy to the components of the earpiece 100 and to facilitate portable
applications. A motor (not shown) can be a single supply motor driver coupled to the power
supply 210 to improve sensory input via haptic vibration. As an example, the processor 121
can direct the motor to vibrate responsive to an action, such as a detection of a warning
sound or an incoming voice call.

[0048] The earpiece 100 can further represent a single operational device or a family of
devices configured in a master-slave arrangement, for example, a mobile device and an
earpiece. In the latter embodiment, the components of the earpiece 100 can be reused in
different form factors for the master and slave devices.

[0049] FIG. 3 is a block diagram of the acoustic management module 201 in accordance
with an exemplary embodiment. Briefly, the Acoustic management module 201 facilitates
monitoring, recording and transmission of user-generated voice (speech) to a voice
communication system. User-generated sound is detected with the ASM 111 that monitors a
sound field near the entrance to a user's ear, and with the ECM 123 that monitors a sound
field in the user's occluded ear canal. A new mixed signal 323 is created by filtering and
mixing the ASM and ECM microphone signals. The filtering and mixing process is
automatically controlled depending on the background noise level of the ambient sound field
to enhance intelligibility of the new mixed signal 323. For instance, when the background
noise level is high, the acoustic management module 201 automatically increases the level
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of the ECM 123 signal relative to the level of the ASM 111 to create the new signal mixed
323. When the background noise level is low, the acoustic management module 201
automatically decreases the level of the ECM 123 signal relative to the level of the ASM 111
to create the new signal mixed 323

[0050] As illustrated, the ASM 111 is configured to capture ambient sound and produce an
electronic ambient signal 426, the ECR 125 is configured to pass, process, or play acoustic
audio content 402 (e.g., audio content 321, mixed signal 323) to the ear canal, and the
ECM 123 is configured to capture internal sound in the ear canal and produce an electronic
internal signal 410. The acoustic management module 201 is configured to measure a
background noise signal from the electronic ambient signal 426 or the electronic internal
signal 410, and mix the electronic ambient signal 426 with the electronic internal signal 410
in a ratio dependent on the background noise signal to produce the mixed signal 323. The
acoustic management module 201 filters the electronic ambient signal 426 and the
electronic internal 410 signal based on a characteristic of the background noise signal using
filter coefficients stored in memory or filter coefficients generated algorithmically.

[0051] In practice, the acoustic management module 201 mixes sounds captured at the
ASM 111 and the ECM 123 to produce the mixed signal 323 based on characteristics of the
background noise in the environment and a voice activity level. The characteristics can be a
background noise level, a spectral profile, or an envelope fluctuation. The acoustic
management module 201 manages echo feedback conditions affecting the voice activity
level when the ASM 111, the ECM 123, and the ECR 125 are used together in a single
earpiece for full-duplex communication, when the user is speaking to generate spoken voice
(captured by the ASM 111 and ECM 123) and simultaneously listening to audio content
(delivered by ECR 125).

[0052] In noisy ambient environments, the voice captured at the ASM 111 includes the
background noise from the environment, whereas, the internal voice created in the ear
canal 131 captured by the ECM 123 has less noise artifacts, since the noise is blocked due
to the occlusion of the earpiece 100 in the ear. It should be noted that the background noise
can enter the ear canal if the earpiece 100 is not completely sealed. In this case, when
speaking, the user's voice can leak through and cause an echo feedback condition that the
acoustic management module 201 mitigates.

[0053] FIG. 4 is a schematic of the acoustic management module 201 illustrating a mixing
of the electronic ambient signal 426 with the electronic internal signal 410 as a function of a
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background noise level (BNL) and a voice activity level (VAL) in accordance with an
exemplary embodiment. As illustrated, the acoustic management module 201 includes an
Automatic Gain Control (AGC) 302 to measure background noise characteristics. The
acoustic management module 201 also includes a Voice Activity Detector (VAD) 306. The
VAD 306 can analyze either or both the electronic ambient signal 426 and the electronic
internal signal 410 to estimate the VAL. As an example, the VAL can be a numeric range
such as 0 to 10 indicating a degree of voicing. For instance, a voiced signal can be
predominately periodic due to the periodic vibrations of the vocal cords. A highly voiced
signal (e.g., vowel) can be associated with a high level, and a non-voiced signal (e.g.,
fricative, plosive, consonant) can be associated with a lower level.

[0054] The acoustic management module 201 includes a first gain (G1) 304 applied to the
AGC processed electronic ambient signal 426. A second gain (G2) 308 is applied to the VAD
processed electronic internal signal 410. The acoustic management module 201 applies the
first gain (G1) 304 and the second gain (G2) 308 as a function of the background noise
level and the voice activity level to produce the mixed signal 323, where

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

[0055] As illustrated, the mixed signal 323 is the sum 310 of the G1 scaled electronic
ambient signal and the G2 scaled electronic internal signal. The mixed signal 323 can then
be transmitted to a second communication device (e.g. second cell phone, voice recorder,
etc.) to receive the enhanced voice signal. The acoustic management module 201 can also
play the mixed signal 323 back to the ECR for loopback listening. The loopback allows the
user to hear himself or herself when speaking, as though the earpiece 100 and associated
occlusion effect were absent. The loopback can also be mixed with the audio content 321
based on the background noise level, the VAL, and audio content level. The acoustic
management module 201 can also account for an acoustic attenuation level of the earpiece,
and account for the audio content level reproduced by the ECR when measuring background
noise characteristics. Echo conditions created as a result of the loopback can be mitigated to
ensure that the voice activity level is accurate.

[0056] FIG. 5 is a more detailed schematic of the acoustic management module 201
illustrating a mixing of an external microphone signal with an internal microphone signal

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

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

where (1-8) is an external gain, (g) is an internal gain, and the mixing is performed with
0<p<1.

[0057] As illustrated, the VAD produces a VAL that can be used to set a third gain 326 for
the processed electronic ambient signal 311 and a fourth gain 328 for the processed
electronic internal signal 312. For instance, when the VAL is low (e.g., 0-3), gain 326 and
gain 328 are set low so as to attenuate the electronic ambient signal 311 and the electronic
internal signal 312 when spoken voice is not detected. When the VAL is high (e.g., 7-10),
gain 326 and gain 328 are set high so as to amplify the electronic ambient signal 311 and
the electronic internal signal 312 when spoken voice is detected.

[0058] The gain scaled processed electronic ambient signal 311 and the gain scaled
processed electronic internal signal 312 are then summed at adder 320 to produce the
mixed signal 323. The mixed signal 323, as indicated previously, can be transmitted to
another communication device, or as loopback to allow the user to hear his or her self.
[0059] FIG. 6 is an exemplary schematic of an operational unit 600 of the acoustic
management module for in-ear canal echo suppression in accordance with an embodiment.
The operational unit 600 may contain more or less than the number of components shown
in the schematic. The operational unit 600 can include an echo suppressor 610 and a voice
decision logic 620.

[0060] The echo suppressor 610 can be a Least Mean Squares (LMS) or Normalized Least
Mean Squares (NLMS) adaptive filter that models an ear canal transfer function (ECTF)
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between the ECR 125 and the ECM 123. The echo suppressor 610 generates the modified
electronic signal, e(n), which is provided as an input to the voice decision logic 620; e(n) is
also termed the error signal e(n) of the echo suppressor 610. Briefly, the error signal e(n)
412 is used to update the filter H(w) to model the ECTF of the echo path. The error signal
e(n) 412 closely approximates the user's spoken voice signal u(n) 607 when the echo
suppressor 610 accurately models the ECTF.

[0061] In the configuration shown the echo suppressor 610 minimizes the error between
the filtered signal, #(n), and the electronic internal signal, z(n), in an effort to obtain a
transfer function H' which is a best approximation to the H(w) (i.e., ECTF). H(w) represents
the transfer function of the ear canal and models the echo response. (z(n)=u(n)+y(n)+v(n),
where u(n) is the spoken voice 607, y(n) is the echo 609, and v(n) is background noise (if
present, for instance due to improper sealing).)

[0062] During operation, the echo suppressor 610 monitors the mixed signal 323 delivered
to the ECR 125 and produces an echo estimate §(n) of an echo y(n) 609 based on the
captured electronic internal signal 410 and the mixed signal 323. The echo suppressor 610,
upon learning the ECTF by an adaptive process, can then suppress the echo y(n) 609 of the
acoustic audio content 603 (e.g., output mixed signal 323) in the electronic internal signal
z(n) 410. It subtracts the echo estimate 7(n) from the electronic internal signal 410 to
produce the modified electronic internal signal e(n) 412.

[0063] The voice decision logic 620 analyzes the modified electronic signal 412 e(n) and
the electronic ambient signal 426 to produce a voice activity level 622, a. The voice activity
level «a identifies a probability that the user is speaking, for example, when the user is using
the earpiece for two way voice communication. The voice activity level 622 can also indicate
a degree of voicing (e.g., periodicity, amplitude), When the user is speaking, voice is
captured externally (such as from acoustic ambient signal 424) by the ASM 111 in the
ambient environment and also by the ECM 123 in the ear canal. The voice decision logic
provides the voice activity level a to the acoustic management module 201 as an input
parameter for mixing the ASM 111 and ECM 123 signals. Briefly referring back to FIG. 4, the
acoustic management module 201 performs the mixing as a function of the voice activity
level a and the background noise level (see G=f(BNL)+f(VAL)).

[0064] For instance, at low background noise levels and low voice activity levels, the
acoustic management module 201 amplifies the electronic ambient signal 426 from the ASM
111 relative to the electronic internal signal 410 from the ECM 123 in producing the mixed
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signal 323. At medium background noise levels and medium voice activity levels, the
acoustic management module 201 attenuates low frequencies in the electronic ambient
signal 426 and attenuates high frequencies in the electronic internal signal 410. At high
background noise levels and high voice activity levels, the acoustic management module
201 amplifies the electronic internal signal 410 from the ECM 123 relative to the electronic
ambient signal 426 from the ASM 111 in producing the mixed signal. The acoustic
management module 201 can additionally apply frequency specific filters based on the
characteristics of the background noise.

[0065] FIG. 7 is a schematic of a control unit 700 for controlling adaptation of a first set
(736) and a second set (738) of filter coefficients of the echo suppressor 610 for in-ear
canal echo suppression in accordance with an exemplary embodiment. Briefly, the control
unit 700 illustrates a freezing (fixing) of weights upon detection of spoken voice. The echo
suppressor resumes weight adaptation when e(n) is low, and freezes weights when e(n) is
high signifying a presence of spoken voice.

[0066] When the user is not speaking, the ECR 125 can pass through ambient sound
captured at the ASM 111, thereby allowing the user to hear environmental ambient sounds.
As previously discussed, the echo suppressor 610 models an ECTF and suppresses an echo
of the mixed signal 323 that is looped back to the ECR 125 by way of the ASM 111 (see
dotted line Loop Back path). When the user is not speaking, the echo suppressor continually
adapts to model the ECTF. When the ECTF is properly modeled, the echo suppressor 610
produces a modified internal electronic signal e(n) that is low in amplitude level (i.e., low in
error). The echo suppressor adapts the weights to keep the error signal low. When the user
speaks, the echo suppressor however initially produces a high-level e(n) (e.g., the error
signal increases). This happens since the speaker's voice is uncorrelated with the audio
signal played out the ECR 125, which disrupts the echo suppressor's ECTF modeling ability.
[0067] The control unit 700 upon detecting a rise in e(n), freezes the weights of the echo
suppressor 610 to produce a fixed filter H'(w) fixed 738. Upon detecting the rise in e(n) the
control unit adjusts the gain 734 for the ASM signal and the gain 732 for the mixed signal
323 that is looped back to the ECR 125. The mixed signal 323 fed back to the ECR 125
permits the user to hear themselves speak. Although the weights are frozen when the user
is speaking, a second filter H'(w) 736 continually adapts the weights for generating a second
e(n) that is used to determine a presence of spoken voice. That is, the control unit 700
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monitors the second error signal e(n) produced by the second filter 736 for monitoring a
presence of the spoken voice.

[0068] The first error signal e(n) (in a parallel path) generated by the first filter 738 is
used as the mixed signal 323. The first error signal contains primarily the spoken voice
since the ECTF model has been fixed due to the weights. That is, the second (adaptive) filter
is used to monitor a presence of spoken voice, and the first (fixed) filter is used to generate
the mixed signal 323.

[0069] Upon detecting a fall of e(n), the control unit restores the gains 734 and 732 and
unfreezes the weights of the echo suppressor, and the first filter H'(w) returns to being an
adaptive filter. The second filter H'(w) 736 remains on stand-by until spoken voice is
detected, and at which point, the first filter H'(w) 738 goes fixed, and the second filter H'(w)
736 begins adaptation for producing the e(n) signal that is monitored for voice activity.
Notably, the control unit 700 monitors e(n) from the first filter 738 or the second filter 736
for changes in amplitude to determine when spoken voice is detected based on the state of
voice activity.

[0070] FIG. 8 is a block diagram 800 of a method for an audio mixing system to mix an
external microphone signal with an internal microphone signal based on a background noise
level and voice activity level in accordance with an exemplary embodiment.

[0071] As illustrated the mixing circuitry 816 (shown in center) receives an estimate of
the background noise level 812 for mixing either or both the right earpiece ASM signal 802
and the left earpiece ASM signal 804 with the left earpiece ECM signal 806. (The right
earpiece ECM signal can be used similarly.) An operating mode selection system 814 selects
a switching 808 (e.g., 2-in, 1-out) between the left earpiece ASM signal 804 and the right
earpiece ASM signal 802. As indicated earlier, the ASM signals and ECM signals can be first
amplified with a gain system and then filtered with a filter system (the filtering may be
accomplished using either analog or digital electronics or both). The audio input signals 802,
804, and 806 are therefore taken after this gain and filtering process, if any gain and
filtering are used.

[0072] The Acoustic Echo Cancellation (AEC) system 810 can be activated with the
operating mode selection system 814 when the mixed signal audio output 828 is reproduced
with the ECR 125 in the same ear as the ECM 123 signal used to create the mixed signal
audio output 828. The acoustic echo cancellation platform 810 can also suppress an echo of
a spoken voice generated by the wearer of the earpiece 100. This ensures against acoustic
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feedback ("howlback").

[0073] The Voice Activated System (VOX) 818 in conjunction with a de-bouncing circuit
822 activates the electronic switch 826 to control the mixed signal output 828 from the
mixing circuitry 816; the mixed signal is a combination of the left ASM signal 804 or right
ASM signal 802, with the left ECM 806 signal. Though not shown, the same arrangement
applies for the other earphone device for the right ear, if present. Note that earphones can
be used in both ears simultaneously. In a contra-lateral operating mode, as selected by
operating mode selection system 814, the ASM and ECM signal are taken from opposite
earphone devices, and the mix of these signals is reproduced with the ECR in the earphone
that is contra-lateral to the ECM signal, and the same as the ASM signal.

[0074] For instance, in the contra-lateral operating mode, the ASM signal from the Right
earphone device is mixed with the ECM signal from the left earphone device, and the audio
signal corresponding to a mix of these two signals is reproduced with the Ear Canal Receiver
(ECR) in the Right earphone device. The mixed signal audio output 828 therefore can
contain a mix of the ASM and ECM signals when the user's voice is detected by the VOX.
This mixed signal audio output can be used in loopback as a user Self-Monitor System to
allow the user to hear their own voice as reproduced with the ECR 125, or it may be
transmitted to another voice system, such as a mobile phone, walkie-talkie radio etc. The
VOX system 818 that activates the switch 826 may be one a number of VOX embodiments.
[0075] In a particular operating mode, specified by unit 814, the conditioned ASM signal is
mixed with the conditioned ECM signal with a ratio dependent on the BNL using audio signal
mixing circuitry and the method described in either FIG. 10 or FIG. 11. As the BNL
increases, then the ASM signal is mixed with the ECM signal with a decreasing level. When
the BNL is above a particular value, then a minimal level of the ASM signal is mixed with the
ECM signal. When the VOX switch 618 is active, the mixed ASM and ECM signals are then
sent to mixed signal output 828. The switch de-bouncing circuit 826 ensures against the
VOX 818 rapidly closing on and off (sometimes called chatter). This can be achieved with a
timing circuit using digital or analog electronics. For instance, with a digital system, once
the VOX has been activated, a time starts to ensure that the switch 826 is not closed again
within a given time period, e.g. 100 ms. The delay unit 824 can improve the sound quality
of the mixed signal audio output 828 by compensating for any latency in voice detection by
the VOX system 818. In some exemplary embodiments, the switch debouncing circuit 822
can be dependent by the BNL. For instance, when the BNL is high (e.g. above 85 dBA), the
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de-bouncing circuit can close the switch 826 sooner after the VOX output 818 determines
that no user speech (e.g. spoken voice) is present.

[0076] FIG. 9 is a block diagram of a method 920 for calculating background noise levels
in accordance with an exemplary embodiment. Briefly, the background noise levels can be
calculated according to different contexts, for instance, if the user is talking while audio
content is playing, if the user is talking while audio content is not playing, if the user is not
talking but audio content is playing, and if the user is not talking and no audio content is
playing. For instance, the system takes as its inputs either the ECM and/or ASM signal,
depending on the particular system configuration. If the ECM signal is used, then the
measured BNL accounts for an acoustic attenuation of the earpiece and a level of
reproduced audio content.

[0077] As illustrated, modules 922-928 provide exemplary steps for calculating a base
reference background noise level. The ECM or ASM audio input signal 922 can be buffered
923 in real-time to estimate signal parameters. An envelope detector 924 can estimate a
temporal envelope of the ASM or ECM signal. A smoothing filter 925 can minimize
abruptions in the temporal envelope. (A smoothing window 926 can be stored in memory).
An optional peak detector 927 can remove outlier peaks to further smooth the envelope. An
averaging system 928 can then estimate the average background noise level (BNL_1) from
the smoothed envelope.

[0078] If at step 929, it is determined that the signal from the ECM was used to calculate
the BNL_1, an audio content level 932 (ACL) and noise reduction rating 933 (NRR) can be
subtracted from the BNL_1 estimate to produce the updated BNL 931. This is done to
account for the audio content level reproduced by the ECR 125 that delivers acoustic audio
content to the earpiece 100, and to account for an acoustic attenuation level (i.e. Noise
Reduction Rating 933) of the earpiece. For example, if the user is listening to music, the
acoustic management module 201 takes into account the audio content level delivered to
the user when measuring the BNL. If the ECM is not used to calculate the BNL at step 929,
the previous real-time frame estimate of the BNL 930 is used.

[0079] At step 936, the acoustic management module 201 updates the BNL based on the
current measured BNL and previous BNL measurements 935. For instance, the updated BNL
937 can be a weighted estimate 934 of previous BNL estimates according to
BNL=2*previous BNL+(1-w)*current BNL, where 0<W<1. The BNL can be a slow time
weighted average of the level of the ASM and/or ECM signals, and may be weighted using a
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frequency-weighting system, e.g. to give an A-weighted SPL level.

[0080] FIG. 10 is a block diagram 1040 for mixing an external microphone signal with an
internal microphone signal based on a background noise level to produce a mixed output
signal in accordance with an exemplary embodiment. The block diagram can be
implemented by the acoustic management module 201 or the processor 121. In particular,
FIG. 10 primarily illustrates the selection of microphone filters based on the background
noise level. The microphone filters are used to condition the external and internal
microphone signals before mixing.

[0081] As shown, the filter selection module 1045 can select one or more filters to apply
to the microphone signals before mixing. For instance, the filter selection module 1045 can
apply an ASM filter 1048 to the ASM signal 1047 and an ECM filter 1051 to the ECM signal
1052 based on the background noise level 1042. The ASM and ECM filters can be retrieved
from memory based on the characteristics of the background noise. An operating mode
1046 can determine whether the ASM and ECM filters are look-up curves 1043 from
memory or filters whose coefficients are determined in real-time based on the background
noise levels.

[0082] Prior to mixing with summing unit 1049 to produce output signal 1050, the ASM
signal 1047 is filtered with ASM filter 1048, and the ECM signal 1052 is filtered with ECM
filter 1051. The filtering can be accomplished by a time-domain transversal filter (FIR-type
filter), an IIR-type filter, or with frequency-domain multiplication. The filter can be adaptive
(i.e. time variant), and the filter coefficients can be updated on a frame-by-frame basis
depending on the BNL. The filter coefficients for a particular BNL can be loaded from
computer memory using pre-defined filter curves 1043, or can be calculated using a
predefined algorithm 1044, or using a combination of both (e.g. using an interpolation
algorithm to create a filter curve for both the ASM filter 1048 and ECM filter 1051 from
predefined filters).

[0083] FIG. 11 is a block diagram for an analog circuit for mixing an external microphone
signal with an internal microphone signal based on a background noise level in accordance
with an exemplary embodiment.

[0084] In particular, FIG. 11 shows a method 1160 for the filtering of the ECM and ASM
signals using analog electronic circuitry prior to mixing. The analog circuit can process both
the ECM and ASM signals in parallel; that is, the analog components apply to both the ECM
and ASM signals. In one exemplary embodiment, the input audio signal 1161 (e.g., ECM
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signal, ASM signal) is first filtered with a fixed filter 1162. The filter response of the fixed
filter 1162 approximates a low-pass shelf filter when the input signal 1161 is an ECM signal,
and approximates a high-pass filter when the input signal 1161 is an ASM signal. In an
alternate exemplary embodiment, the filter 1162 is a unity-pass filter (i.e. no spectral
attenuation) and the gain units G1, G2 etc instead represent different analog filters. As
illustrated, the gains are fixed, though they may be adapted in other embodiments.
Depending on the BNL 1169, the filtered signal is then subjected to one of three gains; G1
1163, G2 1164, or G3 1165. (The analog circuit can include more or less than the number
of gains shown.)

[0085] For low BNLs (e.g. when BNL<L 1170, where L1 is a predetermined level threshold
1171), a G1 is determined for both the ECM signal and the ASM signal. The gain G1 for the
ECM signal is approximately zero; i.e. no ECM signal would be present in the output signal
1175. For the ASM input signal, G1 would be approximately unity for low BNL.

[0086] For medium BNLs (e.g. when BNL<L2 1172, where L2 is a predetermined level
threshold 1173), a G2 is determined for both the ECM signal and the ASM signal. The gain
G2 for the ECM signal and the ASM signal is approximately the same. In another
embodiment, the gain G2 can be frequency dependent so as to emphasize low frequency
content in the ECM and emphasize high frequency content in the ASM signal in the mix. For
high BNL; G3 1165 is high for the ECM signal, and low for the ASM signal. The switches
1166, 1167, and 1168 ensure that only one gain channel is applied to the ECM signal and
ASM signal. The gain scaled ASM signal and ECM signal are then summed at junction 1174
to produce the mixed output signal 1175.

[0087] Examples of filter response curves for three different BNL are shown in FIG. 12,
which is a table illustrating exemplary filters suitable for use with an Ambient Sound
Microphone (ASM) and Ear Canal Microphone (ECM) based on measured background noise
levels (BNL).

[0088] The basic trend for the ASM and ECM filter response at different BNLs is that at low
BNLs (e.g. <60 dBA), the ASM signal is primarily used for voice communication. At medium
BNL; ASM and ECM are mixed in a ratio depending on the BNL, though the ASM filter can
attenuate low frequencies of the ASM signal, and attenuate high frequencies of the ECM
signal. At high BNL (e.g. >85 dB), the ASM filter attenuates most al the low frequencies of
the ASM signal, and the ECM filter attenuates most all the high frequencies of the ECM
signal. In another embodiment of the Acoustic Management System, the ASM and ECM
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filters may be adjusted by the spectral profile of the background noise measurement. For
instance, if there is a large Low Frequency noise in the ambient sound field of the user, then
the ASM filter can reduce the low-frequencies of the ASM signal accordingly, and boost the
low-frequencies of the ECM signal using the ECM filter.

[0089] Where applicable, the present embodiments of the invention can be realized in
hardware, software or a combination of hardware and software. Any kind of computer
system or other apparatus adapted for carrying out the methods described herein are
suitable. A typical combination of hardware and software can be a mobile communications
device with a computer program that, when being loaded and executed, can control the
mobile communications device such that it carries out the methods described herein.
Portions of the present method and system may also be embedded in a computer program
product, which comprises all the features enabling the implementation of the methods
described herein and which when loaded in a computer system, is able to carry out these
methods.

[0090] While the present invention has been described with reference to exemplary
embodiments, it is to be understood that the invention is not limited to the disclosed
exemplary embodiments. The scope of the following claims is to be accorded the broadest
interpretation so as to encompass all modifications, equivalent structures and functions of
the relevant exemplary embodiments. Thus, the description of the invention is merely
exemplary in nature and, thus, variations that do not depart from the gist of the invention
are intended to be within the scope of the exemplary embodiments of the present invention.
Such variations are not to be regarded as a departure from the spirit and scope of the
present invention.
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Title of the Invention METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Attorney Docket Number | CONT2-16247186 Small Entity Status Claimed X

Application Type Nonprovisional

Subject Matter Utility

Total Number of Drawing Sheets (if any) 10 Suggested Figure for Publication (if any) 3
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Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

Attorney Docket Number CONT2-16247186

Application Data Sheet37 CFR1.76

Application Number

Title of Invention METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Filing By Reference:

Only complete this section when filing an application by reference under 35 U.S.C. 111(c}) and 37 CFR 1.57(a). Do not complete this section if
application papers including a specification and any drawings are being filed. Any domestic benefit or foreign priority information must be
provided in the appropriate section{s} below (i.e., "Domestic Benefit/National Stage Information” and “Foreign Priority Information”).

For the purposes of a filing date under 37 CFR 1.53(b), the description and any drawings of the present application are replaced by this
reference to the previously filed application, subject to conditions and requirements of 37 CFR 1.57(a).

Application number of the previously Filing date {YYYY-MM-DD) Intellectual Property Autherity or Country N
filed application

Publication Information:
[] Request Early Publication (Fee required at time of Request 37 CFR 1.219)

Request Not to Publish. | hereby request that the attached application not be published under 35US.C

] 122{b} and certify that the invention disclosed in the attached application has not and will not be the subject of an
application filed in another country, or under a multilateral international agreement, that requires publication at eighteen
months after filing.

Representative Information:

Representative information should be provided for all practitioners having a power of attorney in the application. Providing
this information in the Application Data Sheet does not constitute a power of attorney in the application (see 37 CFR 1.32).

Either enter Customer Number or complete the Representative Name section below. If both sections are completed the customer Number
will be used for the Representative Information during processing.

Please Select One: (® Customer Number | (O U5 Patent Practitioner ‘ (O Limited Recognition {37 CFR 11.9)
Customer Number 150139
Prefix Given Name Middle Name Family Name Suffix

Remove

Registration Number

Prefix Given Name Middle Name Family Name Suffix

Remove

Registration Number

Additional Representative Information blocks may be generated within this form by
selecting the Add button.
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PTO/AIA/14 (08-15)

Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

Attorney Docket Number CONT2-16247186

Application Data Sheet37 CFR1.76

Application Number

Title of Invention METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Domestic Benefit/National Stage Information:

This section allows for the applicant to either claim benefit under 35 U.S.C. 119(e}, 120, 121, 365(c), or 386/(c) or indicate National
Stage entry from a PCT application. Providing benefit claim information in the Application Data Sheet constitutes the specific
reference required by 35 U.S.C. 119(e) or 120, and 37 CFR 1.78.

When referring to the current application, please leave the “Application Number” field blank.

Prior Application Status | Pending

Filing or 371(c) Date
Application Number Continuity Type Prior Application Number (YYYY-MM-DD)
Continuation in part of 16247186 2019-01-14

Prior Application Status | Patented

Application .. Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
16247186 Continuation of 13956767 2013-08-01 10182289 2019-01-15

Prior Application Status | Patented

Application L. Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
13956767 Continuation of 12170171 2008-07-09 8526645 2013-09-03

Prior Application Status | Patented

Application o Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
12170171 Continuaticon in part of 12115349 2008-05-05 8081780 2011-12-20

Prior Application Status | Expired

Filing or 371(c) Date
Application Number Continuity Type Prior Application Number YYYY-MM-DD)
12115349 Claims benefit of provisional 60916271 2007-05-04

Additional Domestic Benefit/National Stage Data may be generated within this form by
selecting the Add button.

Foreign Priority Information:

This section allows for the applicant to claim priority to a foreign application. Providing this information in the application data sheet
constitutes the claim for priority as required by 35 U.S.C. 119(b) and 37 CFR 1.55. When priority is claimed to a foreign application that is eligible
for retrieval under the priority document exchange program {PDX) the information will be used by the Office to automatically attempt retrieval
pursuant to 37 CFR 1.55(i){1) and (2). Under the PDX program, applicant bears the ultimate responsibility for ensuring that a copy of the foreign
application is received by the Office from the participating foreign intellectual property office, or a certified copy of the foreign priority
application is filed, within the time period specified in 37 CFR 1.55(g)(1).
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PTO/AIA/14 (08-15)

Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

Attorney Docket Number CONT2-16247186

Application Data Sheet37 CFR1.76

Application Number

Title of Invention METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Application Number CountryI Filing Date (YYYY-MM-DD) Access Codei(if applicable)

Additional Foreign Priority Data may be generated within this form by selecting the Add
button.

Statement under 37 CFR 1.55 or 1.78 for AlA (First Inventor to File) Transition
Applications

This application (1) claims priority to or the benefit of an application filed before March 16, 2013 and (2) also

contains, or contained at any time, a claim to a claimed invention that has an effective filing date on or after March
[] 16,2013.

NOTE: By providing this statement under 37 CFR 1.55 or 1.78, this application, with a filing date on or after March

16, 2013, will be examined under the first inventor to file provisions of the AlA.
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PTO/AIA/14 (08-15)

Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

. Attorney Docket Number CONT2-16247186
Application Data Sheet37 CFR1.76

Application Number

Title of Invention METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Authorization or Opt-Out of Authorization to Permit Access:

When this Application Data Sheet is properly signed and filed with the application, applicant has provided written authority to
permit a participating foreign intellectual property (IP) office access to the instant application-as-filed (see paragraph A in
subsection 1 below) and the European Patent Office (EPO} access to any search results from the instant application {see
paragraph B in subsection 1 below).

Should applicant choose not to provide an authorization identified in subsection 1 below, applicant must opt-out of the
authorization by checking the corresponding box A or B or both in subsection 2 below.

NOTE: This section of the Application Data Sheet is ONLY reviewed and processed with the INITIAL filing of an application.
After the initial filing of an application, an Application Data Sheet cannot be used to provide or rescind authorization for access
by a foreign IP office(s). Instead, Form PTG/SB/39 or PTO/SB/69 must be used as appropriate.

1. Authorization to Permit Access by a Foreign Intellectual Property Office(s)

A. Priority Document Exchange (PDX) - Unless box A in subsection 2 {opt-out of authorization) is checked, the undersigned
hereby grants the USPTQ authority to provide the European Patent Office (EPQ}, the Japan Patent Office (JPO), the Korean
Intellectual Property Office (KIPQ), the State Intellectual Property Office of the People’s Republic of China (SIPQ}, the World
Intellectual Property Organization (WIPQ), and any other foreign intellectual property office participating with the USPTC in a
bilateral or multilateral priority document exchange agreement in which a foreign application claiming priority to the instant
patent application is filed, access to: (1) the instant patent application-as-filed and its related bibliographic data, (2) any foreign
or domestic application to which priority or benefit is claimed by the instant application and its related bibliographic data, and
(3) the date of filing of this Authorization. See 37 CFR 1.14(h}(1).

B. Search Results from U.S. Application to EPO - Unless box B in subsection 2 (opt-out of authorization) is checked, the
undersigned hereby grants the USPTO authority to provide the EPO access to the bibliographic data and search results from
the instant patent application when a European patent application claiming priority to the instant patent application is filed. See
37 CFR 1.14¢h)(2).

The applicant is reminded that the EPO’s Rule 141(1) EPC (European Patent Convention) requires applicants to submit a copy of
search results from the instant application without delay in a European patent application that claims priority to the instant
application.

2. Opt-Out of Authorizations to Permit Access by a Foreign Intellectual Property Office(s)

A. Applicant DOES NOT authorize the USPTO to permit a participating foreign IP office access to the instant
[ ] application-as-filed. If this box is checked, the USPTO will not be providing a participating foreign IP office with any
documents and information identified in subsection 1A above.

n B. Applicant DOES NOT authorize the USPTO to transmit to the EPO any search results from the instant patent
application. If this box is checked, the USPTO will not be providing the EPO with search results from the instant application.

NOTE: Once the application has published or is otherwise publicly available, the USPTO may provide access to the application in
accordance with 37 CFR 1.14.
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Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

Attorney Docket Number CONT2-16247186

Application Data Sheet37 CFR1.76

Application Number

Title of Invention METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Applicant Information:

Providing assignment information in this section does not substitute for compliance with any requirement of part 3 of Title 37 of CFR to have
an assignment recorded by the Office.

Applicant 1

If the applicant is the inventor (or the remaining jeint inventor or inventors under 37 CFR 1.45), this section should not be completed. The
information to be provided in this section is the name and address of the legal representative who is the applicant under 37 CFR 1.43; or the
name and address of the assignee, person to whom the inventor is under an obligation to assign the invention, or person who otherwise shows
sufficient proprietary interest in the matter who is the applicant under 37 CFR 1.46. If the applicant is an applicant under 37 CFR 1.46 (assignee,
person to whom the inventor is obligated to assign, or person whe otherwise shows sufficient proprietary interest) together with one or more
joint inventors, then the joint inventor or inventors who are also the applicant should be identified in this section.

O Assignee O Legal Representative under 35 US.C. 117 O Joint Inventor

@ Person to whom the inventor is cbligated to assign. O Person who shows sufficient proprietary interest

If applicant is the legal representative, indicate the authority to file the patent application, the inventor is:

Name of the Deceased or Legally Incapacitated Inventor:

If the Applicant is an Organization check here. X

Organization Name

Staton Techiya LLC

Mailing Address Information For Applicant:

Address 1 2500 NE 35th Street

Address 2

City Lighthouse Point State/Province FL
CountryI us Postal Code 33064
Phone Number Fax Number

Email Address Daniel@techiya.co

Additional Applicant Data may be generated within this form by selecting the Add button.
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Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

. Attorney Docket Number CONT2-16247186
Application Data Sheet37 CFR1.76

Application Number

Title of Invention METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Assignee Information including Non-Applicant Assignee Information:

Providing assignment information in this section does not substitute for compliance with any requirement of part 3 of Title 37 of
CFR to have an assignment recorded by the Office.

Assignee 1
Complete this section if assighee informaticn, including non-applicant assignee information, is desired to be included on the patent application
publication. An assignee-applicant identified in the "Applicant Information" section will appear on the patent application publication as an

applicant. For an assignee-applicant, complete this section only if identification as an assignee is also desired on the patent application
publication.

If the Assignee or Non-Applicant Assignee is an Organization check here. X

Organization Name

Staton Techiya LLC

Mailing Address Information For Assignee including Non-Applicant Assignee:

Address 1 2500 NE 35th Street
Address 2

City Lighthouse Point State/Province FL

Country i us Postal Code 33064

Phone Number Fax Number

Email Address Daniel@techiya.co

Additional Assignee or Non-Applicant Assignee Data may be generated within this form by
selecting the Add button.
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U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE
Under the Paperwork Reduction Act of 1595, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

Application Data Sheet37 CFR1.76

Attorney Docket Number

CONT2-16247186

Application Number

Title of Invention

METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Signature:

NOTE: This Application Data Sheet must be signed in accordance with 37 CFR 1.33(b). However, if this Application Data Sheet
is submitted with the INITIAL filing of the application and either box A or B is not checked in subsection 2 of the
“Authorization or Opt-Out of Authorization to Permit Access” section, then this form must also be signed in accordance
with 37 CFR 1.14(c).
This Application Data Sheet must be signed by a patent practitioner if one or more of the applicants is a juristic entity (e.
g.. corporation or association). If the applicant is two or more joint inventors, this form must be signed by a patent practitioner,
all joint inventors who are the applicant, or one or more joint inventor-applicants who have been given power of attorney {e.g.,
see USPTO Form PTO/AIA/81) on behalf of all joint inventor-applicants.

See 37 CFR 1.4(d) for the manner of making signatures and certifications.

Signature

Hohn Keady/

Date (YYYY-MM-DD}

First Name

John

Last Name

Keady

Registration Number

56389

Additional Signature may be generated within this form by selecting the Add button.
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PTQ/AIAGT {06412}

Appraved Tar use theough 11/80/2020, OMB 0651-0032

.S, Patent and Teademark Office; 1.8, DEPARTMERT OF COMMERCE

Under the Paperwork Reduction Act of 1988, no persons are requived 10 respend {0 @ catiection of information uniess i displays & vatid OMB control number,

DECLARATION (37 CFR 1.63) FOR UTILITY OR DESIGN APPLICATION USING AN

APPLICATION DATA SHEET (37 CFR 1.78)

Titeof | METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Invention |

Asthe helow named inventor, | hereby declare that:

This declaration l

s directed to- The attached application, or

13/956,767

@ United States application or PCT intemational application number
August 1, 2013

filed on

The above-identified application was made or authorized to be made by me,

i befieve that | any the original inventor of an osiginal joint inventor of & dlaimed invention in the application.

| hereby acknowledge that aby willful false statement made in this declaration is punishable under 18 U.S.C. 1001
by fina or imprisonmant of not more than five (5) years, or both.

WARNING:

Petitionerfapplicant is cautioned to avoid submitting persanal information in documents fifed in a patent application that may
contribute to identity theft. Personal information such as social security numbers, bank account numbers, or credit card numbers
{other than a check or credit card agthorization form PTO-3038 submilted for payment purposss) is never required by the USPTO
te support a petition or ar application. i thix type of personal information is included i documents schmitted 1o the USPTO,
petilionersfapplicants should consider redacting such personal information from the dociments befors submitting them to the
USPTO. Petiionerfapplicant is advised that the record of a patent application is available fo the public after publication of the
application (unless a non-publication request in-compliance with 37 CFR 1.213(a) is made in the application) or issuance of 2
patent. Furthemmore, the record from an abandoned application may alse be available to the public if the application is
referenced in @ published application or an issued patent (see 37 CFR 1.14). Checks and credit card awthorization forms
PTO-2038 submitted for payment purpases are not retained in the application file and therefore are not publicly available.

LEGAL NAME OF INVENTOR

v&v/}'s’-‘
<3

1.2
e

fnventor:

Jason Mcintosﬁ Date (Optionaly.__{ {7 ¢

Signature;

Note: An application data sheet (PTO/SBI4 of squivalent), including naming the satire inventive entity, must acconmpany this form or must have
been previously fited. Use an additional PTO/AIADT form for esch additional inventor.

This collection of information is required by 35 1.8, 195'and 37 CFR 1.83. The information‘is required to obtain or retain a bensfit by the public which is to file (angd
by the USPTO i process) an application. Confidentiality is governed by 35 U.8.C. 122 and 37 CFR 1.1 and 1.14. This collection is sxtimates toltake 1 mings to
complets, including gathering. preparing, and submitting the completed application form 1o the USPTD. Time wi vary depending upon the individual case. Ay
cormmens on the amount of tirme you reguirs to complets tis form and/or suggastions for reducing this burden, should be sent o the Chiet information Officer, 1.5,
Patent and Trademark Office, U.S. Departnent of Commercs, P.0O. Box 1458, Alaxandsia, VA 22343-1450, DO NOT SEND FEES OR COMPLETED FORME TQ
THIS ADDRESS. SEND TO: Conunissioner for Patents, P.O. Box 1488, Alexandria, VA 22313-1450.

i you need assisiance in compipting the form, ¢alt1-800-PT3-6193 and sefect optica 2.
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Approved for use through 11/30/2020. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it displays a valid OMB control number.

DECLARATION (37 CFR 1.63) FOR UTILITY OR DESIGN APPLICATION USING AN
APPLICATION DATA SHEET (37 CFR 1.76)

Title of METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Invention

As the below named inventor, | hereby declare that:

This declaration .
is directed to: |:| The attached application, or

United States application or PCT international application number 13/856,767

August 1, 2013

filed on

The above-identified application was made or authorized to be made by me.

| believe that | am the original inventor or an original joint inventor of a claimed invention in the application.

| hereby acknowledge that any willful false statement made in this declaration is punishable under 18 U.S.C. 1001
by fine or imprisonment of not more than five (5) years, or both.

WARNING:

Petitioner/applicant is cautioned to avoid submitting personal information in documents filed in a patent application that may
contribute to identity theft. Personal information such as social security numbers, bank account numbers, or credit card numbers
(other than a check or credit card authorization form PTO-2038 submitted for payment purposes) is never required by the USPTO
to support a petition or an application. If this type of personal information is included in documents submitted to the USPTO,
petitioners/applicants should consider redacting such personal information from the documents before submitting them to the
USPTO. Petitioner/applicant is advised that the record of a patent application is available to the public after publication of the
application (unless a non-publication request in compliance with 37 CFR 1.213(a) is made in the application) or issuance of a
patent. Furthermore, the record from an abandoned application may also be available to the public if the application is
referenced in a published application or an issued patent (see 37 CFR 1.14). Checks and credit card authorization forms
PTO-2038 submitted for payment purposes are not retained in the application file and therefore are not publicly available.

LEGAL NAME OF INVENTOR
John Usher Date (Optional) :

Note: An application data sheet (PTO/SB/14 or equivalent), including naming the entire inventive entity, must accompany this form or must have
been previously filed. Use an additional PTO/AIA/01 form for each additional inventor.

Inventor:

Signature:

This collection of information is required by 35 U.S.C. 115 and 37 CFR 1.63. 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 1.11 and 1.14. This collection is estimated to take 1 minute 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.

If you need assistance in completing the form, call 1-800-PTO-9199 and select option 2.
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U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it displays a valid OMB control number.

DECLARATION (37 CFR 1.63) FOR UTILITY OR DESIGN APPLICATION USING AN
APPLICATION DATA SHEET (37 CFR 1.76)

Title of METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Invention

As the below named inventor, | hereby declare that:

This declaration .
is directed to: |:| The attached application, or

13/956,767

|i| United States application or PCT international application number
August 1, 2013

filed on

The above-identified application was made or authorized to be made by me.

| believe that | am the original inventor or an original joint inventor of a claimed invention in the application.

| hereby acknowledge that any willful false statement made in this declaration is punishable under 18 U.S.C. 1001
by fine or imprisonment of not more than five (5) years, or both.

WARNING:

Petitioner/applicant is cautioned to avoid submitting personal information in documents filed in a patent application that may
contribute to identity theft. Personal information such as social security numbers, bank account numbers, or credit card numbers
(other than a check or credit card authorization form PTO-2038 submitted for payment purposes) is never required by the USPTO
to support a petition or an application. If this type of personal information is included in documents submitted to the USPTO,
petitioners/applicants should consider redacting such personal information from the documents before submitting them to the
USPTO. Petitioner/applicant is advised that the record of a patent application is available to the public after publication of the
application (unless a non-publication request in compliance with 37 CFR 1.213(a) is made in the application) or issuance of a
patent. Furthermore, the record from an abandoned application may also be available to the public if the application is
referenced in a published application or an issued patent (see 37 CFR 1.14). Checks and credit card authorization forms
PTO-2038 submitted for payment purposes are not retained in the application file and therefore are not publicly available.

LEGAL NAME OF INVENTOR

Inventor: Steven Wayﬂe Goldstein Date (Optional) :

Signature: Sm g;&&fifw

Note: An application data sheet (PTO/SB/14 or equivalent), including naming the entire inventive entity, must accompany this form or must have
been previously filed. Use an additional PTO/AIA/01 form for each additional inventor.

This collection of information is required by 35 U.S.C. 115 and 37 CFR 1.63. 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 1.11 and 1.14. This collection is estimated to take 1 minute 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.

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

Exhibit 1004
Page 1237 of 1251



PTOMAISNT (08-12)

Approved for see through 19/302020, OMB 510032

U.8, Patart and Trademak Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwerk Reduction Act of 1995, no persons are required i respond to a oufiection of information urtess it dispisys a valid OMB sontrol numbsr.

¢ DECLARATION (37 CFR 1.63) FOR UTILITY OR DESIGN APPLICATION USING AN
APPLICATION DATA SHEET (37 CFR 1.78)

\‘v\\;\\“\\“\\ oo "

METHOD AND DEVICE FOR IN EAR CANAL ECHO SUPPRESSION

Title of
invention

This declaration s -
is dirented fo; D The aitached application, or

P et

13/956,767

United States application or PCT international application number

August 1, 2013

filed on

The above-identified application was made or autharized o be made by me.

| believe that [ am the original inventor or an original joint inventor of a claimad invention in the application.

) hareby asknowledge that any willful false statement made in this declaration is punishabie under 18 U.8.C. 1004
by fine or imprisonment of not morae than five (8) years, of both.

WARNING:

Petitioner/applicant is cautionad to avoid submilting personal information in documents filed in a patent application that may
contribute to identity theR. Personal information such as social security numbers, bank account numbers, or oredit card numbers §
 (other than a check or cradit card authorization form PTO-2038 submitted for payment putposes) is never requited by the USPTO
1o support 2 petition or an application. If this type of personal information is included in documents submited to the USPTS,
petitioners/applicants should consider redacting such personal information from the documents befors submiliing them to the
USPTO. Pelitioner/applicant is advised that the record of a patent application is available io the public after publication of the
application (unless a non-publication request in cumpliance with 37 CFR 1.213(a) is made in the appiication) or issuanos of 8
patent. Furthermore, the record from an abandonad application may alsc be available o the public if the application is
refergnced in a published application or an issusd patent (see 37 CFR 1.14). Checks and credit card authorization forms
PTO-E038 submitiad for payment purposes are not retained in the application file and therefore are not publicly available.

LEGAL NAME OF INVENTOR

invenior

Marc A”%’}@Wﬁm ) . . Bate {Optional} !

SRNETENRE

Signabuire:

E

Note: An application data shest (PTO/SEM4 or squivalent), including naming the entire inventive entity, must accompany this farm or must have
been praviously filed. Use an additionsl PTO/AIADT form for sach additional invenior

This coftection of information is required by 35 U.8.0. 115 and 37 CFR 1.83, The infarmation is required to oblain of retain a benef by the putlic which is fo file (ang
by the USFTO s process cating, Confidentiality is governed by 38 U.S.C. 122 and 37 CFR 1,11 and 1,14, This collection is estimated fo take 1 minute o
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ABSTRACT
An earpiece (100) and acoustic management module (300) for in-ear canal echo suppression
control suitable is provided. The earpiece can include an Ambient Sound Microphone (111) to
capture ambient sound, an Ear Canal Receiver (125) to deliver audio content to an ear canal, an
Ear Canal Microphone (123) configured to capture internal sound, and a processor (121) to
generate a voice activity level (622) and suppress an echo of spoken voice in the electronic
internal signal, and mix an electronic ambient signal with an electronic internal signal in a ratio
dependent on the voice activity level and a background noise level to produce a mixed signal

(323) that is delivered to the ear canal (131).

474954271
24

Exhibit 1004
Page 1239 of 1251



Attomey Docket No. CONT2-16247186

CLAIMS
We claim:
1. An earphone configured to use multiple microphones for noise control, comprising:
a first ambient microphone configured to generate a first ambient signal;
a second ambient microphone configured fo generate a second ambient signal;
an ear canal microphone configured to generate an ear canal signal,
a speaker;
an eartip, configured to seal the earphone between a first side and a second side of the
earphone;
a memory that stores instructions; and
a processor, wherein the processor is operatively connected to the ambient microphone,
wherein the processor is operatively connected to the ear canal microphone, wherein the processor
is operatively connected to the speaker, wherein the processor is operatively connected to the
memory, wherein the processor is configured to execute the instructions to perform operations, the
operations comprising:
receiving a first microphone signal, wherein the first microphone signal is at least
one of the first ambient signal or a modified first ambient signal;
receiving a second microphone signal, wherein the second microphone signal is at
least one of the ear canal signal or a modified ear canal signal
generating a background noise reduction signal using the first and second
microphone signals; and

sending the background notse reduction signal to the speaker.

2. The earphone according to claim 1, wherein the operations further comprise:

sending an audio content signal to the speaker.

3. The earphone according to claim 1, wherein the operations further comprise:
generating an ambient signal from at least one of the first ambient signal or the

second ambient signal or a combination of both.

4. The earphone according to claim 3, wherein the operations further comprise:

sending a modified ambient signal to the speaker.
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5. The carphone according fo claim 4, where the modified ambient signal is the ambient signal.

6. The earphone according to claim 4, wherein the operations further comprise:

generating the modified ambient signal by filtering the ambient signal.

7. The earphone according to claim 3, wherein the operations further comprise:

sending a modified audio content signal to the speaker.

8. The earphone according to claim 7, wherein the operations further comprise:
generating the modified audio content signal by combining an audio content signal

with the modified ambient signal.

9. The earphone according to claim 4, wherein the operations further comprise:
generating a modified ambient signal by filtering the ambient signal and modifying

an amplitude of at least one frequency of the ambient signal.

10. The earphone according to claim B, wherein the step of combining includes combining the

audio signal and the modified ambient signal at a predetermined ratio value.

11. The earphone according to claim 10, where the ratio value is multiplied by the modified

ambient signal prior to combining with the audio signal.

12. The earphone according to clair 3, wherein the operations further comprise:
analyzing at least one of the ambient signal or the ear canal signal or a combination

of both, to detect a user’s voice.

13. The earphone according to claim 12, wherein the operations further comprise:
analyzing at least one of the ambient signal or the ear canal signal or a combination

of both, to generate a voice activity level.

14. The earphone according to claim 13, wherein the operations further comprise:
sending an audio content signal to the speaker if the voice activity level is below a

predetermined threshold.

]
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