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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

Petitioners' Exhibit 1004
Page 400 of 779



WO 2012/097150 PCT/US2012/021077

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

Petitioners' Exhibit 1004
Page 404 of 779



WO 2012/097150 PCT/US2012/021077

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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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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PTO/SB/08a (02-18)

Doc code: IDS Approved for use through 11/30/2020. OMB 0651-0031
Doc description: Information Disclosure Statement (IDS) Filed 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.

17736180
P022-05-04

Application Number

Filing Date

INFORMATION DISCLOSURE

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

First Named Inventor | Steven Goldstein

Art Unit | 2654

Examiner Name | UNKNOWN

| CONT-17203731

Attorney Docket Number

U.S.PATENTS Remove
. . . . Pages,Columns,Lines where
E)_(gm:ner Cite Patent Number Kind Issue Date Na”."e of Patentee or Applicant Relevant Passages or Relevant
Initial No Code!’ of cited Document )
Figures Appear
1 B045840 P311-10-25 Murata
If you wish to add additional U.S. Patent citation information please click the Add button. Add

U_S.PATENT APPLICATION PUBLICATIONS Remove
Pages,Columns,Lines where
Relevant Passages or Relevant
Figures Appear

Kind
Code?

Publication
Number

Examiner,
Initial*

Publication
Date

Name of Patentee or Applicant

Cite No of cited Document

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 Code?j Code#| Date PR Passages or Relevant
Document .
Figures Appear
1 P006054698 WO 2006-05-26 |Murata X
2 009023784 | o) 2009-02-19 lUsher ]
3 P012097150 WO 2012-07-19 LIsher |:|
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INFORMATION DISCLOSURE

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

Application Number 17736180
Filing Date 2022-05-04
First Named Inventor | Steven Goldstein
Art Unit | 2654
Examiner Name | UNKNOWN

Attorney Docket Number

| CONT-17203731

4 HO877468 P 1996-03-22 Keizaburo
5 H10162283 P 1998-06-19 |Masahiro
6 FP1519625 EP A2 Victorian
7 006037196 WO A1l Mejia et al.
8 FP1401240 FP Uensen
9 008050583 WO Kitada
10 PO07092660 Wwo Moberly
11 004114722 | o) Pedersen
12 FP1385324 FP Pedersen
13 FP1640972 EP PDijkstra
If you wish to add additional Foreign Patent Document citation information please click the Add button | Add
NON-PATENT LITERATURE DOCUMENTS \M}
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INFORMATION DISCLOSURE

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

Application Number 17736180

Filing Date 2022-05-04

First Named Inventor | Steven Goldstein

Art Unit | 2654

Examiner Name | UNKNOWN

Attorney Docket Number |CONT-17203731

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. McCool, John Kaunitz, Charles S. Williams, Robert H. Heamn, 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
OF 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 Signhature 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 17736180

Filing Date 2022-05-04

INFORMATION DISCLOSURE

First Named Inventor | Steven Goldstein

STATEMENT BY APPLICANT

o Art Unit | 2654
( Not for submission under 37 CFR 1.99)

Examiner Name | UNKNOWN

Attorney Docket Number |CONT-17203731

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) 2022-07-01
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.

EFS Web 2.1.18

Petitioners' Exhibit 1004
Page 439 of 779




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 17736180
Filing Date P022-05-04
First Named Inventor | Steven Goldstein
Art Unit | 2654
Examiner Name | UNKNCOWN

Attorney Docket Number

| CONT-17203731

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 17736180

Filing Date 2022-05-04
First Named Inventor | Steven Goldstein
Art Unit | 2654
Examiner Name | UNKNOWN

Attorney Docket Number |CONT-17203731

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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Application Number

17736180

INFORMATION DISCLOSURE

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

Filing Date 2022-05-04
First Named Inventor | Steven Goldstein
Art Unit | 2654
Examiner Name | UNKNOWN

Attorney Docket Number

| CONT-17203731

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 17736180
Filing Date 2022-05-04
First Named Inventor | Steven Goldstein
Art Unit | 2654
Examiner Name | UNKNOWN

Attorney Docket Number |CONT-17203731

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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Application Number 17736180

Filing Date 2022-05-04

INFORMATION DISCLOSURE
STATEMENT BY APPLICANT

First Named Inventor | Steven Goldstein

o Art Unit | 2654
( Not for submission under 37 CFR 1.99)

Examiner Name | UNKNOWN

Attorney Docket Number |CONT-17203731

42 7050592 P006-05-23 Iseberg
43 B401200 P313-03-19 Tiscareno
44 0196247 P015-11-24 Harada
45 7574917 P009-08-18 \Von Dach
46 h276740 [1994-01-04 Jnanaga 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
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 D00B0037801 D008-02-14 Mlves et al.
3 0060204014 P006-09-14 Isenberg et al.
4 0050078838 P005-04-14 Simon
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INFORMATION DISCLOSURE

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

Application Number 17736180
Filing Date 2022-05-04
First Named Inventor | Steven Goldstein
Art Unit | 2654
Examiner Name | UNKNOWN

Attorney Docket Number |CONT-17203731

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 17736180

Filing Date 2022-05-04
First Named Inventor | Steven Goldstein
Art Unit | 2654
Examiner Name | UNKNOWN

Attorney Docket Number |CONT-17203731

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 17736180

Filing Date 2022-05-04
First Named Inventor | Steven Goldstein
Art Unit | 2654
Examiner Name | UNKNOWN

Attorney Docket Number |CONT-17203731

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 17736180
Filing Date 2022-05-04

INFORMATION DISCLOSURE

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

First Named Inventor | Steven Goldstein

Art Unit | 2654

Examiner Name | UNKNOWN

Attorney Docket Number | CONT-17203731

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.
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Application Number 17736180

Filing Date 2022-05-04

INFORMATION DISCLOSURE

First Named Inventor | Steven Goldstein

STATEMENT BY APPLICANT

o Art Unit | 2654
( Not for submission under 37 CFR 1.99)

Examiner Name | UNKNOWN

Attorney Docket Number |CONT-17203731

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) 2022-07-01
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
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Description
Field of the invention

[0001] The invention relates generally to enhancing
speech quality in a telecommunications system, and
more specifically to reducing the effect of background
noise in the communication between users.

Background of the invention

[0002] Due totherecentexplosive increase in the mo-
bile device penetration, it is no more surprising to see
people going on the sidewalk or pedestrian area with a
mobile phone on their ear. The mobile phone is consid-
ered as a practical tool and it is supposed to be carried
with to almost anywhere. People are supplied with
means for being within reach in principle independently
of time and location. As a consequence it may some-
times happen that the surroundings are not optimal for
convenient telephoning. In fact, the sight of people trying
to make a phone call in noisy places, such as restau-
rants or street corners, is getting more common all the
time.

[0003] Technically, to provide the user with a micro-
phone system which operates in a difficult acoustic en-
vironment has not been a difficult task in many years.
For example, U.S. patent 5,327,506 discloses a speak-
er/microphone system that should be applicable in
background noise levels up to far beyond over 100 dec-
ibels. Such a system is suitable for persons in high am-
bient noise environments, such as for helicopter pilots.
The idea in 506 is that the outgoing voice sounds are
taken from the air within the external auditory canal of
a person while substantially eliminating audio vibration
pickup of sound transmitted by bone conduction.
[0004] Another approach for high background noise
microphone arrangements is found in U.S. patent
5,659,620. Here the microphone holder is designed for
arrangement in its entirety in the outer ear outside the
auditory meatus, and the microphone unit being mount-
ed in vibration transmitting tissue contact in a part of the
edge of the holder facing the bottom of tragus. As one
of the benefits, all surround tones are not cut off thus
increasing the comfort of wearing such a device. When
people talk, vibrations in the throat and vocal cords are
generated. The vibrations propagate through the bony
and liquid-filled tissue, and the idea in 620 is that the
jawbone which passes near the front part of the outer
ear produces a strong transmission and transfers con-
siderably more of the persons speech than if the signal
were collected in the throat.

[0005] The idea of getting almost a background free
aural image from inside the ear has also been adapted
within the area of mobile communications, as illustrated
in the international patent application WO 02/07477. In
order to reduce and isolate bone conduction of sound,
a sound isolation cup serves as a jacket that surrounds
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a miniature transducer inside the housing of a micro-
phone/loudspeaker element that is placed in the ear.
[0006] However, under low background noise circum-
stances, the solutions above suffer from a poorer acous-
tical quality than an ordinary microphone system. In the
620 approach discussed above, the low spectrum dom-
inates the transmitted sound spectrum because of the
acoustical properties of the tissue. This means that in
order to keep the sound quality acceptable, or at least
to have a proper balance in the sound, the low frequen-
cies have to be filtered. In the other two approaches dis-
cussed above, because the acoustic conduct from the
speech producing organs to the ear is far from optimal,
the sound quality gets badly distorted. Hence, prior art
solutions can only be considered as enabling solutions,
and in order to keep in pace with the challenging market,
the wishes of the quality-conscious consumers of a mo-
bile device with a good sound quality and a possibility
to use the device also under high background noise con-
ditions need to be fulfilled. The prior art solutions do not
serve this purpose.

[0007] It is an object of the invention to bring about a
system and method which provides the users of mobile
devices with the best possible audio quality under high
background noise circumstances and otherwise reduc-
es the effect of the background noise.

Summary of the invention

[0008] This and other objectives of the invention are
accomplished in accordance with the principles of the
present invention by providing a system in which the
processing of collected audio information is changed ac-
cording to the estimated level of background noise thus
reducing its overall effect.

[0009] More specifically, audio information is collect-
ed with two transducers having different sensitivity to the
background noise. The background noise is estimated
and i) amplification gain of the signals is modified before
the signals are combined to a combined signal, or ii) the
way of combining the signals is changed, which can be
done either digitally or analogously.

[0010] According to the first embodiment of the inven-
tion, gain of at least one of the amplifiers adapted to am-
plify the detected signal is adjusted based on the noise
estimate. The signal is then amplified using the adjusted
gain thus producing at least one amplified signal. After
this step, a combined signal is constructed from one or
more of the amplified signals, and in the combined sig-
nal, the proportion of background noise is less than in
one of the detected signals.

[0011] According to one aspect of the present inven-
tion, the system has also storage means for storing at
least one noise estimate, and, correspondingly, also
comparison means to compare said stored noise esti-
mate with a predefined threshold value. After the com-
parison, a differential noise estimate is passed to gain
control means.
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[0012] According to another aspect of the present in-
vention, the system comprises storage means for stor-
ing at least two gain control parameters and comparison
means for comparing at least two stored gain control pa-
rameters. The result of the comparison may be a differ-
ential gain parameter to be passed to the amplification
means.

[0013] According to another aspect of the present in-
vention, the gain control is adjusted to change the gain
between the first and second microphones so that the
gain of the first microphone is increased whereas the
gain of the second microphone is decreased if the noise
estimate indicates that the background noise level is
above a first threshold value. Further, the gain control
can be adjusted to change the gain of the second mi-
crophone substantially close to zero value if the back-
ground noise estimate shows that the background noise
level is above a second threshold value. Respectively,
they can be adapted to adjust the relative gain of the
first microphone substantially close to one if the back-
ground noise estimate shows that the background noise
level is above a pre-set threshold value.

[0014] In one preferred embodiment of the invention
the first microphone is to be placed in the auditory canal
of a user of the mobile handset; also a jawbone micro-
phone can be used. The second microphone may be a
microphone mounted in the mobile handset or in a ve-
hicle, or it may be fixed in a hands-free set of a mobile
handset. Examples of such mobile handsets where the
invention may be used are mobile phones, PDA devic-
es, laptop computers, dictation machines and so forth.

Brief Description of the Drawings

[0015] In the following, the invention and its preferred
embodiments are described more closely referring to
the examples shown in FIG. 1-7 in the appended draw-
ings, wherein:

FIG. 1 illustrates one system for reducing the effect
of background noise,

FIG. 2 illustrates another system for reducing the
effect of background noise,

FIG. 3 shows one microphone set-up according to
a preferred embodiment of the invention,

FIG. 4A  shows another microphone set-up accord-
ing to another preferred embodiment of the
invention,

FIG. 4B illustrates a variation of the set-up shown in
FIG. 4A,

FIG. 5 shows one audio data collection set-up in-

cluding two microphones,
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FIG. 6 illustrates the relationship between noise
level estimate and gains with which the sig-
nals detected by the microphones are am-
plified, and

FIG.7 illustrates how a switch can be included into

the system.
Detailed description of the invention

[0016] FIG. 1 illustrates a first system for reducing the
effect of background noise, for example, in a micro-
phone. Mechanical vibrations or pressure variations,
preferably originating from speech Sp distorted by
noise, is collected with a first transducer serving as a
microphone 101, producing a signal $4 which is then
amplified with a gain g4 using an amplifier 102 to pro-
duce an amplified signal g48,. The system also includes
another microphone 103 and a corresponding amplifier
106, the microphone 103 similarly being exposed to
speech §, and background noise and producing first a
signal S, which is after amplification denoted by g,S,,
where g, corresponds to the gain of the amplifier 106.
Both microphones 101 and 103 are transducers that
convert acoustical or mechanical vibrations to an elec-
tric signal, i.e. normally to a small current, and they ex-
hibit different sensitivity to background noise. The rea-
son for the different noise sensitivity may be that the first
microphone 101 is a bone conductor microphone or an
earplug type microphone, whereas the second micro-
phone 103 is a normal type transducer commonly used
as a microphone in mobile terminals, and therefore
more sensitive to noise than the aforementioned types
of microphones.

[0017] Preferably, the microphones 101 and 103 are
assembled to receive human speech Sp, and in partic-
ular such a speech that is going to be further processed
in a mobile terminal to be sent to a remote party of the
discussion. It is by no means necessary that the speech
S, to be collected by the microphone (101 or 103) is
originating from a single person, but may be originating
from a conference call etc.

[0018] The output signals §; and S, of the micro-
phones 101 and 103 are transmitted to a noise estimator
104 which includes means adapted to estimate back-
ground noise level thus producing noise estimates NE,
and NE,. The noise level can be estimated for both mi-
crophones 101 and 103 separately, the output signals
S1 and S2 of both microphones 101 and 103 may be
used to obtain a combined signal from which the noise
is estimated, or only the output of the microphone 103
more sensitive to background noise may be used for
noise estimation. In the latter two cases only one noise
estimate is produced.

[0019] Forexample, the noise estimation can be done
by averaging short periods of the signal 81 or S2. During
a silent period, i.e. when the user does not speak, the
measured signal level is a good approximation of the
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background noise. This kind of approach is commonly
used in the Discontinuous Transmission DTX widely
used in the Global System for Mobile communications
GSM, when instead of the coded silence only so called
DTX parameters describing the nature of the back-
ground noise are sent, thus reducing obsolete usage of
the air interface. The DTX parameters are received in
the remote end or in the network between persons talk-
ing to each other and some noise similar to background
is generated, calling this generated noise Comfort
Noise. The idea of Comfort Noise comes from the ob-
servation that if during a telephone conversation the
loudspeaker gets silent while one person is talking, he
or she does not feel comfortable. Modern GSM mobile
phones, for example, thus already have means for es-
timating and describing background noise. Similar
means can be applied in the noise estimator 104 for
serving the implementation of the invention.

[0020] The noise estimates NE4 and NE, generated
are passed to a gain control means 105. The gain con-
trol means 105 adjust the gain g4, g, of the both ampli-
fiers 102 and 106. In the adjustment, a noise estimate
NE, or NE, is used to determine the desired amplifica-
tion gain. For this purpose the system may include stor-
age means for noise-amplification relationships, includ-
ing means 108 and 109, e.g. tables or functions which
respond with a desired gain level g, to a query including
a corresponding noise level NE,. For example, means
108 return a gain value g, in response to noise estimate
NE,, and means 109 return a gain value g, in response
to noise estimate NE,.

[0021] Inotherwords, means 108 and 109 tell the gain
control means 105 what is the optimal relation between
a noise estimate NE, and an amplifier gain g,. Means
108 and 109 are preferably microphone specific, i.e.
there are two tables in the system. The gain control
means 105 get the noise estimate NE,, retrieve the gain
values g, corresponding the estimate of present noise
NE, and determine how the gain g4 and g, of the am-
plifiers 102 and 106 is to be adjusted. In principle, the
gain values g4 and g, get values between 0 and 1 so
thatg, + g, =1.

[0022] After passing the gain adjustment information
g4 and g, to the amplifiers 102 and 106, the amplifiers
amplify the signals S; and S, using the amplifier gain
set based on the gain adjustment information. After am-
plifying, a combined signal S is constructed in the com-
bining means 107, the construction being made using
the amplified signals g484 and g,S,. This may include
changing the delay and phase of at least one of the sig-
nals g, S, so that the distortion resulting from the ampli-
fication and the signal path is minimised, and finally
summing up the signals g,S, so that the combined sig-
nal S represents a linear combination of the signals S,
and S, detected by the microphones 101 and 103. This
constructed signal S is then ready for being processed
further, including all of the numerous steps necessary
for transmitting the audio information over the air inter-
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face. The combined signal S has a smaller proportion
of background noise than the output signal S, of micro-
phone 103 collected. In this way the effect of back-
ground noise can be reduced.

[0023] Preferably, the tables 108 and 109 are gener-
ated so that corresponding to a change ANE
(=NE{=,-NE{=4) in the noise level NE, there is a corre-
sponding change Ag (=0i=>-9¢=11) in the gain value g,.
As characteristic to one aspect of the present invention,
the gain adjustments of the amplifiers 102, 106 are op-
posed to each other; i.e. when the background noise is
increasing, the gain g4 of the signal detected by the first
(low-noise) microphone 101 is increased whereas the
gain g, of the signal detected by the second (more sen-
sitive to background noise) microphone 103 is de-
creased. It is favourable to normalise the gains so that
the relative gain for the both microphones equals to 1.
[0024] In other words, the means 108 and 109 are
modified to correspond to the different noise behaviour
of the two transducers so that the linear combination of
the signals S = g48 + g,8, detected by the two trans-
ducers serving as microphones 101 and 103 can be
subjectively (by listening) considered optimal. This may
include different threshold values: The first threshold
value corresponds to the value of at least one of the
noise estimates, at which value the quality of signal S,
of the second microphone 103 that is more sensitive to
background noise starts to deteriorate; this is the point
where the relative gain of the first microphone 101 is
increased from substantially zero gain value to a small
value. The second threshold value corresponds to the
value of at least one of the noise estimates NE, at which
the quality of the detected signal of the second micro-
phone 103 is so much worse than the quality of the sig-
nal 8, detected by the first microphone 101 that the rel-
ative gain g, of the second microphone 103 is set to
substantially zero gain.

[0025] As an example, if the first microphone detects
a background noise level of 2,0 mV (corresponding to a
noise 70 dB) and the second microphone detects a
background noise level of 5,0 mV (corresponding to a
noise of 72 dB), the average noise level estimated in the
noise estimator may be between 70 and 72 dB. The rel-
ative gains for the microphones read from the table are
then 0,4 and 0,6, respectively. This is not straightfor-
ward, because the sensitivity of the microphone plays a
significant role; the signal levels may need to be adjust-
ed to correspond some reference level. The relative
gains are then to be understood against this reference
level only.

[0026] When the detected background noise jumps to
2,2 mV (71 dB) and 7,0 mV (76 dB), the average noise
level may be estimated to be between 71 and 76 dB.
The relative gains for the microphones read from the ta-
ble are then 0,95 and 0,05, respectively. The second mi-
crophone is more sensitive to the background noise, i.
e. the background noise generates a bigger impulse in
the microphone. Secondly, the second microphone is
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not yet shut-off completely, because the noise level is
not above a defined shut-off threshold value for back-
ground noise.

[0027] The transition at different moments of time be-
tween subsequent values of the relative signal 84 and
S, proportions in the combined signal § defined by a
ratio g4/g, (when g2#0) can thus be made smooth or at
least to correspond small steps in order to avoid abrupt
transitions that might be considered annoying by the lis-
tener. This corresponds to successive changes of g4
and g,. Nevertheless, it is to be noted that this is not
necessary, but the transition may resemble a step func-
tion, i.e. the gain g4 for the signal detected by the first
microphone 101 is zero below a threshold value and one
otherwise, and the gain g, for the signal detected by the
second microphone is then reversed, i.e. it obtains val-
ues 1-gq.

[0028] FIG. 6 shows an example of the relation be-
tween estimated noise level NE, estimated from the sig-
nal 8,, and the amplifier gain g4. In this case, g,=1-g4.
At times preceding TA, NE, is smaller than the first
threshold value. Correspondingly, g4=0 and g,=1. At
TA, the value of NE, is increasing, so g, is stepwise in-
creased. At TB, NE, has reached the second threshold
value, and g4 is set to one. At TC, NE, is again smaller
than the second threshold value, so the value of g1 must
be decreased. At TD, NE, falls below the first threshold
value and g1 is set to zero value. At the time interval P,
the change in NE, is less than the threshold ANE set for
the change of NE, so during this interval g4 is not
changed. Immediately after P4, when the change in NE,
is larger than the threshold value, the g4 is changed by
Ag. During the interval P,, g4 is not changed because
NE, shows sharp peaks; this may present some distor-
tion so the changes are neglected.

[0029] The second predefined threshold value can be
chosen to be a fixed value as well. The value may be
experimentally determined to correspond to the level of
background noise in which the input signal of the second
microphone 103 has been deteriorated in such a bad
way that in order to get a better signal quality for the
signal S, only the input signal g48, is used.

[0030] FIG 7 shows how a second system according
to the invention, the system having only a stepwise tran-
sition for the value of g4. Speech Sp and noise are de-
tected by microphones 101 and 103 producing signals
S1 and S2. Background noise is collected by a third mi-
crophone 191 directly connected to noise estimator 104.
The noise estimator estimates the level NE of back-
ground noise and passes it to gain control means 705.
The gain control means 705 are adapted to compare the
noise level estimate NE with a predefined threshold val-
ue. If the value of NE is less than the threshold value,
g1 is set to zero, otherwise g1 gets the value of 1. The
value of g1 indicates the position of a switch SW1 con-
trolled by the gain control means 705, the switch SW1
being so arranged that the terminals TE1 and TE2 are
connected when g1=1; TE1 and TE3 are connected in
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all other cases. The terminal TE1 leads to amplification
means 702 which produce an amplified signal AS. Be-
cause only one signal is fed (S1, if TE1 and TE2 are
connected) to the amplifier, no literal combining of the
signals (S1, S2) need to be performed.

[0031] The switch turns the relative gain g, of the sec-
ond microphone to zero and the relative gain of the first
microphone g4 to one. In this case the function of the
switch SW1 and amplification means 702 may be un-
derstood as linear amplification with amplification factor
1.0 when the signal received by a microphone is ampli-
fied and zero otherwise.

[0032] Further, in order to avoid annoying abrupt tran-
sitions between the first and second microphones, or to
avoid fluctuations in the microphone gains, the system
like presented in FIG. 1 may comprise also storing
means adapted for storing noise parameters in order to
form a noise history. The noise parameters can be cal-
culated for one microphone, both microphones sepa-
rately or they can be obtained by combining the values
computed from the inputs of the both microphones. One
possibility is to use the second microphone input as the
preferable source for noise estimation, as the first mi-
crophone is less sensitive to background noise.

[0033] If history data is collected, the system may fur-
ther be adapted to have a hysteresis effect, i.e. if the
noise level is having fluctuations back and forth, the sys-
tem can adapt the threshold value to correspond a larger
shift in the background noise. In order to have a hyster-
esis effect, there are storage means and comparison
means; the hysteresis information may be obtained from
a stored table, the table being read in a way taking into
account the noise level history.

[0034] Similarly, the history data may be used for
making prognoses or extrapolations for the noise level,
and in this way the system may, based on the noise level
measured at least in two earlier moments of time, predict
anoise level in the future thus making the possibly larger
transitions in gains over a longer period of time.

[0035] A third microphone 191 is optionally included
in the system. Its main purpose is to detect background
noise. It may be located in the vicinity of the noise esti-
mation means 104 so that the transmitting of the signal
to the noise estimation means 104 from the microphone
191 is straightforward. In this case the signals $4 and/
or 8, need not to be passed from the other two micro-
phones 101 and 103 to the noise estimator 104. This
makes the system simpler, as the signal from micro-
phones 101 and 103 need only travel the path to ampli-
fiers 102 and 106. For example, in a wireless hands-free
set the microphone 101 is located in one ear of the user,
whereas the second microphone 103 is fixed in the car
of the user. The amplifiers are located close to the mi-
crophones, especially because the signals are to be
transmitted over the air interface to the combiner means
107. This means that the noise estimator 104 and gain
control means 105 need to instruct the amplifiers 102
and 106 separately; the noise may be measured by the
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microphone 191, and the gain parameters g4 and g, be
broadcast to the amplifiers 102 and 106.

[0036] FIG. 2 shows a third system according to the
present invention. The transducers 101 and 103 are ex-
posed to speech signal Sp distorted by background
noise. They detect acoustical vibrations, i.e. mechanical
vibrations or pressure changes. Amplifiers 202 and 206
amplify the signals §4 and S, with constant gains thus
producing amplified signals AS; and AS,, respectively.
An Analog to Digital Converter ADC 207 converts the
signals AS; and AS, pre-amplified by amplifiers 102
and 106 into a digital form. In addition to performing this
step, the ADC may further include combining means to
form a combined signal S from at least one of the am-
plified signals AS4 and AS, in such a manner that the
relative ratio of the signals may be altered. The combin-
ing may be performed digitally, thus possibly including
multiplication and summing operations, or it may be per-
formed for the analog signals before the conversion.
[0037] The noise level is detected in noise estimator
204, including tables 208 and 209 showing noise re-
sponses of the microphones 101 and 103 in a manner
similar to the tables discussed above. The noise esti-
mates NE, are then used to deduce the target gain fac-
tors g,. The target gain factors g4 and g, which corre-
spond to combining parameters are lead to the combin-
ing means of the ADC 207, where the ADC either, based
on the combining parameters g, and g,, performs the
conversion and only after that digitally multiplies the
converted signal by the gain factor, or, uses the target
gain factor to change the relative strength of the signals
before the conversion.

[0038] In a fourth system according to the present in-
vention, the system may have storage means for storing
at least one noise estimate NE; or NE, in the noise es-
timator 104, whereas the system otherwise corresponds
to the system already discussed with reference to FIG.
1. This means that at least one noise estimate NE=,;
value may be stored, and, correspondingly, at a later
pointin time t=t,, at least one other noise level estimate
NE;=1 may be stored as well. The stored noise esti-
mates may be compared using comparison means lo-
cated preferably in the noise estimator 104. The com-
parison may involve computing a noise level difference
ANE = NE=ty-NE -y, describing the changing of the
background noise level. This difference may be trans-
mitted then to gain control means 105 which change
gains according to a function Ag=f(ANE). It is also pos-
sible that the difference is not passed to gain control
means 105 if it does not exceed a preset threshold val-
ue, i.e. if ANE < ANEyeshoig; ©nly changes in the gain
when the change in the background noise level is larger
than the threshold value are passed to the amplifier 102
or 106. In this case the older value measured at t
may remain stored in the register and newer noise es-
timates NE- calculated attimes t;. > t; are overwritten
on the value NE.

[0039] A fifth system in accordance with the present

Petitioners' Exhibit 1004
Page 468 of 779

10

15

20

25

30

35

40

45

50

55

invention, the system comprises storage means such
as a register in the gain control means 204 in addition
to other components as discussed with reference to
FIG. 2. The storage meansmay be used for storing at
least two gain control parameters. Further, the system
may also include comparison means for comparing at
least two stored gain control parameters. Like discussed
above, the comparison of the parameters may include
performing some mathematical operations, like calcu-
lating the difference between a newer and an older gain
parameter value, and, in the case that a pre-set thresh-
old value for the difference is exceeded, which can be
checked again by comparison, the system may calcu-
late a new gain to be passed to the ADC 207. The new
gain may also be selected from a plurality of different
gain set-ups, if the system is to be kept simple and fast.
[0040] FIG. 3 shows a microphone set-up according
to one preferred embodiment of the present invention.
The mobile phone in the figure has two microphones M1
and M2. The second microphone M2 is an ordinary mi-
crophone denoted by asterisks 30 describing holes in
the cover of the bottom half of the phone. The first mi-
crophone M1 is located close to the loudspeaker which
is denoted by asterisks, whereas the microphone M1 is
denoted by arc 31. Because the loudspeaker is - usually
- placed close to the ear, using a jawbone contact ele-
ment as the microphone M1, the vibrations in the jaw-
bone of the user can be detected thus producing a signal
S,. The sensitivity of M1 to disturbances from the loud-
speaker is reduced because M1 detects mechanical vi-
brations from the jawbone of the user.

[0041] FIG. 4A further illustrates a microphone set-up
according to one other preferred embodiment of the
present invention. The first microphone M1 is located in
an earplug-like element which can measure the air vi-
brations in the ear canal (i.e. auditory canal) of the user
of the mobile device. Depending of the actual realisation
of the invention, this earplug microphone can be similar
to those disclosed in the referenced publications. Some
of the prior art earplug microphones have a wireless
transmitter, such as a BLUETOOTH transmitter.
[0042] A solution according to FIG. 4A is especially
suitable for different hands-free applications. For exam-
ple, many countries in Europe have recently adopted re-
strictions for usage of mobile phones while driving a ve-
hicle. In order to comply with the legislation, a driving
mobile user willing to receive a phone call need either
to stop or to have a hands-free equipment installed in
his or her car.

[0043] Some hands-free equipment sets include a
speaker, a microphone and then some wiring systems,
possibly with an extra antenna. The speaker is typically
mounted somewhere in the cabin, whereas the micro-
phone is located close to the head of the driver. As
known, even though some of the different speech co-
decs widely used in the mobile devices enhance the
speech quality in noisy environments, such as in a mov-
ing car, the background noise may still be annoying and,
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depending of the car, even make the discussion impos-
sible, depending on the circumstances such as other
traffic, speed of the vehicle, road conditions etc. This
drawback can be eliminated if the user is supplied with
an earplug-like device in addition to the normal hands-
free set installed in the car. As an alternative, a jawbone
microphone can be used as well, while there are some
of them available on the market already. Preferably the
first microphone (either earplug or jawbone) is equipped
with a wireless transmitter. Then either the mobile hand-
set or the hands-free set includes a receiver to receive
the transmitted audio information, such as BLUE-
TOOTH low-power RF data.

[0044] The transmitter needs not to be wireless but
may be a conventional earplug microphone as well like
illustrated in FIG. 4B, where there is a wire including two
lines, one for the signal and one for the ground level. In
the other end the wires may be connected to the front
panel of the car, the panel supplying a plug-in for the
microphone data and further connected to the hands-
free set, or directly to the mobile handset.

[0045] FIG. 5 illustrates another option for implement-
ing the invention. Here the firstand second microphones
are included in a headset kit of a mobile phone. Typical-
ly, the headset kit includes a plug 501 which is connect-
ed to a mobile phone or a car front panel. The handset
provides hands-free operation and may also include an
answer/end button located in the second microphone
M2 or somewhere else in the cable. The earplug includ-
ing a loudspeaker may also include an earplug micro-
phone M1, provided that the acoustical separation of the
loudspeaker and microphone can be guaranteed, or a
jawbone microphone, where the acoustical separation
should be a minor problem.

[0046] For a person skilled in the art it is also clear
that no implicit tables like those described with reference
to FIG. 1 and 2 are necessary. Depending on the
number of steps for different amplifications needed, the
system can be coded directly if the number is low, oth-
erwise also a numerical model which interpolates some
experimentally tested values may also be used.

[0047] Although the invention was described above
with reference to the examples shown in the appended
drawings, it is obvious that the invention is not limited to
these, but it may be modified by those skilled in the art
without departing from the scope and the spirit of the
invention.

Claims

1. A system for reducing the effect of background
noise especially in a mobile handset, the system
comprising

- afirst transducer (101) for detecting an acous-
tical signal producing a first signal detected
(81,
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- a second transducer (103) for detecting an
acoustical signal producing a second signal de-
tected (S2), the first and second transducers
having different sensitivities to background
noise,

- amplifier means (102, 106) for amplifying the
first and/or second signal (S1, S2) detected
thus producing at least one amplified signal
(9181, g282),

- noise estimator means (104) adapted to esti-
mate a background noise level present at least
in one of the detected signals (S1, S2) or in a
signal measured by a third transducer (191)
thus producing at least one noise estimate
(NE1, NE2),

- gain control means (105), responsive to said
noise estimator means (104, 204), adapted to
adjust gain (g1, g2) of the amplification means
(102, 106, 207), the adjustment being made de-
pending on at least one noise estimate (NE1,
NEZ2), and

- combining means (107), adapted to form a
combined signal (S) from at least one amplified
signal (g1S1, g2S2) thus reducing the effect of
background noise.

A system according to claim 1, wherein the noise
estimator means are connected to the first and/or
second transducer (101, 102) for receiving noise
level information.

A system according to claim 1 or 2, the system fur-
ther comprising

- storage means for storing at least one noise es-
timate, and

- comparison means for comparing the stored
noise estimate with a predefined threshold val-
ue, the comparison producing a differential
noise estimate to be passed to gain control
means (105).

A system according to claim 1 or 2, the system fur-
ther comprising

- storage means for storing at least two gain con-
trol parameters, and

- comparison means for comparing the two gain
control parameters, the comparison producing
adifferential gain parameter to be passed to the
amplification means.

A system according to claim 1 or 2, wherein the
gain control means (105) are adapted to adjust gain
(g1, g2) between the first and second amplifiers
(102, 106) so that the gain (g1) of the first amplifier
(102) is increased whereas the gain (g2) of the sec-
ond amplifier (106) is decreased if the noise esti-
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mate (NE1, NE2) indicates that the background
noise level is above a first threshold value.

A system according to claim 1, 2 or 5, wherein the
gain control means (105, 207) are adapted to adjust
gain (g2) of the second amplifier substantially close
to zero value if the background noise estimate (NE)
shows that the background noise level is above a
second threshold value.

A system according to claim 1, 2, 5 or 6, wherein
the gain control means (105, 207) are adapted to
adjust the relative gain of the first transducer sub-
stantially close to one if the background noise esti-
mate (NE) shows that the background noise level
is above a pre-set threshold value.

A system according to claim 1, wherein the con-
struction is performed by adding the amplified sig-
nals (g1S1, g2S2).

A system according to any one of the preceding
claims, wherein the first transducer (101) is a mi-
crophone to be located in the auditory canal of a
user of the mobile handset.

A system according to any one of the preceding
claims, wherein the first transducer (101) is a jaw-
bone microphone.

. A system according to claim 9 or 10, wherein the

second transducer (103) is a microphone mounted
in the mobile handset.

A system according to claim 9 or 10, wherein the
second transducer (103) is a microphone fixed in a
hands-free set of a mobile handset.

A system according to claim 1 or 2, wherein said
gain control means (105, 207) are located in the mo-
bile handset or in the hands-free set of a mobile
handset.

A method for reducing the effect of background
noise especially in a mobile handset, the method
comprising the steps of

- collecting a first acoustical signal (S1),

- collecting a second acoustical signal (S2),
whereby in the collected signals (S1, S2) a dif-
ferent level of background noise is present,

- estimating background noise level from at least
one of the signals (S1, S2) collected,

- in response to said estimating step, adjusting
gain (g1, g2) of at least one amplifier (102, 106)
adapted to amplify signals collected (S1, S2),

- inresponse to said adjustment step, amplifying
said collected first and/or second signal (S1,
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S2) to produce at least one amplified signal
(9181, G282), and

- inresponse to said amplifying step, construct-
ing a combined signal (S) from at least one am-
plified signal (181, g2S2) thus reducing the ef-
fect of background noise in the combined sig-
nal.

A method according to claim 14, further compris-
ing the steps of

- producing and storing at least one noise esti-
mate (NE1, NE2) in the background noise es-
timation step, and

- comparing said stored noise estimate (NE1,
NE2) with a predefined threshold value, the
comparison result being used in the gain ad-
justment step.

A method according to claim 14, further compris-
ing the steps of

- in the gain adjusting step, storing at least two
gain control parameters, and

- comparing at least two stored gain control pa-
rameters in order to decide whether the gain
adjusting step is to be taken, the gain adjusting
step being performed only if the comparison re-
sult shows that a gain control parameter being
larger than a predefined threshold value.

A method according to claim 14, wherein the gain
adjustment step is adapted to adjust amplification
balance between the signals detected by first and
second transducers (101, 103) so that the gain (g1)
of the amplifier (101) amplifying the first signal (S1)
collected is increased whereas the gain (g2) of the
amplifier (106) amplifying the second signal (S2) is
decreased if in the noise estimation step it is detect-
ed that the background noise level is higher than a
first threshold value.

A method according to claim 14, wherein the gain
adjustment step is adapted to adjust gain (g2) of the
amplifier amplifying the second signal (S2) substan-
tially close to zero value if the background noise es-
timate (NE) shows that the background noise level
is above a second threshold value.

A method according to claim 14, wherein the con-
struction step includes adding the amplified signals
(g181, g2S2).

A method according to any one of claims 14-19,
wherein the first signal is collected using a micro-
phone to be located in the auditory canal of a user
of the mobile handset.
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21. A method according to any one of claims 14-19,
wherein the first signal is collected using a jawbone
microphone.

22. A system for reducing the effect of background
noise especially in a mobile handset, the system
comprising

- afirst transducer (101) for detecting an acous-
tical signal producing a first signal detected
(81),

- a second transducer (103) for detecting an
acoustical signal producing a second signal de-
tected (S2), the first and second transducer
(101, 103) having different sensitivity to back-
ground noise,

- amplification means (202, 206) for amplifying
the first and/or second signal (S1, S2) detected
thus producing at least one amplified signal
(AS1, AS2),

- combining means (207) adapted to form a com-
bined signal (S) from at least one of the ampli-
fied signals (AS1, AS2) using at least one com-
bining parameter (g1, g2) thus reducing the ef-
fect of background noise,

- noise estimator means (204) adapted to esti-
mate background noise level present at least in
one of the detected signals (S1, S2) or in a sig-
nal measured by a third transducer (191) thus
producing at least one noise estimate (NE1,
NE2),

- combining parameter generation means (208,
209) adapted to generate at least one combin-
ing parameter (g1, g2) in response to at least
one noise estimate (NE1, NE2), and

- means (204)for passing the generated combin-
ing parameter (g1, g2) to the combining means
(207).

23. A method for reducing the effect of background
noise especially in a mobile handset, the method
comprising the steps of

- collecting a first acoustical signal (S1),

- collecting a second acoustical signal (S2),
whereby in the collected signals a different level
of background noise is present,

- estimating background noise level (NE1, NE2)
from at least one of the signals collected or from
a third acoustical signal,

- inresponse to the background noise estimating
step, using at least one background noise level
parameter (NE1, NE2) for selecting at least one
combining parameter (g1, g2), and

- in response to said selecting step, using said
summing parameter for combining the first and
acoustical signals (S1, S2) to form a combined
signal (S) which has less background noise
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than the second signal collected.
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Description
Field of the invention

[0001] The invention relates generally to enhancing
speech quality in a telecommunications system, and,
more specifically, to enhancing directional properties of
a microphone in a mobile terminal.

Background of the invention

[0002] The mobile device boom of the recent years
has resulted in different new uses for the mobile termi-
nals widely used in telecommunications. The users ex-
pect their new devices to be usable in many different
situations. The expectations regarding to the acoustical
quality of the device are high, and because the device
may be used for various purposes, this sets very high
requirements for the design of the terminals.

[0003] As an example of the dual use of the mobile
handset, it is very common that the terminal, in addition
to its normal use as a handset, is used as a hands-free
device. This may be the case when the user is willing to
use the mobile terminal in a vehicle, for example, or use
it for conference calling. Typically, in the latter case, the
mobile terminal is set on a table, the persons willing to
speak then usually grouping around the terminal.
[0004] From the acoustical design point of view, the
latter kind of use requires quite different acoustical and
directional properties of the microphone than the first
use mentioned. In conference calling, it is very critical
that the microphone shows omni-directional character-
istics so that the position of the person speaking does
not influence too radically on the sound quality, and
when one person is speaking, also comments from the
background should be carefully detected.

[0005] On the other hand, when a mobile terminal is
used as a handset, it is preferable that the background
noise is not detected by the microphone. Normally, the
mouth and other sound producing organs of the mobile
user are within a predetermined distance from the mi-
crophone when he or she is speaking to his or her mobile
handset. If human anatomy factors are taken into ac-
count, it is easier to design a phone in such a way that
the mouth of an average male/female user is quite close
to the centre of inlet of the microphone. Thus the micro-
phone should preferably show unidirectional character-
istics in order to receive the speech of the user but not
noise from his or her background.

[0006] Figure 1 illustrates a prior art mobile terminal
100. The terminal 100 includes housing 102, wherein a
microphone 110 is assembled. For the microphone 110
an aperture 101 is important so that the energy of acous-
tic signals is not attenuated too much which would be
the case if the acoustic signals had to traverse through
the housing 102.

[0007] Having both omni- and unidirectional charac-
teristics in the acoustical parts of one mobile terminal is
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not a straightforward task. Some prior art solutions that
might be applicable to at least some extent can be
found, but they present drawbacks which both an ordi-
nary user and an acoustics designer would find annoy-
ing.

[0008] International patent publication WO 01/69967
A2 shows one example of implementing a selectivity
switch between a directional mode and an omni-direc-
tional mode in a hearing aid device. The switch includes
a switch body having a port aperture therein in commu-
nication with one of the ports of the microphone, and a
switch actuator moveably connected to the switch body
and moveable to a first position wherein the port aper-
ture is generally unobstructed by the actuator and a sec-
ond position wherein the actuator covers the port aper-
ture.

[0009] In the modern mobile lifestyle, a mobile termi-
nal sometimes presents some values of the user of the
terminal. Thus, the aesthetic design is very important,
and the switch does not support the purpose of creating
an aesthetically enjoyable device. Secondly, the shape
and form of a hearing aid device is quite different to a
mobile phone, basically because the hearing aid device
is located in the ear of the user, so the mechanics of the
device can be designed in a completely different man-
ner. Therefore the '967 solution cannot be without prob-
lems used for ordinary mobile terminals.

[0010] Another solution from U.S. patent 5,933,510,
despite of its many advantages, fits only poorly for the
acoustical design of a mobile terminal. In '510, a micro-
phone housing includes apertures and a switch; the user
may select with the switch, whether or not he or she is
willing to use the microphone in omni- or unidirectional
mode. Firstly, it is difficult to make the switch and sealing
elements to comply with the decorative design desired
for the terminal. Secondly, the design of a rotating
sleeve for the microphone housing in the manner de-
scribed in '510 is also extremely challenging.

[0011] It is an object of the invention to bring about a
mobile terminal equipped with a sound receiving system
having selectable directional characteristics.

Summary of the invention

[0012] This and other objectives of the invention are
accomplished in accordance with the principles of the
present invention by providing in accordance with any
one of the independent patent claims.

[0013] A dual directional mode mobile terminal in-
cludes a microphone having been assembled in a hous-
ing. The housing includes a first and a second aperture,
of which the first aperture is on the user side when the
terminal is used as a handset, the first and second ap-
ertures forming acoustical conduits to the both sides of
the microphone. The housing further includes sealing
means for sealing the second aperture together with an
external surface, when the mobile terminal is placed on
said surface, thereby enabling in the mobile terminal a
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second acoustical directivity mode.

[0014] A method for manufacturing a dual directional
mode mobile terminal, includes the steps of i) assem-
bling a microphone into a housing, wherein the housing
includes at least a first and a second apertures, of which
the first aperture is designed to be on the user side when
the terminal is used as a handset, the first and second
apertures thus forming acoustical conduits to both sides
of the microphone, and ii) assembling the housing with
sealing means for sealing at least one of the apertures
together with an external surface, when the mobile ter-
minal is placed on said surface, thereby enabling in the
mobile terminal a second acoustical directivity mode.
[0015] A mobile terminal which is equipped with an
acoustoelectrical transducer arranged in a housing of
the mobile terminal, wherein the housing comprises i) a
user sided first aperture in communication with the
acoustoelectrical transducer, ii) a second aperture also
in communication with the acoustoelectrical transducer,
and iii) sealing means for sealing the second aperture
when the mobile terminal is placed on an external sur-
face or object.

Brief Description of the Drawings

[0016] In the following, the invention and its preferred
embodiments are described more closely referring to
the examples shown in Figure 2-11 in the appended
drawings, wherein:
Figure 1 shows a conventional microphone
arrangement in a mobile terminal,

shows a dual-mode mobile termi-
nal according to one aspect of the
invention,

Figure 2

illustrates one embodiment of the
present invention where acoustic
sealing is enhanced by a second
support member,

Figure 3

Figure 4 depicts the traverse design as-
pects in accordance with the in-

vention,

further illustrates one embodiment
of the invention,

Figure 5

Figure 6 illustrates a cut of a sealing mem-

ber 203 from Figure 2,
Figure 7 illustrates the sealing member 203
seen from above,

shows the second acoustical
mode closer,

Figure 8
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Figure 9A and 9B show how the directivity mode of
the mobile terminal is changed ac-
cording to one aspect of the

present invention,

shows a first measurement result
of the mobile terminal in the first
directional mode, and

Figure 10

shows a second measurement re-
sult of the mobile terminal in the
second directional mode.

Figure 11

[0017] Same reference numbers denote similar ele-
ments throughout the figures.

Detailed description of the invention

[0018] Figure 2 illustrates one embodiment of the
present invention. The mobile terminal has a housing
200, and, as shown in Figure 1 described above, there
is also an aperture 101 provided for the speech. The
aperture 101 leads sound waves to a microphone 110
thatis assembled inside the housing 200. In the housing
200 there is also a second aperture 202. The second
aperture 202 is preferably located on the opposite side
of the housing 200 so that the apertures 101 and 202
provide acoustic conduits leading to both sides of the
microphone.

[0019] For sake of clarity, there are three points
marked in the housing. PL and PR are the points where
sealing means 203 are attached to the housing 200, and
the point PA illustrates the point of the housing that sup-
ports the lower end of the housing against a flat surface
204 when the mobile terminal is tilted on said sealing
means 203. The sealing means 203 are not drawn to
scale; according to one aspect of the present invention
their height is some millimetres. Depending on the aes-
thetic goals of the designer, sealing means 203 that are
higher or lower can be used.

[0020] According to one embodiment of the present
invention the mobile terminal can be placed on a table
205, for example, or other flat surface 204, so that the
sealing means 203 together with the flat surface 204
seal the second aperture 202. The sealing of the second
aperture 202 has the effect that the mobile terminal is
in omni-directional mode where the microphone 110 re-
ceives voice signals mostly through the aperture 101
thus losing some of its directional sensitivity.

[0021] Normally, the microphone 110 is directionally
sensitive when both apertures 101 and 202 are open.
When both apertures 101, 102 are open, the sound
waves coming from the background noise can be un-
derstood to cancel each other, i.e. the microphone
shows unidirectional characteristics and is well suitable
for to be used as a handset of a mobile terminal.

The uni- and omni-directional characteristics of the mi-
crophone 110 are herewith referred with the term acous-
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tical modes of the microphone.

[0022] Figure 3 shows another example of imple-
menting the present invention. Instead of only having
sealing means 303 such as a sealing member, the mo-
bile terminal now also has a support member 304. In
addition, the marked point PB illustrates the effective
support point of the support member 304 that is compa-
rable to point PA with reference to Figure 2.

[0023] One function of the support member 304 is to
increase the pressure between the sealing means 303
and the flat surface 204. The sealing means 303 are lo-
cated close to the second aperture 202 which is further
located at the spot of the microphone. As the mobile ter-
minal of Figure 2, the mobile terminal can as well be
placed on a flat surface 204 thus giving omni-directional
characteristics for the mobile terminal. The position PB
which is also the position of the second support member
304 may be located based on the weight distribution of
the mobile terminal. To the weight distribution influences
the weight of the contents of the mobile terminal, i.e. the
battery, different electrical parts, the display, and so
forth. The PB can be positioned so that the torque
caused by the weight of the mobile terminal causes a
stronger or greater force on the sealing means 303 and
so enhances the sealing made by the sealing means
303 and the flat surface 204. If the sealing means 303
are made of a soft material showing high elastic prop-
erties, a good sealing can be provided.

[0024] Figure 4 depicts a cross sectional cut of a mo-
bile terminal. The terminal has a microphone 110 which
is positioned inside the housing 200. In the housing 200
there are apertures 101 and 202. The apertures 101,
202 act as inlet holes which form acoustical conduits to
both sides of the microphone 110. It is to be noted that
the apertures 101, 202 need not to be on opposite sides
of the mobile terminal; the only limiting condition is that
the acoustical conduits lead to both sides of the micro-
phone. Further, there are support and sealing means
203 at the bottom side of the housing. The design of the
sealing means 203 may involve taking into account the
curvature of the housing 200. In some mobile terminal
models, the housing 200 is strongly curved and, there-
fore, it is impossible to provide a good enough sealing
with sealing means 203 that do not take into account the
shape of the bottom of the housing 200.

[0025] Further, Figure 5 illustrates the mobile terminal
viewed from below. In the sealing means 203 that is up-
per part of the mobile terminal housing 200 the aperture
202 and the sealing means 203 are shown.

[0026] Figure 6 illustrates closer the sealing means
203. First, the sealing means 203 have a hole 600 for
the acoustical inlet. The contact part 601 of the sealing
means 203 has been only marked with a box on the
right-hand side, but it preferably extends through the
sealing means 203. For example, if the sealing means
203 have the form of a ring like in Figure 5, the part 601
extends around the bottom of the ring.

[0027] Further, aperture part 603 has similarly been
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marked with a box. The acoustical signals coming from
outside the mobile phone in order to reach the inlet hole
600 and to further proceed into the microphone 110
traverse beyond this part. In its design one must take
into account the acoustical considerations: Special cur-
vature may be needed in order to provide a proper dis-
tortion free acoustical transmission characteristics.
[0028] The sealing means 203 are connected to the
mobile terminal using the aperture part 605 of the seal-
ing means 203. On the left-hand side the height of the
sealing means 203 is denoted with h'and on the right-
hand side with h. The difference (h- h) between h' and
h is denoted with A. If the microphone is located as usu-
ally at the bottom part of the mobile terminal and if the
tilting of the housing because of the height difference of
the sealing means and the bottom part of the housing is
like in Figure 2, his larger than hA'. The tilting may there-
fore depend on the distance between PA and PL, and
partially as well on the distance between PL and PR. In
the case of a mobile terminal with a support element like
in Figure 3 there is no need for this kind of asymmetry
and h' can equal h. The size of A may be adapted to
make the sealing proper taking into account the tilting
angle of the between the bottom part of the housing and
the surface where the mobile terminal is lying.

[0029] Another possibility to achieve an asymmetric
elastic behaviour is to use elastic materials asymmetri-
cally, i.e. a more elastic material on the h' side and a
stiffer material on the opposite side. This canin principle
be achieved with e.g. block copolymers where the ratios
of different polymer materials exhibit small changes
along the bottom part of the sealing means. In this way
it is also possible to ensure a good enough sealing. An-
other option, for example, is to use some other material
that has spatially non uniform elasticity constant.
[0030] Figure 7 shows the sealing means from bot-
tom. 600 is the inlet and 601 is the contact part. The
profile of the aperture part 603 with its curvature is not
visible in the figure.

[0031] Figure 8 presents the mobile terminal when the
second acoustical directivity mode is activated. The mo-
bile terminal 102 is placed on a flat surface 204. In the
figure only the portion of the mobile terminal which illus-
trates the housing means and their vicinity is shown. The
sealing means 203 have a contact with the flat surface
204 at aperture points PLB and PRB. Preferably, the
sealing means extend from the housing of the mobile
phone in such a way that in the figure left-hand side con-
tact point PL acts as the outermost aperture point for the
sealing means at part PLB and, respectively, the point
PR at as the contact point of the sealing means for the
point PRB.

[0032] The housing 200 is usually constructed from
two parts; 102F is the front part and 102B is the back
part. Between the front and back part 102F, 102B of the
housing 200 there is a microphone 110. In the front part
102F at the spot of the microphone 110 there is at least
one opening for the aperture 101 and on the back side
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part of the housing there is correspondingly at least one
aperture 202 leading to the bottom side of the micro-
phone.

[0033] Between the housing and the microphone
there is sealing on both sides of the microphone 110.
Preferably, the sealing is obtained with the help of an
elastic gasket, such as a sealing ring. The first purpose
of the sealing is to enable the propagation of sound from
the exterior of the housing to the microphone, disabling
propagation of the sound inside the housing, whereas
the second purpose is to reduce the distortions caused
by the loudspeaker of the mobile terminal.

[0034] Below the microphone 110 there is a reso-
nance cavity ACB which is consists of smaller cavities
formed by i) space limited by the microphone 110, pos-
sible sealing between the microphone, and bottom part
102 of the housing 200, and ii) acoustically well conduc-
tive part of the housing 200 including at least one aper-
ture 202, sealing means 203, and the flat surface S. Re-
spectively, another resonance cavity ACF is formed in
between the microphone and the front part of the hous-
ing.

[0035] As already discussed with reference to Figures
2 and 6, the mobile phone may be tilted. To serve this
purpose the sealing means are designed in the manner
described with reference to Figure 6, the distance be-
tween PL and PLB may be shorter than the distance be-
tween PR and PRB. This means that the PL, PLB part
could be more elastic than the PR and PRB so that the
PL, PLB part of the sealing means compresses more.
The aperture between the flat surface 204 and the seal-
ing means 203 shall be preferably good in order to en-
hance the omni-directional mode. It is possible that if
the sealing is not proper the direction and sensitivity of
microphone is reduced to correspond the unidirectional
microphone.

[0036] The tilting angle a corresponds to the tilting of
the mobile terminal with respect to the flat surface 204.
In practice, it may get almost any target value, the target
value being thus between a very small angle and a sub-
stantially large angle. The magnitude of o has an impact
on the aesthetic design of the mobile terminal, and, sec-
ondly, it may influence on the contact force between the
contact part 601 and the flat surface 204 thus leading to
further elasticity considerations. The more the mobile
terminal is tilted, the smaller the contactforce in the sup-
port means is, so requiring more elastic material.
[0037] Figure 9A illustrates another way to realise the
invention. The mobile terminal has a housing 200 which
includes a battery cover 901. The battery cover may be
removable; usually the mobile terminal battery is stored
under the cover. For some manufacturers the cover and
the battery are combined to a single element. The ap-
erture 202 is marked with a dot in the figure. When the
inlet hole is open the mobile phone is in unidirectional
directivity mode.

[0038] Figure 9B shows the aperture 202 covered
with removable sealing means 1001 according to one

Petitioners' Exhibit 1004
Page 482 of 779

10

15

20

25

30

35

40

45

50

55

aspect of the present invention.

[0039] The removable sealing means 1001 can be
stored under the battery cover or back cover 901. Pref-
erably, the aperture 202 and the sealing means 1001
are designed in such a way that the sealing means are
tightly matched with the aperture 202. This may be re-
alised, for example, by supplying the sealing means with
attaching means and sealing means, so that the sealing
means 1001 correspond partially to a flat surface 204.
As shown in Figure 8, this mode of the invention is par-
ticularly usable when the table 205 or other surface is
not essentially flat so that it would not provide a uniform
enough flat surface 204 for the sealing means 203 to
match at points PLB and PRB shown in Figure 8. Fur-
ther, the external surface can be used for causing this
kind of extra pressure for pushing the sealing means
203 stronger against the housing 200 of the mobile ter-
minal, because the sealing means 1001 would not nec-
essarily be able to cause the sealing to be tight enough
hence the weight of the mobile terminal can be used for
this purpose to increase the sealing.

[0040] Figure 10 illustrates a measurement result of
the spectral energy density versus the frequency of a
signal output at a reference point close to the telephone.
The measurement has been performed for the inventive
mobile phone assembly in unidirectional mode, and in
Loudness Rating Guarding Position LRGP in accord-
ance with the standard 3G TS 26.132 (TSG SA; Codec
Working Group; Terminal Acoustic Characteristics for
Telephony).

[0041] The energy spectrum measured is presented
as observed by the codec of the mobile terminal. The
upper piecewise linear curve corresponds to the maxi-
mal allowed spectral density values, whereas the lower
piecewise linear curve illustrates the minimum accept-
able spectral energies. As can be seen from the meas-
urement results, the observed spectra lies clearly be-
tween the allowed values.

[0042] Figure 11 shows the acoustic behaviour of the
same mobile terminal when it is in the second acoustical
directivity mode. The spectral energy density shows
again that the values are allowed, i.e. that the spectra
lies clearly between the agreed limits.

[0043] Both measurements were conducted with a
the mobile terminal lying head up on the table, posi-
tioned 50 cm from the reference mouth and with 30° az-
imuth. For the measurements the mobile terminal input
gain was not adjusted, though this is not visible in the
figure. In practice, because of the different resonance
cavities caused by the differences in the acoustical ap-
ertures when the mobile terminal is in different acousti-
cal modes, the gain must be adjusted between the
modes. The adjustment may be done automatically by
detecting the measured signal strength in the codec.
[0044] To summarise, according to one aspect of the
present invention, the mobile phone can be made to
show dual mode characteristics. First, a microphone is
assembled into a housing that includes at least two inlet
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holes. At least one of the apertures is designed to be on
the user side when the terminal is used as a handset,
and the apertures together form acoustical conduits to
the both sides of the microphone. The housing is further
assembled to include sealing means; with the sealing
means at least one of the inlet holes may be sealed to-
gether with an external surface, such as a table or any
other flat surface. When the mobile terminal is placed
on said flat surface, one acoustical aperture is thus
closed and the mobile terminal shows acoustical omni-
directional characteristics as a second acoustical direc-
tivity mode.

[0045] According to one further aspect of the present
invention, the assembling step may include the assem-
bling of an elastic gasket. Preferably, said elastic gasket
is asymmetric, and the height of the lower part of the
gasket being smaller than the height of the higher part
of the gasket, the difference being adapted to make the
sealing proper taking into account the elevation angle
between the bottom of housing and the surface.
[0046] According to still another aspect of the present
invention, in addition to the sealing means, the housing
may further include a support member to increase the
pressure between the sealing means and the surface.
[0047] Although the invention was described above
with reference to the examples shown in the appended
drawings, it is obvious that the invention is not limited to
these, but it may be modified by those skilled in the art
without departing from the scope and the spirit of the
invention. For example, instead of a microphone, any
other transducer or sound detector may be used in con-
nection with the embodiments of the inventive sealing
mechanism.

Reference numbers used in the description:
[0048]

100 mobile terminal

101 aperture

102 housing

110 microphone

200 housing

202 second aperture

203 sealing means

204 flat surface

205 table

303 sealing means

304 support member

600 hole for the acoustic inlet
601 contact part

603 aperture part

901 battery cover

1001 removable sealing means
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Claims

1. Adual directional mode mobile terminal including a
microphone (110), said microphone (110) having
been assembled in a housing (200),
characterised in that

- the housing (200) includes at least a first and a
second aperture (101, 202), of which the first
aperture (101) is on the user side when the ter-
minal is used as a handset, the first and second
apertures (101, 202) forming acoustical con-
duits (ACF, ACB) to the both sides of the micro-
phone (110); and

- the housing (200) further includes sealing
means (203, 303, 1001) for sealing the second
aperture (202) together with an external sur-
face (204), when the mobile terminal is placed
on said surface, thereby enabling in the mobile
terminal a second acoustical directivity mode.

2. A mobile terminal according to claim 1,
characterised in that
the sealing means (203) include an elastic gasket.

3. A mobile terminal according to claim 2,

characterised in that

the elastic gasket is asymmetric, the height h' of a
lower part of the gasket being smaller than the
height h of a higher part of the gasket, the difference
A = h'- h being adapted to make the sealing proper
taking into account an elevation angle (o) between
a backside surface (102B) of the housing (200) and
the external surface (204).

4. A mobile terminal according to claim 1,
characterised in that
in addition to the sealing means (303), the housing
(200) further includes a support member (304) to
increase the pressure exerted on the sealing means
(303) by the external surface (204).

5. A mobile terminal according to claim 1,
characterised in that
the sealing means (1001) further have means
adapted for connecting the sealing means to the in-
let hole (202) in an acoustically proper way.

6. A mobile terminal according to claim 5,
characterised in that
the mobile terminal has means (200) for storing the
sealing means (1001).

7. Amethod for manufacturing a dual directional mode
mobile terminal, the method
characterised in that
it includes the steps of:



10.

1.

12.

13.
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- assembling a microphone (110) into a housing
(200), wherein the housing (200) includes at
least first and second apertures (101, 202), of
which a first aperture (101) is designed to be
on the user side when the terminal is used as
a handset, the first and second apertures thus
forming acoustical conduits to both sides of the
microphone (110); and

- assembling the housing (200) with sealing
means (203) for sealing the second aperture
(202) holes together with an external surface
(204), when the mobile terminal is placed on
said external surface (204), thereby enabling in
the mobile terminal a second acoustical direc-
tivity mode.

A method according to claim 7,

characterised in that

the assembling step includes the assembling of an
elastic gasket.

A method according to claim 8,

characterised in that

said elastic gasket is asymmetric, the height h' of
the lower part of the gasket being smaller than the
height h of the higher part of the gasket, the differ-
ence A = h'- h being adapted to make the sealing
proper taking into account the elevation angle (o)
between the bottom (102B) of housing and the ex-
ternal surface (204).

A method according to claim 7,

characterised in that

in addition to the sealing means (303), the housing
further includes a support member (304) to increase
the pressure between the sealing means (303) and
the surface (204).

A method according to claim 7,

wherein the sealing means (1001) are further
adapted to be connected to the inlet hole (202) in
an acoustically proper way.

A method according to claim 11,

wherein the sealing means (1001) are stored in the
mobile phone, and when used, manually placed into
the aperture (202).

A mobile terminal equipped with an acoustoelectri-
cal transducer (110) arranged in a housing (200) of
the mobile terminal,

characterised in that

the housing (200) comprises:

- auser sided first aperture (101) in communica-
tion with the acoustoelectrical transducer (110);
- asecond aperture (202) also in communication
with the acoustoelectrical transducer (110); and
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- sealing means (203) for sealing the second ap-
erture (202) when the mobile terminal is placed
on an external surface (204) or an object.

14. A mobile terminal according to claim 13,

wherein the sealing means (203) are responsive to
an external force or pressure.
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Description

[0001] This document generally relates to ear-level
communication systems and particularly, but not by way
of limitation, to such systems communicating with remote
devices via full duplex audio.

[0002] Ear-level communication systems are used for
hearing impaired individuals to use a communication de-
vice such as a cellular phone or other devices transmitting
audio signals. They also allow private, hand-free use of
such a communication device by individuals with normal
hearing.

[0003] An ear-level communication system generally
includes tethered or wireless headsets with a microphone
boom or a microphone within a cord of the headset to
detect voice of the person wearing the headsets. An al-
ternative way to detect voice is via bone connection. Ex-
amples include a "clam" shell device that couples to the
helix and a custom carmold with a vibration detector on
the outer shell. Voice is picked up by detecting bone vi-
bration caused by, and representative of, the voice of the
person wearing the device.

[0004] Bi-directional communication has been
achieved by a simplex system including a device in the
ear canal that both transmits sound to and picks up sound
within the ear canal. The device is tethered to a push-to-
talk (PIT) system such as a walkie talkie. It is not full
duplex and therefore requires interaction by the user in
order to switch from listen mode to talk mode.

[0005] Voice operated exchange (VOX)is usedtocon-
serve energy when voice is not being detected or trans-
mitted. For example, a headset system includes two ear
pieces - for full duplex communication with one earpiece
for transmitting and the other for receiving voice - and
uses ear canal voice detection to trigger a VOX circuit in
a control unit wired to the headset. The system requires
a headset with two headphones and wires connecting
the headphone to a control unit such as a device clipped
on belt. In another example, a full duplex system includes
asingle headphone totransmitand receiving voice, again
with a VOX circuitin a control unitwired to the headphone.
[0006] Such ear-level communication systems are
likely to be worn by a person for long periods of time.
Users with hearing loss may use such a system on a
regular basis, both as a conventional hearing aid allowing
communication directly with a person and as a hearing
aid allowing communicating through another device. Us-
ers with normal hearing may wear such a system to be
communicatively connected to another person or facility
without the need to hold a device at any time. For ap-
pearance or secrecy reasons, minimal visibility is gener-
ally desirable. Wired connection between a headset or
earpiece and a controller makes the system easily visible
and is cumbersome to users who need to communicate
while being physically active.

[0007] Thus, there is a need for an ear-level commu-
nication system that is not easily visible. A need related
to miniaturization is the longevity of the system between
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battery replacements or recharges.

[0008] WO 98/45937A discloses a communications
apparatus comprising ear units, a control unit and aradio
transceiver.

[0009] Ear level full duplex audio communication sys-
tems each include one or two ear attachments devices,
such as in-the-ear (ITE) or behind-the-ear (BTE) devices,
that wirelessly communicates to a remote device. Such
a system allows a hearing impaired individual to commu-
nicate with or through the remote device, such as to talk
to another person through a cellular phone. Such a sys-
tem also functions as an ear piece wirelessly extended
from the remote device that allows an individual to pri-
vately communicate with or through the remote device
without the need of holding the device.

[0010] WO 03/073790A discloses a system adapted
for use in at least one of afirst ear having a first ear canal
and a second ear having a second ear canal comprising:
a first ear-level device configured to be one of an in-the-
eardevice and a behind-the-ear device, the first ear-level
device including: a first microphone adapted for use in
one of the first ear canal and the second ear canal, and
adapted to receive an occluded sound within the one of
the first ear canal and the second ear canal; and a wire-
less receiver, connected to a first processor, to receive
a first wireless signal representing a remote sound;
wherein the first processor, is connected to the first mi-
crophone, and is adapted to process the occluded sound
and the remote sound; the first ear level device further
including a speaker adapted for use in the one of the first
ear canal and the second ear canal and adapted to trans-
mit the processed remote sound to the one of the first
ear canal and the second ear canal; a wireless transmit-
ter, connected to the first processor; a first earmold hous-
ing at least the first microphone and the speaker, at least
a portion of the first earmold configured for placement in
the one of the first ear canal and the second ear canal;
and a voice operated exchange (VOX) circuit connected
to the first processor.

[0011] In the present invention, the wireless transmit-
ter is adapted to receive the processed occluded sound
from the first processor and transmit a second wireless
signal representing the occluded sound; and the VOX
circuit includes an occluded sound gating module adapt-
ed to gate the occluded sound on, and to gate the remote
sound off, when the occluded sound is detected while
the remote sound is not detected, and a remote sound
gating module adapted to gate the remote sound on, and
to gate the occluded sound off, when the incoming remote
sound is detected while the occluded sound is not de-
tected.

[0012] In a preferred embodiment, a system includes
an ITE module and a BTE module attached to the ITE
module. The ITE module includes a microphone for use
in an ear canal. The microphone receives an occluded
sound from within the ear canal. The BTE module in-
cludes a processor and a wireless transmitter. The proc-
essor processes the occluded sound. The wireless trans-
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mitter receives the processed occluded sound from the
processor and transmits a wireless signal representing
the occluded sound.

[0013] In a preferred embodiment, a system includes
afirst ear-level device and a second ear-level device for
use in two opposite ears. The first ear-level device in-
cludes a microphone, a first processor, and a wireless
transmitter. The microphone is for use in one ear canal
to receive an occluded sound from within that ear canal.
The first processor converts the occluded sound to an
electrical signal. The wireless transmitter receives the
electrical signal and transmits an outgoing wireless signal
representing the occluded sound. The second ear-level
device includes a wireless receiver, a second processor,
and a speaker. The wireless receiver receives an incom-
ing wireless signal representing a remote sound. The
second processor converts the incoming wireless signal
to the remote sound. The speaker is for use in the oppo-
site ear canal to transmit the remote sound to that ear
canal.

[0014] The presentinvention also relates to a method
comprising: detecting an occluded sound using a first
microphone adapted for use in an ear canal; detecting
an incoming radio signal representing a remote sound
from aremote device; starting a voice operated exchange
(VOX) housed within an ear-level communication device
when atleast one of the occluded sound and the incoming
radio signal is detected if the VOX is not already on, the
ear-level communication device being one of an in-the-
ear (ITE) device and a behind-the-ear (BTE) device; gat-
ing the occluded sound on, and gating the remote sound
off, when the occluded sound is detected while the in-
comingradio signalis not detected; and gating the remote
sound on, and gating the occluded sound off, when the
incoming radio signal is detected while the occluded
sound is not detected.

[0015] Preferred embodiments of the present inven-
tion will now be described by way of example only and
with reference to the accompanying drawings, in which:

FIG. 1 is an illustration of an embodiment of an ear-
level communication system and potions of an envi-
ronment in which it is used. This ear-level commu-
nication system uses a single ear-level device.
FIG. 2 is an illustration of an embodiment of another
ear-level communication system and portions of an
environment in which it is used. This ear-level com-
munication system uses a pair of ear-level devices.
FIG. 3A is an illustration of one exemplary exterior
configuration of an in-the-ear (ITE) device used as
the single ear-level device of FIG 1 or one of the pair
of ear-level devices of FIG. 2.

FIG. 3B is an illustration of one exemplary exterior
configuration of an in-the-canal (ITC) device used
as the single ear-level device in FIG. 1 or one of the
pair of ear-level devices of FIG. 2.

FIG. 3C is an illustration of one exemplary exterior
configuration of a completely-in-the-canal (CIC) de-
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vice used as the single-ear-level device of FIG. 1 or
one of the pair of ear-level devices of FIG. 2.

FIG. 4Ais a block diagram showing one embodiment
of the circuit of ear-level device shown in FIGS. 3A,
3B, or 3C used as the single ear-level device of FIG.
1.

FIG. 4B is a block diagram showing one embodiment
of portions of a voice operated exchange (VOX) cir-
cuit included in the single car-level device of FIG. 1.
FIG. 5 is a block diagram showing another embodi-
ment of the circuit of ear-level device shown in FIGS.
3A, 3B, or 3C used as the pair of ear-level devices
of FIG. 1B.

FIG. 6 is an illustration of one exemplary exterior
configuration of an ear-level device including a be-
hind-the-ear (BTE) device used as the single ear-
level device of FIG. 1 or one of the pair of ear-level
devices of FIG. 2.

FIG. 7 is a block diagram showing one embodiment
of the circuit of the ear-level device shown in FIG. 6
used as the single ear-level device of FIG. 1.

FIG. 8 is a block diagram showing another embodi-
ment of the circuit of ear-level device shown in FIG.
6 used as the pair of ear-level devices of FIG. 2.
FIG. 9 is a flow chart illustrating an embodiment of
a method for audio communication between the sin-
gle ear-level device or the pair of ear-level devices
and a remote device.

FIG. 10 is a flow chart illustrating another embodi-
ment of the method for audio communication be-
tween the single ear-level device and a remote de-
vice.

[0016] The following embodiments are described in
sufficient detail to enable those skilled in the art to prac-
tice the invention, and it is to be understood that the em-
bodiments may be combined, or that other embodiments
may be utilized and that structural, logical and electrical
changes may be made without departing from the scope
of the present invention, as defined by the appended
claims.

[0017] Itshould be noted thatreferencesto"an", "one",
or "various" embodiments in this disclosure are not nec-
essarily to the same embodiment, and such references
contemplate more than one embodiment.

[0018] This document discusses, among other things,
ear-level full duplex audio communication systems for
communicating with remote devices. These systems
each include one or two ear-level devices each worn in
or about an ear, such as in-the-ear (ITE) or behind-the-
ear (BTE) devices, wirelessly coupled to a remote device
such as a computer, a personal digital assistant (PDA),
acellular phone, a walkie talkie, or a language translator.
When used as a hearing aid, such a system allows a
hearing impaired individual to communicate with or
through the remote device, such as to talk to another
person through a cellular phone. When being used as an
ear piece wirelessly extended from the remote device,
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such system allows an individual with normal hearing to
privately communicate with or through the remote device
without the need of holding the device or wearing any
device wired to the remote device.

[0019] In this document, "voice" includes to the sound
of speech made by a person, and sound generally in-
cludes an audible signal that includes voice and other
signals that can be heard and/or detected by an audio
detector. Unless particularly indicated, for example,
when voice is distinguished from sound by speech rec-
ognition, "voice" and "sound" are used interchangeably
throughout thus document because they are not practi-
cally separated. For example, detection of a sound refers
to the same action as detection of a voice because, while
the purpose is to detect the voice, other sounds are
picked up as well.

[0020] FIG. 1is an illustration of an embodiment of an
ear-level communication system 100 and portions of an
environment in which it is used. System 100 includes an
ear-level device 110 attached to an ear 101A. Bar-level
device 110 communicates with a remote device 190
through a wireless telemetry link 195. The otherear 101B
is free of device attachment. Ear-level device 110 is a
self-contained device including its own power source
such as a replaceable or rechargeable battery. To max-
imize battery life or period between recharges, at least a
portion of the circuit of ear-level device 110 is voice ac-
tivated. That is, ear-level device 110 is activated only
when it detects a need to transmit or receive a sound.
[0021] Ear-level device 110 is a full duplex audio de-
vice that allows two-way simultaneous conversation be-
tween ear 101A and remote device 190. In one embod-
iment, when being worn by a person having ear 101A,
ear-level device 110 picks up sound from the ear canal
of ear 101A and delivers sound to the same ear canal. It
detects the occluded sound from the ear canal when the
person speaks and transmits to the same ear canal a
sound received from remote device 190 and/or a sound
picked up from the environment surrounding the person.
In one embodiment, as illustrated in FIG. 1, ear-level de-
vice 110 is configured for right ear attachment. In an al-
ternative embodiment, ear-level device 110 is configured
for left ear attachment.

[0022] FIG. 2 is an illustration of an embodiment of an
ear-level communication system 200 and portions of an
environment in which it is used. System 200 includes a
pair of ear-level devices 210A, attached to an ear 101 A,
and 210B, attached to ear 101B. Ear-level devices 210A
and 210B communicate with a remote device 290
through a wireless telemetry link 295. Ear-level devices
210A and 210B are each a self-contained device includ-
ing its own power source such as a replaceable or re-
chargeable battery. To maximize battery life or period
between recharges, at least a portion of the circuit of
each of ear-level devices 210A and 210B is voice acti-
vated. Thatis, ear-level devices 210A and 210B are each
activated only when a need to transmit orreceive a sound
is detected by the device itself.
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[0023] In one embodiment, ear-level device 210A is
an audio transmitter that picks up sound from the ear
canal of ear 101A, and ear-level device 210B is an audio
receiver that delivers sound to the same ear canal. Ear-
level device 210A is activated when it detects a sound
from the ear canal. Ear-level device 210B is activated
when it detects a signal from remote device 290. When
both are being worn by a person, ear-level devices 210A
and 210B supports full duplex audio allowing two-way
simultaneous conversation between the person and re-
mote device 290. In one embodiment, as illustrated in
FIG. 2, ear-level device 210A is configured for right ear
attachment, and ear-level device 210B is configured for
left ear attachment. In an alternative embodiment, ear-
level device 210A is configured for left ear attachment,
and ear-level device 210B is configured for right ear at-
tachment.

[0024] FIGS. 3A, 3B, and 3C are illustrations of exem-
plary exterior configuration of ear-level device 110 or one
of ear-level devices 210A and 210B. For the purpose of
this document, only a device attached to a right ear is
shown for each exemplary exterior configuration. It is to
be understood that each of ear-level devices 110, 210A,
and 210B can be either a device configured for right ear
attachment or a device configured for left ear attachment.
Generally, a device configured for right car attachment
has an exterior configuration that is substantially sym-
metrical to that of a device of the same type configured
for left ear attachment. In system 100, a single ear-level
device 110 is a device configured either for right ear at-
tachment or for left ear attachment. In system 200, either
one of car-level device 210A and 210B is a device con-
figured forright ear attachment, while the otheris adevice
configured for left ear attachment.

[0025] Anoccluded sound 305, an ambient sound 306,
and a remote sound 307 are illustrated in each of FIGS.
3A, 3B, and 3C. Remote sound 307 is represented by a
wireless radio signal transmitted to ear-level device 110.
In this document, "occluded sound” includes occluded
sound 305, "ambient sound" includes ambient sound
306, and "remote sound" includes remote sound 307.
[0026] FIG. 3Ais an illustration of an exemplary exte-
rior configuration of an in-the-ear (ITE) device 310A used
as ear-level device 110 or one of ear-level devices 210A
and 210B. As shown in FIG. 3A, ITE device 310A is at-
tached to an ear 101 with a pinna 302 and an ear canal
303. ITE device 310A includes a portion inserted into ear
canal 303 and another portion fit into the cavity formed
by pinna 302.

[0027] FIG. 3B is an illustration of an exemplary exte-
rior configuration of an in-the-canal (ITC) device 310B
used as ear-level device 110 or one of ear-level devices
210A and 210B. As shown in FIG. 3B, ITC device 310B
is attached to ear 101 with pinna 302 and ear canal 303.
ITC device 310B is aform of ITE device thatalso includes
a portion inserted in ear canal 303 and another portion
fit into the cavity formed by pinna 302, but the latter por-
tion is smaller than that of ITE device 310A. Its overall
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size is therefore generally smaller than that of ITE deviee
310A.

[0028] FIG. 3C is an illustration of an exemplary exte-
rior configuration of a completely-in-the-canal (CIC) de-
vice 310C used as ear-level device 110 or one of ear-
level devices 210A and 210B. As shown in FIG. 3C, CIC
device 310C is attached to ear 101 with pinna 302 and
ear canal 303. CIC device 310C is a form of ITC device
but includes only a portion that is completed inserted into
ear canal 303. Its overall size is therefore generally small-
er than that of ITC device 310B.

[0029] In one embodiment, each of ITE device 310A,
ITC device 310B, and CIC device 310C includes a cus-
tom earmold. In another embodiment, each of ITE device
310A, ITC device 310B, and CIC device 310C includes
a modular earmold. In one embodiment, the earmold is
fully occluded to maximize audio efficiency. In another
embodiment, the earmold is vented to remove undesir-
able low frequency sound.

[0030] The choice of a device type, such as from the
types shown in FIGS. 3A, 3B, and 3C, depends on the
need of individual users. For example, ITE device 310A
has a relatively large size to accommodate a relatively
large amplifier to serve the need of individuals suffering
severe hearing loss. The relatively large size can also be
utilized to house a relatively large size battery. On the
other hand, CIC device 310C is almost invisible, while
the room for the circuit and the battery is very limited.
Generally, the selection of the device type is a compro-
mise among considerations such as the user’s degree
of hearing loss (if applicable), ear canal size, desire of
invisibility, desired longevity between battery replace-
ments or recharges, and cost.

[0031] FIG. 4A is a block diagram showing one em-
bodiment of the circuit of ear-level device shown in FIGS.
3A, 3B, or 3C used as the single ear-level device 110.
The circuit is housed in an earmold configured for use
as one of the device types illustrated as ear-level devices
310A, 310B, or 310C.

[0032] Ear-level device 110 includes an external mi-
crophone 420, an ear canal microphone 440, an car canal
speaker 470, a processor 460, a wireless transceiver
450, an antenna 455, a voice operated exchange (VOX)
circuit 430, and a battery 480. External microphone 420
picks up ambient sound such that a hearing impaired
person wearing ear-level device 110 is not "isolated"
when communicating to remote device 190. Thus, ear-
level device enables the hearing impaired person to talk
to another person either directly (if the other person is
nearby) or through a device such as a cell phone. Ear
canal microphone 440 detects sound from the ear canal.
The sound includes primarily speech of the person wear-
ing ear-level device 110. Ear canal speaker 470 transmits
sound received from remote device 190 and/or external
microphone 420 to the same ear canal. In one embodi-
ment, ear canal microphone 440 and ear canal speaker
470 are implemented as one physical device. Processor
460 converts the sound picked up from the ear canal to
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an electrical signal to be transmitted to remote device
190, and converts the signals received from remote de-
vice 190 and/or external microphone 420 to a sound au-
dible to the person wearing ear-level device 110. In one
embodiment, processor 460 includes one or more of am-
plification circuitry, filtering circuitry, acoustic feedback
reduction circuitry, noise reduction circuitry, and tone
control circuitry, among other circuits performing signal
processing functions as known in the art In one embod-
iment, processor 460 includes a speech recognition mod-
ule to enhance the audio signal received by and/or trans-
mitted from ear-level device 110. Wireless transceiver
450 and antenna 455 form a telemetry interface support-
ing telemetry link 195 between ear-level device 110 and
remote device 190. Wireless transceiver 450 includes a
wireless transmitter and a wireless receiver. The wireless
transmitter receives the electrical signal representing the
sound picked up from the ear canal from processor 460
and transmits an outgoing wireless signal representing
the same sound to remote device 190. The wireless re-
ceiver receives an incoming wireless signal representing
a remote sound from remote device 190 and transmits
an electrical signal representing the remote sound to
processor 460. Telemetry link 195 provides for bi-direc-
tional communication allowing simultaneous signal
transmission, in both directions, between ear-level de-
vice 110 and remote device 190. VOX circuit 430 acti-
vates a major portion of ear-level device 110 only when
sound is detected by at least one of external microphone
420, ear canal microphone 440, end wireless transceiver
450. In one embodiment, VOX circuit 430 includes a
voice-controlled switch connecting between battery 480
and the portions of ear-level device 110 that are voice
activated. The switch is driven by the sound detected by
at least one of external microphone 420, ear canal mi-
crophone 440, and wireless transceiver 450. It is turned
on when sound detected by external microphone 420
exceeds a predetermined threshold, when sound detect-
ed by ear canal microphone 440 exceeds another pre-
determined threshold, and/or when wireless transceiver
450 receives the incoming wireless signal representing
the remote sound. In one embodiment, as discussed with
respect to FIG. 4B below, VOX circuit 430 gates or at-
tenuates one or more sounds detected by external mi-
crophone 420, ear canal microphone 440, and wireless
transceiver 450, to eliminate or reduce echo and ringing
caused by the loop formed by ear canal speaker 470 and
ear canal microphone 440. Battery 480 supplies the pow-
er needed for the operation of ear-level device 110. In
one embodiment, battery 480 is a rechargeable battery
that can be recharged without being taken out from ear-
level device 110.

[0033] FIG. 4B is a block diagram showing one em-
bodiment of portions of VOX circuit 430. In this embodi-
ment, VOX circuit 430 includes an ambient sound gating
module 421 that blanks or attenuates the sound detected
by external microphone 420, an occluded sound gating
module 441 that blanks or attenuates the sound detected
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by ear canal microphone 440, a remote sound gating
module 451 that blanks or attenuates the sound detected
by wireless transceiver 450, and controller 431 to coor-
dinate the states of the gating modules. Because ear
canal microphone 440 is capable of detecting the sound
delivered to the ear canal from ear canal speaker 470,
there is a need to avoid echo and/or ringing. For example,
a remote sound from remote device 190 delivered to the
ear canal may be detected as an occluded sound and
transmitted back to remote device 190, causing echo.
The gating modules function in a coordinated manner to
eliminate or reduce such echo and/or ringing caused by
breaking, or applying resistance into, the audio loop
formed by ear canal speaker 470 and ear canal micro-
phone 440.

[0034] For the purpose of description, each of the gat-
ing modules is "on" when sound is "gated on" and "off
when the sound is'"gated off' A sound is "gated
on" when it is allowed to pass and be processed, and
is "gated off’ when it is blanked or substantially attenu-
ated. Blanking refers to a substantially complete block-
age of a sound, or in other words, that a detected sound
is practically ignored by processor 460 such that it does
not cause any echo or ringing that is audible by an ear.
Substantial attenuation refers to an attenuation after
which the attenuated sound does not cause any echo or
tinging having an intolerable intensity.

[0035] Ambient sound gating module 421 includes a
voice-driven switch or attenuator driven by the output of
a comparator that compares the amplitude of a detected
ambient sound with a predetermined threshold for the
ambient sound. When the amplitude of the detected am-
bient sound exceeds the threshold for the ambient sound,
and when controller 431 permits, ambient sound gating
module 421 is turned on. When the amplitude of the de-
tected ambient sound drops below the threshold for the
ambient sound, ambient sound gating module 421 is
turned off. In one embodiment, after the amplitude of the
detected ambient sound drops below the threshold for
the ambient sound, ambient sound gating module 421 is
turned off after a predetermined delay.

[0036] Occluded sound gating module 441 includes a
voice-driven switch or attenuator driven by the output of
a comparator that compares the amplitude of a detected
occluded sound with a predetermined threshold for the
occluded sound. When the amplitude of the detected oc-
cluded sound exceeds the threshold for the occluded
sound, and when controller 431 permits, occluded sound
gating module 441 is turned on. When the amplitude of
the detected occluded sound drops below the threshold
for the occluded sound, occluded sound gating module
441 is turned off. In one embodiment, after the amplitude
of the detected occluded sound drops below the thresh-
old for the occluded sound, occluded sound gating mod-
ule 441 is turned off after a predetermined delay.
[0037] Inone embodiment, remote sound gating mod-
ule 451 includes a voice-driven switch or attenuator driv-
en by the output of a comparator that compares the am-
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plitude of a remote sound with a predetermined threshold
forthe remote sound. When the amplitude of the detected
remote sound exceeds the threshold for the remote
sound, and when controller 431 permits, remote sound
gating module 451 is turned on. When the amplitude of
the detected remote sound drops below the threshold for
the remote sound, remote sound gating module 451 is
turned off. In one embodiment, after the amplitude of the
detected remote sound drops below the threshold for the
remote sound, remote sound gating module 451 is turned
off after a predetermined delay.

[0038] In another embodiment, remote sound gating
module 451 includes a switch or attenuator driven by the
detection of the incoming wireless signal representing
the remote sound. Remote sound gating module 451 is
turned on upon detection of the incoming wireless signal
when controller 431 permits, and turned off when the
incoming wireless signal is no longer detected. In one
embodiment, remote sound gating module 451 is turned
off after the incoming wireless signal is absent for a pre-
determined period.

[0039] Controller 431 coordinates the on/off states of
all the gating modules so the sounds are processed in
an orderly fashion. Even if a sound is detected, the gating
module corresponding to that sound is turned on only
when controller 431 permits. In one embodiment, assum-
ing that sounds A and B are gated by gating modules A
and B, respectively, if both sounds A and B are detected,
whichever sound is detected earlier is gated on. That is,
if sound A exceeds its threshold first, gating module A is
turned on and remain on until sound A drops below
threshold A. Then, gating module B is turned only if sound
B exceeds its threshold after gating module A has been
turn off.

[0040] In one embodiment, controller 431 coordinates
the on/off states of all the gating modules according to
predetermined or programmed gating coordination rules.
According to one exemplary rule, ambient sound gating
module 421 is off, occluded sound gating module 441 is
off, and remote sound gating module 451 is on. This rule
allows only the transmission of the remote sound to ear
canal 303, and prevents the remote sound from being
detected by ear canal microphone 440 and echoed back
to remote device 190. According to another exemplary
rule, ambient sound gating module 421 is on, occluded
sound gating module 441 is off, and remote sound gating
module 451 is on. This rule allows the transmission of
both the remote sound and the ambient sound to ear
canal 303, and prevents the remote sound from being
detected by ear canal microphone 440 and echoed back
to remote device 190. This also prevents the ambient
sound from being transmitted to remote device 190. Ac-
cording to yet another exemplary rule, ambient sound
gating module 421 is off, occluded sound gating module
441 is on, and remote sound gating module 451 is off.
When the person wearing ear-level device 110 speaks,
both external microphone 420 and ear canal microphone
440 detect the voice. The voice as detected by ear-level
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device 110 is first transmitted to remote device 190. With-
out the gating modules (or when ambient sound gating
module 421 and occluded sound gating module 441 are
both on), the same voice as detected by external micro-
phone 420 is transmitted to ear canal 303, and therefore
again detected by ear canal microphone 440, and again
be transmitted to remote device 190. This rule allows
only the transmission of the occluded sound to remote
device 190, and prevents the same sound from being
transmitted to remote device 190 twice. Other rules are
applied as a person skilled in the art should see fit based
on an understanding after reading this entire document.
[0041] FIG. 5is a block diagram showing another em-
bodiment of the circuit of ear-level device shown in FIGS.
3A, 3B, or 3C used as each of ear-level devices 210A
and 210B. The circuit of each of ear-level devices 210A
and 210B is housed in an earmold configured for use as
of one of the device types illustrated as ear-level devices
310A, 310B, or 310C.

[0042] Ear-level device 210A is an audio transmitter
that includes an ear canal microphone 540, a processor
560A, a wireless transmitter 550A, an antenna 555A, a
transmitter VOX circuit 530A, and a battery 580A. Ear
canal microphone 540 detects sound from the ear canal.
The sound includes primarily speech of the person wear-
ing ear-level device 210A. Processor 560A converts the
sound picked up from the ear canal to an electrical signal
to be transmitted to remote device 290. In one embodi-
ment, processor 560A includes one or more of amplifi-
cation circuitry, filtering circuitry, acoustic feedback re-
duction circuitry, noise reduction circuitry, and tone con-
trol circuitry, among other circuits performing signal
processing functions as known in the art. In one embod-
iment, processor 560A includes a speech recognition
module used to enhance the sound transmitted from ear-
level device 210A. Wireless transmitter 550A and anten-
na 555A form a telemetry interface supporting signal
transmission from ear-level device 210A to remote de-
vice 290. Wireless transmitter 550A receives the electri-
cal signal representing the sound picked up from the ear
canal from processor 560A and transmits an outgoing
wireless signal representing the same sound to remote
device 290. VOX circuit 530A activates a major portion
of ear-level device 210A only when sound is detected by
ear canal microphone 540. In one embodiment, VOX cir-
cuit 530A includes a voice-controlled switch connecting
between battery 580A and the portions of ear-level de-
vice 210A that are voice activated. The switch is driven
by the sound detected by ear canal microphone 540. It
is turned on when sound detected by ear canal micro-
phone 540 exceeds a predetermined threshold. In one
embodiment, VOX circuit 530A activates processor 560A
when the sound is detected. In one further embodiment,
VOX circuit 530A also activates wireless transmitter
550A when the sound is detected. Battery 580A supplies
the power needed for the operation of ear-level device
210A. In one embodiment, battery 580A is a rechargea-
ble battery that can be recharged without being taken out
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from ear-level device 210A.

[0043] Ear-level device 210B is an audio receiver that
includes an external microphone 520, an ear canal
speaker 570, a processor 560B, a wireless receiver
550B, an antenna 555B, a receiver VOX circuit 530B,
and a battery 580B. External microphone 520 picks up
ambient sound such that the person wearing ear-level
devices 210A and 210B is not "isolated" when commu-
nicating to remote device 290. It allows that person to
talk to a nearby person directly, without the need to take
off ear-level devices 210A and/or 210B. Bar canal speak-
er 570 transmits sound received from remote device 290
and/or external microphone 520 to the same ear canal.
Processor 560B converts the signals received from re-
mote device 290 and/or external microphone 520 to a
sound audible to the person wearing ear-level device
210B. In one embodiment, processor 560B includes one
or more of amplification circuitry, filtering circuitry, acous-
tic feedback reduction circuitry, noise reduction circuitry,
and tone control circuitry, among other circuits perform-
ing signal processing functions as known in the art. In
one embodiment, processor 560B includes a speechrec-
ognition module used to enhance the audio signals re-
ceived by ear-level device 210B. Wireless receiver 550B
and antenna 555B form a telemetry interface supporting
signal transmission from remote device 290 to ear-level
device 210B. Wireless receiver 550B receives an incom-
ing wireless signal representing a remote sound from re-
mote device 290 and transmits an electrical signal rep-
resenting the remote sound to processor 560B. VOX cir-
cuit 530B activates a major portion of ear-level device
110 only when sound is detected by at least one of ex-
ternal microphone 520 and wireless receiver 550B. In
one embodiment, VOX circuit 530B includes a voice-con-
trolled switch connecting between battery 580B and the
portions of ear-level device 210B that are voice activated.
The switch is driven by the sound detected by at least
one of external microphone 520 and wireless receiver
550B. It is turned on when sound detected by external
microphone 520 exceeds a predetermined threshold
and/or when wireless transceiver 550B receives the in-
coming wireless signal representing the remote sound.
In one embodiment, VOX circuit 530B activates proces-
sor 560B when the sound is detected. In one further em-
bodiment, VOX circuit 530B also activates ear-level
speaker 570 when the sound is detected. Battery 580B
supplies the power needed for the operation of ear-level
device 210B. In one embodiment, battery 580B is a re-
chargeable battery that can be recharged without being
taken out from ear-level device 210B.

[0044] System 200 accommodates a larger overall cir-
cuit size without necessarily increasing the size of each
ITE device. While two separate ear-level devices are re-
quired, because system 200 includes separate audio
transmitter (ear-level device 210A) and receiver (ear-lev-
el device 210B) disposed in the ear canals of opposite
ears, ear canal speaker 570 and ear canal microphone
540 do not form a loop causing echo and ringing.
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[0045] FIG. 6is an illustration of an exemplary exterior
configuration of an ear-level device including a behind-
the-ear (BTE) device 610 used as ear-level device 110
or one of ear-level devices 210A and 210B. BTE device
610 is attached to ear 101 with pinna 302 and ear canal
303. In one embodiment, BTE device 610 is used when
none of ITE device 310A, PTC device 310B, and CIC
device 310C provides sufficient space accommodating
the required circuit and battery sizes. For the purpose of
this document, only a device attached to a right ear is
shown for each exterior structure. It is to be understood
that each of ear-level devices 110, 210A, and 210B can
be eithera BTE device configured for right ear attachment
or a BTE device configured for left ear attachment. Gen-
erally, a BTE device configured for right ear attachment
has a substantially symmetrical appearance to a device
of the same type configured for left ear attachment In
system 100, ear-level device 110 is a device configured
either for right ear attachment or for left ear attachment.
In system 200, either one of ear-level device 210A and
210B is a device structured forright ear attachment, while
the other is a device structured for left ear attachment.
[0046] BTE device 610includes a behind-the-earmod-
ule (BTE module) 611 and an in-the-ear module (ITE
module) 612. ITE module 612 includes a custom or mod-
ular earmold. In one embodiment, the earmold is fully
occluded to maximize audio efficiency. In another em-
bodiment, the earmold is vented to remove undesirable
low frequency sound.

[0047] FIG. 7 is a block diagram showing one embod-
iment of the circuit of ear-level device shown in FIG. 6
used as ear-level device 110. The exterior configuration
of ear-level device 110 is of the type illustrated as BTE
device 610.

[0048] Ear-level device 110 configured as BTE device
610 differs from ear-level device 110 configured as
ITE/ITC/CIC devices 310A/310B/310C primarily in the
physical arrangement of device components. By way of
example, but not by way of limitation, FIG. 7 illustrates
one embodiment in which BTE module 611 includes ex-
ternal microphone 420, processor 460, wireless trans-
ceiver 450, antenna 455, VOX circuit 430, and battery
480, and ITE module 612 includes ear canal microphone
440 and ear canal speaker 470. Other possible embod-
iments depend on size and other considerations that are
known to those skilled in the art. In one embodiment,
behind-ear portion 611 includes only battery 480 to max-
imize the duration of use of ear-level device 110 between
battery replacements or recharges.

[0049] FIG. 8 is a block diagram showing another em-
bodiment of the circuit of ear-level device shown in FIG.
6 used as each of ear-level devices 210A and 210B. The
exterior configuration of each of ear-level devices 210A
and 210B is of the type illustrated as BTE device 610.
[0050] Ear-level devices 210A/210B configured as
BTE device 610 differ from ear-level devices 210A/210B
configured as ITE/ITC/CIC devices 310A/310B/310C pri-
marily in the physical arrangement of device compo-
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nents. By way of example, but not by way of limitation,
FIG. 8 illustrates one embodiment of ear-level device
210A including a BTE module 611A and an ITE module
612A, and ear-level device 210B including a BTE module
611B and an ITE module 612B. BTE module 611A in-
cludes processor 560A, wireless transmitter 550A, an-
tenna 555A, transmitter VOX circuit 530A, and battery
580A. ITE module 612A includes ear canal microphone
540. Behind-the-ear portion 611B includes external mi-
crophone 520, processor 560B, wireless receiver 550B,
antenna 555B, receiver VOX circuit 530B, and battery
580B. ITE module 612B includes ear canal speaker 570.
Other possible embodiments depend on size and other
considerations that are known to those skilled in the art.
In one embodiment, BTE modules 611A and 611B in-
clude only batteries 580A and 580B, respectively, to max-
imize the duration of use of ear-level devices 210A and
210B, respectively, between battery replacements or re-
charges.

[0051] FIG. 9is aflow chartillustrating an embodiment
of a method for audio communication using system 100
or system 200. The method provides for private, simul-
taneous two-way communication between a person and
a remote device such as a computer, a personal digital
assistant (PDA), a cellular phone, a walkie talkie, or a
language translator. In this embodiment. VOX is used for
power management. A VOX circuit includes a power
switch connecting a battery to the portions of the circuit
of system 100 or system 200 that are voice activated.
The VOXis "on" when the voice-activated portions of the
circuit are activated, i.e., when the power switch remains
on. It is "started" by turning on the power switch, and
"stopped" by turning off the power switch.

[0052] Steps 910-918 illustrate the process of detect-
ing a sound from an ear canal and transmitting it to a
remote device. A microphone disposed in an ear canal
detects an occluded sound within the ear canal at 910.
If the occluded sound is detected at 911, the VOX of the
system is started at 912 if it is not already on. The oc-
cluded sound is enhanced at 914 with a voice recognition
system that improves the signal-to-noise ratio, where the
signalis the voice of a speech, and the noise is any sound
other than the voice of the speech. The occluded sound
is then converted to an outgoing radio signal at 916. The
outgoing radio signal representing the occluded sound
is transmitted to the remote device at 918.

[0053] Steps 920-928 illustrate the process of detect-
ing a sound sent from the remote device and transmitting
it to the ear canal. A radio receiver detects an incoming
radio signalrepresenting a remote sound from the remote
device at 920. If the incoming radio signal is detected at
921, the VOX of the system is started at 922 if it is not
already on. The incoming radio signal is converted to a
first incoming audio signal (the remote sound) at 924.
The first incoming audio signal is enhanced at 926 with
a voice recognition system that improves the signal-to-
noise ratio, where the signal is the voice from the remote
device, and the noise is any sound other than the voice.
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A speaker disposed in the ear canal transmits the first
incoming audio signal representing the sound from the
remote device to the ear canal at 928.

[0054] Steps 930-938 illustrate the process of detect-
ing a sound from the environment and transmit it to the
ear canal. A microphone outside the ear canal detects
anambientsound at 930. If the ambient sound is detected
at 931, the VOX of the system is started at 932 if it is not
already on. The ambient sound is converted to a second
incoming audio signal at 934. The second incoming audio
signalis enhanced at 936 with a voice recognition system
that improves the signal-to-noise ratio, where the signal
is any voice included in the ambient sound, and the noise
is any sound other than the voice. A speaker disposed
in the ear canal transmits the second incoming audio
signal representing to the ear canal at 928.

[0055] If no signal (sound or radio signal) is detected
at911, 921, and 931, the VOX is stopped at 940. In other
words, if no sound is to be processed, the communication
system is inactivated except for the portions that must
be active for sound detection at all times. In one embod-
iment, the VOX is stopped after a predetermined period
of time to avoid frequent activation/deactivation during a
conversation.

[0056] Systems 100 and 200 are each a full duplex
system capable of performing steps 910-918, 920-928,
and 930-938 are performed in parallel and simultaneous-
ly. In an embodiment in which system 100 performs the
method, ear-level device 110 performs steps 910-918,
924-928, and 930-938. If a signal is detected at 911, 921,
or 931, VOX 430 activates at least portions of device 110
performing steps 914-918, 924-928, or 934-938, respec-
tively. If no signal is detected at 911, 921, or 931, VOX
430 deactivates at least the portions of device 110 per-
forming steps 914-918, 924-928, or 934-938, respective-
ly.

[0057] In an embodiment in which system 200 per-
forms the method, ear-level device 210A performs steps
910-918, and ear-level device 210B performs steps
920-928 and 930-930. If a signal is detected at 911, trans-
mitter VOX 530A activates at least portions of device
210A performing steps 914-918. If a signal is detected
at 921 or 931, receiver VOX 530B activates at least por-
tions of device 210B performing steps 924-928 or
934-938, respectively. If no signal is detected at 911,
transmitter VOX 530A deactivates at least the portions
of device 210A performing steps 914-918. If no signal is
detected at 921 or 931, receiver VOX 530B deactivates
at least the portions of device 210B performing steps
924-928 or 934-938, respectively.

[0058] FIG. 10 is a flow chart illustrating another em-
bodiment of the method for audio communication using
system 100. In this embodiment, in addition to power
management, the VOXis also used for gating, i.e., blank-
ing or attenuating, sounds. The VOX circuit includes a
power switch connecting a battery to the portions of the
circuit of system 100 that are voice activated and gating
modules capable of blanking or attenuating the occluded
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sound, the remote sound, and the ambient sound. Ex-
amples of such gating modules include occluded sound
gating module 441, remote sound gating module 451,
and ambient sound gating module 421, designated for
the occluded sound, the remote sound, and the ambient
sound, respectively.

[0059] Steps 1010-1019 illustrate the process of de-
tecting the occluded sound from the ear canal and trans-
mitting it to the remote device. The microphone disposed
in the ear canal detects the occluded sound within the
ear canal at 1010. If the occluded sound is detected at
1011, the VOX of the system is started to power the voice-
activated portions of the circuit of system 100 at 1012 if
they are not already powered. The VOX determines
whether to start gating the occluded sound on at 1013.
In one embodiment, the occluded sound is gated on when
its amplitude exceeds a predetermined threshold and
when the effective gating coordination rule permits. Ex-
amples of gating coordination rules are described above
with respect to FIG. 4B. If the occluded sound is gated
onat1013, itis processed at 1014 by following steps that
are identical or similar to steps 914-916-918. The occlud-
ed sound is gated off at 1019 if it has been gated on but
is no longer detected. In one embodiment, the occluded
sound is gated off after it is not detected for a predeter-
mined period.

[0060] Steps 1020-1028 illustrate the process of de-
tecting the remote sound sent from the remote device
and transmitting it to the ear canal. A radio receiver de-
tects the incoming radio signal representing the remote
sound from the remote device at 1020. If the remote
sound is detected at 1021, the VOX of the system is start-
ed to power the voice-activated portions of the circuit of
system 100 at 1022 if they are not already powered. The
VOX determines whether to start gating the remote
sound on at 1023. In one embodiment, the remote sound
is gated on when its amplitude exceeds a predetermined
threshold and when the effective gating coordination rule
permits. In another embodiment, the remote sound is gat-
ed on when the incoming radio signal is detected and
when the effective gating coordination rules permits. If
the remote sound is gated on at 1023, it is processed at
1024 by following steps that are identical or similar to
steps 924-926-928. The remote sound is gated off at
1029 if it has been gated on but is no longer detected. In
one embodiment, the remote sound is gated off after it
is not detected for a predetermined period.

[0061] Steps 1030-1038 illustrate the process of de-
tecting the ambient sound and transmit it to the ear canal.
A microphone outside the ear canal detects the ambient
sound at 1030. If the ambient sound is detected at 1031,
the VOX of the system is started to power the voice-
activated portions of the circuit of system 100 at 1032 if
they are not already powered. The VOX determines
whether to start gating the ambient sound on at 1033. In
one embodiment, the ambient sound is gated on when
its amplitude exceeds a predetermined threshold and
when the effective gating coordination rule permits. If the
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ambient sound is gated on at 1033, it is processed at
1034 by following steps that are identical or similar to
steps 934-936-938. The ambient sound is gated off at
1039 if it has been gated on but is no longer detected. In
one embodiment, the ambient sound is gated off after it
is not detected for a predetermined period.

[0062] If no signal (sound or radio signal) is detected
at 1011,1021, and 1031, the VOX is stopped at 1040. In
other words, if no sound is to be processed, the commu-
nication system is inactivated except for the portions that
must be active for sound detection at all times, In one
embodiment, the VOX is stopped after a predetermined
period of time to avoid Sequent activation/deactivation
during a conversation.

[0063] It is to be understood that the above detailed
description is intended to be illustrative, and not restric-
tive. Other embodiments will be apparent to those of skill
in the art upon reading and understanding the above de-
scription. For example, two ear-level devices 110, or a
pair of devices each being similar to ear-level device 110,
can be used to deliver a stereo sound. The scope of the
invention should, therefore, be determined with refer-
ence to the appended claims.

Claims

1. A system adapted for use in at least one of afirst ear
(101A) having a first ear canal (303) and a second
ear (101B) having a second ear canal (303) com-
prising:

a first ear-level device (110, 210A) configured
to be one of an in-the-ear (ITE) device and a
behind-the-ear (BTE) device, the first ear-level
device including:

a first microphone (440) adapted for use in
one of the first ear canal and the second ear
canal, and adapted to receive an occluded
sound (305) within the one of the first ear
canal (303) and the second ear canal (303);
and

a wireless receiver, connected to a first
processor (460), to receive a first wireless
signal representing a remote sound;

wherein the first processor (460) is connected to the
first microphone (440) and is adapted to process the
occluded sound (305) and the remote sound; the first
ear level device further including:

a speaker adapted for use in the one of the first
ear canal (303) and the second ear canal (303)
and adapted to transmit the processed remote
sound to the one of the first ear canal (303) and
the second ear canal (303);

a wireless transmitter, connected to the first
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processor (460) and adapted to receive the
processed occluded sound from the first proc-
essor (460) and transmit a second wireless sig-
nal representing the occluded sound;

a first earmold housing at least the first micro-
phone (440) and the speaker (470), at least a
portion of the first earmold configured for place-
ment in the one of the first ear canal (303) and
the second ear canal (303); and

a first voice operated exchange (VOX) circuit
(430) connected to the first processor (460);
the first VOX circuit (430) including:

an occluded sound gating module (441)
adapted to gate the occluded sound on, and
to gate the remote sound off, when the oc-
cluded sound is detected while the remote
sound is not detected; and

aremote sound gating module (451) adapt-
ed to gate the remote sound on, and to gate
the occluded sound off, when the incoming
remote sound is detected while the occlud-
ed sound is not detected.

2. A system according to claim 1, wherein the first ear-

mold houses the first microphone (440), the first
processor (460) and the wireless transmitter, and
wherein the first earmold is configured for use as the
ITE device (310A).

3. A system according to claim 1, wherein the first ear
level device (110,210A) comprises an ITE module
including the first microphone (440) and a BTE mod-
ule attached to the ITE module, the BTE module in-
cluding the first processor and the wireless transmit-
ter.

4. A system according to claim 1, wherein the first mi-
crophone (440) and the speaker (470) are imple-
mented as one common device receiving the occlud-
ed sound and transmitting the processed remote
sound.

5. A system according to claim 4, further comprising a
second microphone (420) connected to the first proc-
essor (460), the second microphone (420) adapted
to receive an ambient sound from outside the one of
the first ear canal (303) and the second ear canal
(303), and wherein:

the first processor (460) further processes the
ambient sound; and

the speaker (470) is configured to transmit the
processed remote and ambient sounds to the
one of the first ear canal (303) and the second
ear canal (303).

6. Asystem accordingto claim 5, wherein the first VOX
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circuit (430) comprises an ambient sound gating
module (421), coupled to the first microphone (420),
to blank or substantially attenuate the ambient
sound.

A system according to any of the preceding claims,
wherein the first processor (460) comprisesa speech
recognition module.

A system according to any of claims 4 - 7, wherein
the first earmold houses the first microphone (440),
the first processor (460), the wireless transmitter, the
wireless receiver, and the speaker (470), and where-
in the first earmold is configured for use as the ITE
device.

A system according to claim 8, wherein the first ear-
mold is configured for use as an in-the-canal (ITC)
device (310B).

A system according to claim 9, wherein the first ear-
mold is configured for use as a completely-in-the-
canal (CIC) device (310C).

A system according to any of claims 4 - 7, wherein
the first ear level device (110,210A) comprises an
ITE module including the first microphone (440) and
the speaker (470) and a BTE module attached to the
ITE module and including the second microphone
(420), the first processor (460), the wireless trans-
mitter and the wireless receiver.

A system according to claim 11, wherein the BTE
module comprises the first voice operated exchange
(VOX) circuit (430).

A system according to claim 11, wherein the BTE
module comprises a rechargeable battery (480).

A system according to any of claims 7 - 13, further
comprising a remote device (190, 290) communica-
tively coupled to the wireless transmitter and the
wireless receiver via a telemetry link (195, 295) pro-
viding for simultaneous bidirectional communication
between the first ear-level device (110, 210A) and
the remote device (190, 290).

A system according to claim 14, wherein the remote
device (190, 290) comprises at least one of a com-
puter, a personal digital assistant (PDA), a cellular
phone, a walkie talkie, or a language translator.

A system according to claim 1, wherein the first mi-
crophone (440) is adapted for use in the first ear
canal (303) and receives the occluded sound within
the first ear canal (303), wherein the at least the por-
tion of the first earmold is configured for placement
in the first ear canal (303), and further comprising a
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20
second ear-level device (210B) including:

awireless receiver to receive a first wireless sig-
nal representing a remote sound;

a second processor (260), connected to the
wireless receiver, to convert the first wireless
signal to the remote sound;

a speaker (470) connected to the second proc-
essor, the speaker adapted foruse inthe second
ear canal (303) to transmit the remote sound to
the second ear canal (303); and

a second earmold housing at least the speaker,
at least a portion of the second earmold config-
ured for placement in the second ear canal
(303).

A system according to claim 16, wherein the second
ear-level device (210B) further comprises a second
microphone (420) connected to the second proces-
sor (460), the second microphone (420) adapted to
receive an ambient sound from outside the second
ear canal (303), and wherein:

the second processor (460) further processes
the ambient sound; and

the speaker (470) is configured to transmit the
remote sound and the processed ambient sound
to the second ear canal (303).

A system according to any of claims 16 and 17,
wherein the first ear-level device (110,210A) com-
prises the first voice operated exchange (VOX) cir-
cuit (430) connected to the first processor (460), and
the second ear-level device (210B) further compris-
es a second VOX circuit (430) connected to the sec-
ond processor.

A system according to any of claims 16 - 18, wherein
the first processor and the second processor each
comprise a speech recognition module.

A system according to any of claims 16 - 19, wherein
the first and second ear-level devices are each the
BTE device.

A system according to any of claims 16 - 19, wherein
the first and second ear-level devices are each the
ITE device.

A system according to claim 21, wherein the firstand
second ear-level devices are each an in-the-canal
(ITC) device (310B).

A system according to claim 22, wherein the firstand
second ear-level devices are each a completely-in-

the-canal (CIC) device (310C).

A system according to any of claims 16 - 23, further
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comprising a remote device (190,290) communica-
tively coupled to the first and second ear-level de-
vices.

A system according to claim 24, wherein the remote
device (190, 290) comprises at least one of a com-
puter, a personal digital assistant (PDA), a cellular
phone, a walkie talkie, or a language translator.

A method, comprising:

detecting an occluded sound using a first micro-
phone adapted for use in an ear canal (303);
detecting an incoming radio signal representing
aremote sound from aremote device (190, 290);
starting a voice operated exchange (VOX)
housed within an ear-level communication de-
vice when at least one of the occluded sound
and the incoming radio signal is detected if the
VOX is not already on, the ear level communi-
cation device being one of an in-the-ear (ITE)
device and a behind-the-ear (BTE) device;
gating the occluded sound on, and gating the
remote sound off, when the occluded sound is
detected while the incoming radio signal is not
detected; and

gating the remote sound on, and gating the oc-
cluded sound off, when the incomingradio signal
is detected while the occluded sound is not de-
tected.

A method according to claim 26, wherein detecting
the occluded sound comprises comparing an ampli-
tude of the occluded sound to an occluded sound
threshold, wherein the occluded sound is detected
when the amplitude of the occluded sound exceeds
the occluded sound threshold.

A method according to any of claims 26 and 27,
wherein detecting the incoming radio signal compris-
es comparing an amplitude of the remote sound to
a remote sound threshold, wherein the incoming ra-
dio signal is detected when the amplitude of the re-
mote sound exceeds the remote sound threshold.

A method according to any of claims 26 - 28, further
comprising detecting an ambient sound using a sec-
ond microphone, and wherein starting the VOX com-
prises starting the VOX when at least one of the oc-
cluded sound, the incoming radio signal, and the am-
bient sound is detected if the VOXis not already on.

A method according to claim 29, further comprising
gating the occluded sound off, gating the remote
sound on, and gating the ambient sound off, when
the incoming radio signal is detected while the oc-
cluded sound is not detected.
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31. A method according to claim 29, further comprising

gating the occluded sound off, gating the remote
sound on, and gating the ambient sound on, when
the incoming radio signal is detected while the oc-
cluded sound is not detected.

32. A method according to claim 29, further comprising

gating the occluded sound on, gating the remote
sound off, and gating the ambient sound off, when
the occluded sound is detected while the incoming
radio signal is not detected.

Patentanspriiche

1.

System, das zur Verwendung in einem ersten Ohr
(101A) mit einem ersten Gehdrgang (303) und/oder
einem zweiten Ohr (101B) mit einem zweiten Ge-
hérgang (303) eingerichtet ist, mit:

einer ersten ohrebenen- bzw. ohrseitigen Vor-
richtung (110, 210A), die dafur eingerichtet ist,
eine In-Ohr-Vorrichtung (ITE) oder eine Hinter-
Ohr-Vorrichtung (BTE) zu sein, wobei die erste
ohrseitige Vorrichtung beinhaltet:

ein erstes Mikrofon (440), das zur Verwen-
dung in dem ersten Gehdrgang oder dem
zweiten Gehdrgang eingerichtet ist, und
das dafir eingerichtet ist, einen verdeckten
Ton (305) in jeweils dem ersten Gehdrgang
(303) oder dem zweiten Gehdrgang (303)
zu empfangen; und

einen Drahtlosempfanger, der miteinem er-
sten Prozessor (460) verbunden ist, um ein
erstes Drahtlossignal zu empfangen, wel-
ches einen Fernton darstellt;

wobei der erste Prozessor (460) mit dem ersten Mi-
krofon (440) verbunden und dafiir eingerichtet ist,
den verdeckten Ton (305) und den Fernton zu ver-
arbeiten;
wobei die erste ohrseitige Vorrichtung ferner be-
inhaltet:

einen Lautsprecher, derzur Verwendung in dem
jeweiligen ersten Gehdrgang (303) oder dem
zweiten Gehdrgang (303) eingerichtet ist, und
der dafiir eingerichtet ist, den verarbeiteten
Fernton an den jeweiligen ersten Gehdrgang
(303) oder den zweiten Gehdrgang (303) zu
Ubertragen;

einen Drahtlossender, der mit dem ersten Pro-
zessor (460) verbunden und dafir eingerichtet
ist, den verarbeiteten verdeckten Ton von dem
ersten Prozessor (460) zu empfangen und ein
zweites Drahtlossignal, das den verdeckten Ton
darstellt, zu senden;
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ein erstes Ohrformgehause wenigstens beidem
ersten Mikrofon (440) und dem Lautsprecher
(470), wobei wenigstens ein Teil der ersten Ohr-
form dafir eingerichtet ist, in dem ersten Gehdr-
gang (303) oder dem zweiten Gehdrgang (303)
platziert zu werden; und

eine erste stimmbetriebene Austauschschal-
tung (VOX) (430), die mit dem ersten Prozessor
(460) verbunden ist;

wobei die erste VOX-Schaltung (430) beinhaltet:

ein Ausblendmodul (441) fir einen verdeckten
Ton, das dafir eingerichtet ist, den verdeckten
Ton einzublenden und den Fernton auszublen-
den, wenn der verdeckte Ton bestimmt wird,
wahrend der Fernton nicht bestimmt wird; und
ein Ausblendmodul (441) fir einen Fernton, das
dafiir eingerichtet ist, den Fernton einzublenden
und den verdeckten Ton auszublenden, wenn
der eingehende Fernton bestimmt wird, wah-
rend der verdeckte Ton nicht bestimmt wird.

System nach Anspruch 1, bei dem eine erste Ohr-
form das erste Mikrofon (440), den ersten Prozessor
(460) und den Drahtlossender einschlief3t, und bei
dem die erste Ohrform zur Verwendung als ITE-Vor-
richtung (310) eingerichtet ist.

System nach Anspruch 1, bei dem die erste ohrsei-
tige Vorrichtung (110, 210A) ein ITE-Modul, das das
erste Mikrofon (440) beinhaltet, und ein zweites
BTE-Modul, das an das ITE-Modul angebracht ist,
beinhaltet, wobei das ITE-Modul den ersten Prozes-
sor und den Drahtlossender beinhaltet.

System nach Anspruch 1, bei dem das erste Mikro-
fon (440) und der Lautsprecher (470) als eine ge-
meinsame Vorrichtung implementiert sind, die den
verdeckten Ton empfangt und den verarbeiteten
Fernton sendet.

System nach Anspruch 4, ferner mit einem zweiten
Mikrofon (420), das mit dem ersten Prozessor (460)
verbunden ist, wobei das zweite Mikrofon (420) dafir
eingerichtet ist, einen imgebungston von auerhalb
das jeweiligen ersten Gehdrgangs (303) oder des
zweiten Gehodrgangs (303) zu empfangen, und wo-
bei:

der erste Prozessor (460) den Umgebungston
ferner bzw. weiterverarbeitet; und

der Lautsprecher (470) dafiir eingerichtet ist,
den verarbeiteten Fern- und Umgebungston an
den jeweiligen ersten Gehdrgang (303) und
zweiten Gehdrgang (303) zu senden.

6. System nach Anspruch 5, bei dem die erste VOX-
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Schaltung (430) ein Umgebungstonausblendmodul
(421) aufweist, das mit dem ersten Mikrofon (420)
verbunden ist, um den Umgebungston auf Null zu
setzen oder ihn wesentlich zu dampfen.

System nach einem der vorstehenden Anspriiche,
bei dem der erste Prozessor (460) ein Spracherken-
nungsmodul aufweist.

System nach einem der Anspriiche 4 bis 7, bei dem
die erste Ohrform, das erste Mikrofon (440), den er-
sten Prozessor (460), den Drahtlossender, den
Drahtlosempfénger und den Lautsprecher (470) ein-
schlief3t, und bei dem die erste Ohrform dafir ein-
gerichtet ist, als die ITE-Vorrichtung verwendet zu
werden.

System nach Anspruch 8, bei dem die erste Ohrform
zur Verwendung als In-Kanal-Vorrichtung (ITC)
(310B) verwendet zu werden.

System nach Anspruch 9, bei dem die erste Ohrform
zur Verwendung als vollstandig-In-Kanal-Vorrich-
tung (CIC) (310C) verwendet zu werden.

System nach einem der Anspriiche 4 bis 7, bei dem
die erste ohrseitige Vorrichtung (110, 210A) ein ITE-
Modul aufweist, das das erste Mikrofon (440) und
den Lautsprecher (470) und ein BTE-Modul, das an
das ITE-Modul angebracht ist, und das das zweite
Mikrofon (420), den ersten Prozessor (460), den
drahtlos Sender und den drahtlos Empfanger be-
inhaltet, beinhaltet.

System nach Anspruch 11, bei dem das BTE-Modul
die erste sprachbetriebene Austauschschaltung
(VOX) (340) aufweist.

System nach Anspruch 11, bei dem das BTE-Modul
eine wideraufladbare Batterie (480) aufweist.

System nach einem der Anspriiche 7 bis 13, das
ferner eine entfernte Vorrichtung (190, 290) auf-
weist, die mit dem Drahtlossender und dem Draht-
losempfanger Giber eine Telemetrieverbindung (195,
295) in Kommunikationsverbindung steht, um eine
gleichzeitige bi-direktionale Kommunikation zwi-
schen der ersten ohrseitigen Vorrichtung (110,
210A) und der entfernten Vorrichtung (190, 290) be-
reitzustellen.

System nach Anspruch 14, bei dem die entfernte
Vorrichtung (190, 290) wenigstens einen Computer,
einen Personal Digital Assistant (PDA), ein Mobilte-
lefon, ein Walkie Talkie und/oder einen Sprachtiber-
setzer aufweist.

System nach Anspruch 1, bei dem das erste Mikro-
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fon (440) dafiir eingerichtet ist, in dem ersten Ge-
hérgang (303) verwendet zu werden, und dieses den
verdeckten Ton in dem ersten Gehdrgang (303)
empféngt, wobei der wenigstens eine Abschnitt der
ersten Ohrform zur Anordnung in dem ersten Ge-
hérgang (303) eingerichtet ist, und ferner mit einer
zweiten ohrseitigen Vorrichtung (210B), die beinhal-
tet:

einen Drahtlosempfanger, um ein erstes Draht-
lossignal zu empfangen, das einen Fernton dar-
stellt;

einen zweiten Prozessor (260), der mit dem
Drahtlosempfanger verbunden ist, um das erste
Drahtlossignal in den Fernton umzuwandein;
einen Lautsprecher (470), der mit dem zweiten
Prozessor verbunden ist, wobei der Lautspre-
cher zur Verwendung in dem zweiten Gehor-
gang (303) eingerichtet ist, um den Fernton an
den zweiten Gehdrgang (303) zu Ubertragen;
und

einer zweiten Ohrform, die wenigstens den
Lautsprecher einschlie3t, wobei wenigstens ein
Teil der zweiten Ohrform zur Anordnung in dem
zweiten Gehdrgang (303) eingerichtet ist.

System nach Anspruch 16, bei dem die zweite ohr-
seitige Vorrichtung (210B) ferner ein zweites Mikro-
fon (420) aufweist, das mit dem zweiten Prozessor
(460) verbunden ist, wobeidas zweite Mikrofon (420)
dafur eingerichtet ist, einen Umgebungston von au-
Rerhalb des zweiten Gehdrgangs (303) zu empfan-
gen, und bei dem:

der zweite Prozessor (460) den Umgebungston
weiterverarbeitet; und

der Lautsprecher (470) dafiir eingerichtet ist,
den Fernton und den verarbeiteten Umge-
bungston an den zweiten Gehérgang (303) zu
senden.

System nach einem der Anspriiche 16 oder 17, bei
dem die erste ohrseitige Vorrichtung (110, 210A) die
erste sprachbetriebene Austauschschaltung (VOX)
(430) mit dem ersten Prozessor (460) verbunden
aufweist, und wobei die zweite ohrseitige Vorrich-
tung (210B) ferner eine zweite VOX-Schaltung (430)
aufweist, die mit dem zweiten Prozessor verbunden
ist.

System nach einem der Anspriiche 16 bis 18, bei
dem der erste Prozessor und der zweite Prozessor
jeweils ein Spracherkennungsmodul aufweisen.

System nach einem der Anspruch 16 bis 19, beidem
die ersten und zweiten ohrseitigen Vorrichtungen je-
weils die BTE-vorrichtungen darstellen.
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System nach einem der Anspriiche 16 bis 19, bei
dem die ersten und zweiten ohrseitigen Vorrichtun-
gen jeweils die ITE-Vorrichtungen darstellen.

System nach Anspruch 21, bei dem die ersten und
zweiten ohrseitigen Vorrichtungen jeweils eine In-
Gehdrgangs-Vorrichtung (ITC) (310B) darstellen.

System nach Anspruch 22, bei dem die ersten und
zweiten ohrseitigen Vorrichtungen jeweils Vollstén-
dig-In-Gehdrgangs-Vorrichtungen (CIC) (310C) dar-
stellen.

System nach einem der Anspriiche 16 bis 23, das
ferner eine entfernte Vorrichtung (190, 290) auf-
weist, die kommunikativ mit den ersten und zweiten
ohrseitigen Vorrichtungen verbunden ist.

System nach Anspruch 24, bei dem die entfernte
Vorrichtung (190, 290) wenigstens einen Computer,
einen Personal Digital Assistant (PDA), ein Mobilte-
lefon, ein Walkie Talkie und/oder einen Sprachtiber-
setzer aufweist.

Verfahren, das beinhaltet:

Bestimmen eines verdeckten Tons unter Ver-
wendung eines ersten Mikrofons, das zur Ver-
wendung in einem Gehérgang (303) eingerich-
tet ist;

Bestimmen eines eingehenden Funksignals,
das einen Fernton von einer entfernten Vorrich-
tung (190, 290) darstellt;

Starten einer sprachbetriebenen Austauschein-
richtung (VOX), die in einer ohrseitigen Kommu-
nikationsvorrichtung eingeschlossen ist, wenn
der verdeckte Ton und/oder das eingehende
Funksignal bestimmt wird, wenn die VOX nicht
bereits an ist, wobei die ohrseitige Kommunika-
tionsvorrichtung eine In-Ohr-Vorrichtung (ITE)
oder eine Hinter-Ohr-Vorrichtung (BTE) dar-
stellt;

Einblenden des verdeckten Tons und Ausblen-
den des Ferntons, wenn der verdeckte Ton be-
stimmt wird, wahrend das eingehende Funksi-
gnal nicht bestimmt wird; und

Einblenden des Ferntons und Ausblenden des
verdeckten Tons, wenn das eingehende Funk-
signal bestimmt wird, wéhrend der verdeckte
Ton nicht bestimmt wird.

Verfahren nach Anspruch 26, bei dem das Bestim-
men des verdeckten Tons, das Vergleichen einer
Amplitude des verdeckten Tons mit einem Schwell-
wert flr einen verdeckten Ton beinhaltet, wobei der
verdeckte Ton bestimmt wird, wenn die Amplitude
des verdeckten Tones den Schwellwert fiir den ver-
deckten Ton Gberschreitet.
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28. Verfahren nach einem der Anspriiche 26 oder 27,
bei dem das Bestimmen des eingehenden Funksi-
gnals das Vergleichen einer Amplitude des Ferntons
mit einem Ferntonschwellwert beinhaltet, wobei das
eingehende Funksignal bestimmt wird, wenn die
Amplitude des Ferntons den Ferntonschwellwert
uberschreitet.

29. Verfahren nach einem der Anspriiche 26 bis 28, das
ferner das Bestimmen eines Umgebungstons unter
Verwendung eines zweiten Mikrofons beinhaltet,
und wobeidas Starten der VOX das Starten der VOX
beinhaltet, wenn wenigstens der verdeckte Ton, das
eingehende Funksignal und/oder der Umgebungs-
ton bestimmt wird, wahrend die VOX noch nicht be-
reits an ist.

30. Verfahren nach Anspruch 29, das ferner das Aus-
blenden des verdeckten Tons, das Einblenden des
Ferntons und das Ausblenden des Umgebungstons
beinhaltet, wenn das eingehende Funksignal be-
stimmt wird, wéahrend der verdeckte Ton nicht be-
stimmt wird.

31. Verfahren nach Anspruch 29, das ferner das Aus-
blenden des verdeckten Tons, das Einblenden des
Ferntons und das Einblenden des Umgebungstons
beinhaltet, wenn das eingehende Funksignal be-
stimmt wird, wédhrend der verdeckte Ton nicht be-
stimmt wird.

32. Verfahren nach Anspruch 29, das ferner das Ein-
blenden des verdeckten Tones, das Ausblenden des
Ferntons und das Ausblenden des Umgebungstons
beinhaltet, wenn der verdeckte Ton bestimmt wird,
wahrend das eingehende Funksignal nicht bestimmt
wird.

Revendications

1. Un systéme adapté en vue d’une utilisation dans au
moins une parmi une premiére oreille (101A) ayant
un premier conduit auditif (303) et une seconde
oreille (101B) ayant un second conduit auditif (303),
comprenant:

un premier dispositif d’oreille (110, 210A) confi-
guré pour étre un parmi un dispositif placé a 'in-
térieur de l'oreille (ITE) et un dispositif contour
d’oreille (BTE), le premier dispositif d’oreille
comprenant :

un premier microphone (440) adapté en vue
d’une utilisation dans un parmi le premier
conduit auditif et le second conduit auditif,
et adapté pour recevoir un son occlus (305)
alintérieur de celui parmile premier conduit
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auditif (303) et le second conduit auditif
(303) ; et

un récepteur sans fil, connecté a un premier
processeur (460), pour recevoir un premier
signal sans fil représentant un son distant ;

dans lequel le premier processeur (460) est connec-
té au premier microphone (440) et est adapté pour
traiter le son occlus (305) et le son distant; le premier
dispositif d’oreille comprenant en outre :

un haut-parleur adapté en vue d'une utilisation
dans celui parmi le premier conduit auditif (303)
et le second conduit auditif (303) et adapté pour
transmettre le son distant traité a celui parmi le
premier conduitauditif (303) et le second conduit
auditif (303) ; un émetteur sans fil, connecté au
premier processeur (460) et adapté pour rece-
voir le son occlus traité du premier processeur
(460) et émettre un second signal sans fil repré-
sentant le son occlus ;

un premier embout auriculaire logeant au moins
le premier microphone (440) et le haut-parleur
(470), au moins une portion du premier embout
auriculaire étant configurée en vue d’étre placée
dans celui parmi le premier conduit auditif (303)
et le second conduit auditif (303) ; et

un premier circuit d’échange a commande vo-
cale (VOX) (430) connecté au premier proces-
seur (460) ;

le premier circuit VOX (430) comprenant :

un module de contréle de son occlus (441)
adapté pour laisser passer le son occlus et
pour bloguer le son distant lorsque le son
occlus est détecté alors que le son distant
n’est pas détecté ; et

un module de contrdle de son distant (451)
adapté pour laisser passer le son distant et
pour bloquer le son occlus lorsque le son
distant entrant est détecté alors que le son
occlus n’est pas détecté.

Systéme selon larevendication 1, dans lequel le pre-
mier embout auriculaire loge le premier microphone
(440), le premier processeur et I'émetteur sans fil,
etdans lequel le premier embout auriculaire est con-
figuré pour étre utilisé comme dispositif ITE (310 A).

Systéme selon la revendications 1, dans lequel le
premier dispositif d’oreille (110, 210A) comprend un
module ITE comprenant le premier microphone
(440) et un module BTE fixé au module ITE, le mo-
dule BTE comprenant le premier processeur et
I'émetteur sans fil.

Systéme selon larevendication 1, dans lequel le pre-
mier microphone (440) et le haut-parleur (470) sont
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mis en oeuvre sous la forme d’un dispositif commun
recevant le son occlus et émettant le son distant trai-
té.

Systéme selon la revendication 4, comprenant en
outre un second microphone (420) connecté au pre-
mier processeur (460), le second microphone (420)
étant adapté pour recevoir un son ambiant de I'ex-
térieur de celui parmi le premier conduit auditif (303)
et le second conduit auditif (303), et dans lequel :

le premier processeur (460) traite en outre le
son ambiant ; et

le haut-parleur (470) est configuré pour trans-
mettre les sons distant et ambiant traités a celui
parmi le premier conduit auditif (303) et le se-
cond conduit auditif (303).

Systéme selon larevendication 5, dans lequel le pre-
mier circuit VOX (430) comprend un module de con-
tréle de son ambiant (421), couplé au premier mi-
crophone (420), pour occulter ou atténuer sensible-
ment le son ambiant.

Systéme selon I'une quelconque des revendications
précédentes, dans lequel le premier processeur
(460) comprend un module de reconnaissance vo-
cale.

Systéme selon I'une quelconque des revendications
4 a7, dans lequel le premier embout auriculaire loge
le premier microphone (440), le premier processeur
(460), I'émetteur sans fil, le récepteur sans fil, et le
haut-parleur (470), etdans lequel le premier embout
auriculaire est configuré pour étre utilisé comme dis-
positif ITE.

Systéme selon larevendication 8, danslequel le pre-
mier embout auriculaire est configuré pour étre uti-
lisé comme dispositif intra-conduit (ITC) (310B).

Systéme selon larevendication 9, dans lequel le pre-
mier embout auriculaire est configuré pour étre uti-
lis€ comme dispositif complétement intra-conduit
(CIC) (3100C).

Systéme selon I'une quelconque des revendications
4 a7, dans lequel le premier dispositif d’oreille (110,
210A) comprend un module ITE comprenant le pre-
mier microphone (440) et le haut-parleur (470) et un
module BTE fixé au module ITE et comprenant le
second microphone (420), le premier processeur
(460), I'émetteur sans fil et le récepteur sans fil.

Systéme selon la revendication 11, dans lequel le
module BTE comprend le premier circuit d’échange
a commande vocale (VOX) (430).
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Systéme selon la revendication 11, dans lequel le
module BTE comprend une batterie rechargeable
(480).

Systéme selon 'une quelconque des revendications
7 a 13, comprenant en outre un dispositif distant
(190, 290) couplé en communication a I'émetteur
sans fil et au récepteur sans fil via une liaison de
télémesure (195, 295) assurant une communication
bidirectionnelle simultanée entre le premier dispositif
d’oreille (110, 210A) et le dispositif distant (190, 290).

Systéme selon la revendication 14, dans lequel le
dispositif distant (190, 290) comprend au moins un
parmiun ordinateur, un assistant numeérique person-
nel (PDA), un téléphone cellulaire, un talkie-walkie,
ou un traducteur de langue.

Systéme selon larevendication 1, dans lequel le pre-
mier microphone (440) est adapté en vue d’une uti-
lisation dans le premier conduit auditif (303) et recoit
le son occlus a l'intérieur du premier conduit auditif
(303), ans lequel au moins la portion du premier em-
bout auriculaire est configurée en vue d’étre placée
dans le premier conduit auditif (303), et comprenant
en outre un second dispositif d'oreille (210B)
comprenant :

un récepteur sans fil pour recevoir un premier
signal sans fil représentant un son distant ;

un second processeur (260), connecté au ré-
cepteur sans fil, pour convertir le premier signal
sans fil dans le son distant ;

un haut-parleur (470) connecté au second pro-
cesseur, le haut-parleur étant adapté en vue
d’une utilisation dans le second conduit auditif
(303) pour transmettre le son distant au second
conduit auditif (303) ; et

un second embout auriculaire logeant au moins
le haut-parleur, au moins une portion du second
embout auriculaire étant configurée en vue
d’étre placée dans le second conduit auditif
(303).

Systéme selon la revendication 16, dans lequel le
second dispositif d’oreille (210B) comprend en outre
un second microphone (420) connecté au second
processeur (460), le second microphone (420) étant
adapté pour recevoir un son ambiant de I'extérieur
du second conduit auditif (303), et dans lequel :

le second processeur (460) traite en outre le son
ambiant ; et le haut-parleur (470) est configuré
pour transmettre le son distant et le son ambiant
traité au second conduit auditif (303).

Systéme selon 'une quelconque des revendications
16 et 17, dans lequel le premier dispositif d’oreille



19.

20.

21.

22.

23.

24.

25.

26.

31 EP 1 519 625 B1

(110, 210) comprend le premier circuit d’échange a
commande vocale (VOX) (430) connecté au premier
processeur (460), et le second dispositif d’oreille
(210B) comprend en outre un second circuit VOX
(430) connecté au second processeur.

Systéme selon I'une quelconque des revendications
16 a 18, dans lequel le premier processeur et le se-
cond processeur comprennent chacun un module
de reconnaissance vocale.

Systéme selon I'une quelconque des revendications
16 a 19, dans lequel les premier et second dispositifs
d’oreille sont respectivement le dispositif BTE.

Systéme selon I'une quelconque des revendications
16 a 19, dans lequel les premier et second dispositifs
d’oreille sont respectivement le dispositif ITE.

Systéme selon la revendication dans lequel les pre-
mier et second dispositifs d’oreille sont respective-
ment un dispositif intra-conduit (ITC) (310B).

Systéme selon la revendication 22, dans lequel les
premier et second dispositifs d’oreille sont respecti-
vement un dispositif complétement intra-conduit
(CIC) (3100C).

Systéme selon I'une quelconque des revendications
16 a 23, comprenant en outre un dispositif distant
(190, 290) couplé en communication aux premier et
second dispositifs d’oreille.

Systéme selon la revendication 24, dans lequel le
dispositif distant (190, 290) comprend au moins un
parmiun ordinateur, un assistant numérique person-
nel (PDA), un téléphone cellulaire, un talkie walkie,
ou un traducteur de langue.

Un procédé comprenant les étapes consistant a :

détecter un son occlus au moyen d’un premier
microphone adapté en vue d’'une utilisation dans
un conduit auditif (303) ;

détecter un signal radio entrant représentant un
son distant provenant d’'un dispositif distant
(190, 290) ;

lancer un échange a commande vocale (VOX)
logé a lintérieur d’un dispositif de communica-
tion d’oreille lorsqu’au moins un parmi le son
occlus et le signal radio entrant est détecté sile
VOX n’est pas déja en marche, le dispositif de
communication d’oreille étant un parmi un dis-
positif placé a l'intérieur de I'oreille (ITE) et un
dispositif contour d’oreille (BTE) ;

laisser passer le son occlus, et bloquer le son
distant lorsque le son distant occlus est détecté
alors que le signal radio entrant n’est pas
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détecté ; et

laisser passer le son distant, et bloquer le son
occlus lorsque le signal radio entrant est détecté
alors que le son occlus n’est pas détecté.

Procédé selon la revendication 26, dans lequel la
détection du son occlus comprend la comparaison
d’une amplitude du son occlus avec un seuil de son
occlus, dans lequel le son occlus est détecté lorsque
'amplitude du son occlus dépasse le seuil du son
occlus.

Procédé selon I'une quelconque des revendications
26 et 27, dans lequel la détection du signal radio
entrant comprend la comparaison d’'une amplitude
du son distant avec un seuil de son distant, dans
lequel le signal radio entrant est détecté lorsque
'amplitude du son distant dépasse le seuil du son
distant.

Procédé selon 'une quelconque des revendications
26 a 28, comprenant en outre la détection d’'un son
ambiant au moyen d’un second microphone, etdans
lequel le lancement du VOX comprend le lancement
du VOX lorsqu’au moins un parmi le son occlus, le
signal radio entrant et le son ambiant est détecté si
le VOX n’est pas déja en marche.

Procédé selon la revendications 29, comprenant en
outre I'étape consistant a bloquer le son occlus, lais-
ser passer le son distant et bloquer le son ambiant
lorsque le signal radio entrant est détecté alors que
le son occlus n’est pas détecté.

Procédé selon la revendication 29, comprenant en
outre I'étape consistant a bloquer le son occlus, lais-
ser passer le son distant et laisser passer le son
ambiant lorsque le signal radio entrant est détecté
alors que le son occlus n'est pas détecté.

Procédé selon la revendication 29, comprenant en
outre I'étape consistant a laisser passer le son oc-
clus, bloquer le son distant, et bloquer le son ambiant
lorsque le son occlus est détecté alors que le signal
radio entrant n’est pas détecté.
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A BINAURAL HEARING AID SYSTEM WITH
COORDINATED SOUND PROCESSING

FIELD OF THE INVENTION

The present invention relates to a binaural hearing aid system with a first hearing aid and a
second hearing aid, each of which comprises a microphone, an A/D converter for provision
of a digital input signal in response to sound signals received at the respective microphone
in a sound environment, a processor that is adapted to process the digital input signails in
accordance with a predetermined signal processing algorithm to generate a processed
output signal, and a D/A converter and an output transducer for conversion of the

respective processed sound signal to an acoustic output signal.
BACKGROUND OF THE INVENTION

Today’s conventional hearing aids typically comprise a Digital Signal Processor (DSP) for
processing of sound received by the hearing aid for compensation of the user’s hearing
loss. As is well known in the art, the processing of the DSP is controlled by a signal
processing algorithm having various parameters for adjustiment of the actual signal
processing performed. The gains in each of the frequency channels of a multi-channel
hearing aid are examples of such parameters.

The flexibility of the DSP is often utilized to provide a plurality of different algorithms and/or
a plurality of sets of parameters of a specific algorithm. For example, various algorithms
may be provided for noise suppression, i.e. attenuation of undesired signals and
amplification of desired signals. Desired signals are usually speech or music, and
undesired signals can be background speech, restaurant clatter, music (when speech is

the desired signal), traffic noise, etc.

The different algorithms or parameter sets are typically included to provide comfortable and
intelligible reproduced sound quality in different sound environments, such as speech,
babble speech, restaurant clatter, music, traffic noise, etc. Audio signals obtained from
different sound environments may possess very different characteristics, e.g. average and
maximum sound pressure levels (SPLs) and/or frequency content. Therefore, in a hearing
aid with a DSP, each type of sound environment may be associated with a particular
program wherein a particular setting of algorithm parameters of a signal processing
algorithm provides processed sound of optimum signal quality in a specific sound
environment. A set of such parameters may typically include parameters related to
broadband gain, corner frequencies or slopes of frequency-selective filter algorithms and
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parameters controlling e.g. knee-points and compression ratios of Automatic Gain Control
(AGC) algorithms.

Consequently, today’s DSP based hearing instruments are usually provided with a number
of different programs, each program tailored to a particular sound environment category
and/or particular user preferences. Signal processing characteristics of each of these
programs is typically determined during an initial fitting session in a dispenser’s office and
programmed into the instrument by activating corresponding algorithms and algorithm
parameters in a non-volatile memory area of the hearing aid and/or transmitting

corresponding algorithms and algorithm parameters to the non-volatile memory area.

Some known hearing aids are capable of automatically classifying the user’s sound
environment into one of a number of relevant or typical everyday sound environment

categories, such as speech, babble speech, restaurant clatter, music, traffic noise, etc.

Obtained classification results may be utilised in the hearing aid to automatically select
signal processing characteristics of the hearing aid, e.g. to automatically switch to the most
suitable algorithm for the environment in question. Such a hearing aid will be able to
maintain optimum sound quality and/or speech intelligibility for the individual hearing aid
user in various sound environments.

US 5,687,241 discloses a multi-channel DSP based hearing instrument that utilises
continuous determination or calculation of one or several percentile values of input signal
amplitude distributions to discriminate between speech and noise input signals. Gain
values in each of a number of frequency channels are adjusted in response to detected

levels of speech and noise.

However, it is often desirable to provide a more subtle characterization of a sound
environment than only discriminating between speech and noise. As an example, it may be
desirable to switch between an omni-directional and a directional microphone preset
program in dependence of, not just the level of background noise, but also on further signal
characteristics of this background noise. In situations where the user of the hearing aid
communicates with another individual in the presence of the background noise, it would be
beneficial to be able to identify and classify the type of background noise. Omni-directional
operation could be selected in the event that the noise being traffic noise to allow the user
to clearly hear approaching traffic independent of its direction of arrival. If, on the other
hand, the background noise was classified as being babble-noise, the directional listening
program could be selected to allow the user to hear a target speech signal with improved

signal-to-noise ratio (SNR) during a conversation.
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Applying Hidden Markov Models for analysis and classification of the microphone signal
may obtain a detailed characterisation of e.g. a microphone signal. Hidden Markov Models
are capable of modelling stochastic and non-stationary signals in terms of both short and
long time temporal variations. Hidden Markov Models have been applied in speech
recognition as a tool for modelling statistical properties of speech signals. The article “A
Tutorial on Hidden Markov Models and Selected Applications in Speech Recognition”,
published in Proceedings of the IEEE, VOL 77, No. 2, February 1989 contains a
comprehensive description of the application of Hidden Markov Models to problems in

speech recognition.

WO 01/76321 discloses a hearing aid that provides automatic identification or classification
of a sound environment by applying one or several predetermined Hidden Markov Models
to process acoustic signals obtained from the listening environment. The hearing aid may
utilise determined classification results to control parameter values of a signal processing
algorithm or to control switching between different algorithms so as to optimally adapt the

signal processing of the hearing aid to a given sound environment.

The different available signal processing algorithms may change the signal characteristics
significantly. In binaural hearing aid systems, it is therefore important that the determination
of sound environment does not differ for the two hearing aids. However, since sound
characteristics may differ significantly at the two ears of a user, it will often occur that sound
environment determination at the two ears of a user differs, and this leads to undesired
different signal processing of sounds for each of the ears of the user.

SUMMARY OF THE INVENTION

Thus, there is a need for a binaural hearing aid system wherein sound environment
determination does not differ for the two hearing aids so that signal processing in the two
hearing aids may be coordinated and the user be provided with desired processed sound in

both ears at the same time.

According to the present invention, this and other objects are solved by provision of a
binaural hearing aid system of the above-mentioned type wherein the hearing aids are
connected either by wire or by a wireless link to at least one binaural sound environment
detector for binaural determination of the sound environment surrounding a user of the
binaural hearing aid system based on at least one signal from the first hearing aid and at
least one signal from the second hearing aid whereby the sound environment is determined
and classified based on binaural signals. The one or more binaural sound environment

detectors provide outputs for each of the first and second hearing aids for selection of the
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signal processing algorithm of each of the hearing aid processors so that the hearing aids

of the binaural hearing aid system perform coordinated sound processing.

In this way both hearing aids may process sound in response to a common determination
of sound environment. Sound environment determination may be performed by one
common environment detector, for example situated in one of the hearing aids or in a
remote control, or, by a plurality of environment detectors, such as an environment detector

in each of the first and second hearing aids.

In the event that the user has substantially the same hearing loss in both ears and the
sound environment is omni-directional, i.e. the sound environment does not change with
direction, coordination of sound processing in the hearing aids leads to execution of
identical signal processing algorithms in the respective signal processors of the hearing
aids. In the event that the hearing aid user suffers from a binaural hearing loss, the signal
processing algorithms may desirably differ for compensation of the different binaural

hearing losses.

It is an important advantage of the present invention that binaural sound environment
detection is more accurate than monaural detection since signals from both ears are taken

into account.

It is a further advantage of the present invention that signal processing in the hearing aids
of the binaural hearing aid system is coordinated since the sound environment detection is

the same for both hearing aids.

BRIEF DESCRIPTION OF THE DRAWINGS

For a better understanding of the present invention reference will now be made, by way of

example, to the accompanying drawings, in which:

Fig. 1 illustrates schematically a prior art monaural hearing aid with sound environment

classification,
Fig. 2 illustrates schematically a first embodiment of the present invention,
Fig. 3 illustrates schematically a second embodiment of the present invention,
Fig. 4 illustrates schematically a third embodiment of the present invention, and

Fig. 5 illustrates schematically a fourth embodiment of the present invention.
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DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS

Fig. 1 illustrates schematically a prior art monaural hearing aid 10 with sound environment

classification.

The monaural hearing aid 10 comprises a first microphone 12 and a first A/D converter (not
shown) for provision of a digital input signal 14 in response to sound signals received at the
microphone 12 in a sound environment, and a second microphone 16 and a second A/D
converter (not shown) for provision of a digital input signal 18 in response to sound signals
received at the microphone 16, a processor 20 that is adapted to process the digital input
signals 14, 18 in accordance with a predetermined signal processing algorithm to generate
a processed output signal 22, and a D/A converter (not shown) and an output transducer
24 for conversion of the respective processed sound signal 22 to an acoustic output signal.

The hearing aid 10 further comprises a sound environment detector 26 for determination of
the sound environment surrounding a user of the hearing aid 10. The determination is
based on the output signals of the microphones 12, 16. Based on the determination, the
sound environment detector 26 provides outputs 28 to the hearing aid processor 20 for
selection of the signal processing algorithm appropriate in the determined sound
environment. Thus, the hearing aid processor 20 is automatically switched to the most
suitable algorithm for the determined environment whereby optimum sound quality and/or
speech intelligibility is maintained in various sound environments.

The signal processing algorithms of the processor 20 may perform various forms of noise
reduction and dynamic range compression as well as a range of other signal processing

tasks.

The sound environment detector 26 comprises a feature extractor 30 for determination of
characteristic parameters of the received sound signals. The feature extractor 30 maps the
unprocessed sound inputs 14, 18 sound features, i.e. the characteristic parameters. These

features can be signal power, spectral data and other well-known features.

The sound environment detector 26 further comprises an environment classifier 32 for
categorizing the sound environment based on the determined characteristic parameters.
The environment classifier categorizes the sounds into a number of environmental classes,
such as speech, babble speech, restaurant clatter, music, traffic noise, etc. The
classification process may consist of a simple nearest neighbour search, a neural network,
a Hidden Markov Model system or another system capable of pattern recognition. The

output of the environmental classification can be a “hard” classification containing one
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single environmental class or a set of probabilities indicating the probabilities of the sound

belonging to the respective classes. Other outputs may also be applicable.

The sound environment detector 26 further comprises a parameter map 34 for the

provision of outputs 28 for selection of the signal processing algorithms.

The parameter map 34 maps the output of the environment classification 32 to a set of
parameters for the hearing aid sound processor 20. Examples of such parameters are
amount of noise reduction, amount of gain and amount of HF gain. Other parameters may

be included.

Figs. 2-5 illustrate various preferred embodiments of the present invention. The illustrated
binaural hearing aid system 1 comprises a first hearing aid 10 and a second hearing aid
10", each of which comprises a first microphone 12, 12 ‘ and an A/D converter (not shown)
and a second microphone 16, 16’ and A/D converter (not shown) for provision of a digital
input signals 14, 14’, 18, 18’ in response to sound signals received at the respective
microphones 12, 12’, 16, 16’ in a sound environment, a processor 20, 20’ that is adapted to
process the digital input signals 14, 18, 14’, 18’ in accordance with a predetermined signal
processing algorithm to generate a processed output signal 22, 22, and a D/A converter
(not shown) and an output transducer 24, 24’ for conversion of the respective processed

sound signals 22, 22’ to an acoustic output signal

In the embodiments illustrated in Figs. 2-4, each of the hearing aids 10, 10’ of the binaural
hearing aid system 1 further comprises a binaural sound environment detector 26, 26’ for
determination of the sound environment surrounding a user of the binaural hearing aid
system 1. The determination is based on the output signals of the microphones 12, 12', 16,
16'. Based on the determination, the binaural sound environment detector 26, 26’ provides
outputs 28, 28’ to the hearing aid processors 20, 20' for selection of the signal processing
algorithm appropriate in the determined sound environment. Thus, the binaural sound
environment detectors 26, 26’ determines the sound environment based on signals from
both hearing aids, i.e. binaurally, whereby hearing aid processors 20, 20’ is automatically
switched in co-ordination to the most suitable algorithm for the determined environment
whereby optimum sound quality and/or speech intelligibility is maintained in various sound
environments by the binaural hearing aid system 1.

The binaural sound environment detectors 26, 26’ illustrated in Figs. 2-4 are both similar to
the binaural sound environment detector shown in Fig. 1 apart from the fact that the
monaural environment detector only receives inputs from one hearing aid while each of the

binaural sound environment detectors 26, 26’ receives inputs from both hearing aids. Thus,
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according to the present invention, signals are transmitted between the hearing aids 10, 10’
so that the algorithms executed by the signal processors 20, 20’ are selected in co-
ordination, e.g. in case of an omni-directional sound environment, i.e. the sound
environment does not change with direction, the algorithms are selected to be identical

apart from possible differences in hearing loss compensation of the two ears.

In the embodiment of Fig. 2, the unprocessed signals 14, 14’, 18, 18’ from the microphones
12, 12', 16, 16’ of one hearing aid 10, 10’ are transmitted to the other hearing aid and
inputted to the respective feature extractor 30, 30". Thus, feature extraction in each of the
hearing aids is based on the identical four input signals so that identical sound environment

characteristic parameters will be determined binaurally in both hearing aids 10, 10".

The signals may be transmitted in analogue form or in digital form, and the communication

channel may be wired or wireless.

In the embodiment shown in Fig. 3, the output 36, 36’ of the feature extractor 30, 30’ of one
hearing aid 10, 10’ is transmitted to the respective other hearing aid 10°, 10. The
environment classifier 32, 32’ then operates on two sets of features 36, 36’ to determine
the environment. Since both environment classifiers 32, 32’ receive the same data, they will

produce the same output.

In the embodiment shown in Fig. 4, the output 38, 38’ of the environment classifier 32, 32’
of one hearing aid 10, 10’ is transmitted to the respective other hearing aid 10, 10’. The

parameter map 34, 34’ then operates on two inputs 38, 38’ to produce the parameters for
the processor algorithms, but since both parameter mapping units 34, 34’ receive identical

inputs, identical parameter values will be produced.

This embodiment has a number of advantages: Usually classification systems take both
past and present data into account — they have memory. This makes them sensitive to
missing data, since a classification requires a complete data set. Therefore it is required
that the data link is safe, in the sense that data is guaranteed to be transmitted. The
parameter mapping can be implemented without memory so that only present data is taken
into account when generating parameters. This makes the system robust to packet loss
and latency, since the parameter mapping may simply re-use old data in the event that
data is missing. This will of course delay the correct action, but to the user the systems will

appear to be synchronized.

The transmission data rate is low, since only a set of probabilities or logic values for the

environment classes has to be transmitted.
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Rather high latency can be accepted. By applying time constants to the variables that will
change according to the output of the parameter mapping it is possible to smooth out any
differences that is caused by latency. As described earlier it is important that signal
processing in the two hearing instruments is coordinated. However if transition periods of a
5 few seconds are allowed the system can operate with only 3-4 transmissions per second.

Hereby, power consumption is kept low.

A binaural hearing aid system 1 with a remote control 40 is shown in Fig. 5. The
environment detector 26 is positioned in the remote control 40. The required signals are

transmitted to and from both hearing aids.

10
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CLAIMS
1. A binaural hearing aid system comprising
a first hearing aid and a second hearing aid, each of which comprises

a microphone and an A/D converter for provision of a digital input signal in
response to sound signals received at the respective microphone in a sound

environment,

a processor that is adapted to process the digital input signals in accordance
with a predetermined signal processing algorithm to generate a processed

output signal, and

a D/A converter and an output transducer for conversion of the respective

processed sound signal to an acoustic output signal, and

a binaural sound environment detector for binaural determination of the sound environment
surrounding a user of the binaural hearing aid system based on at least one signal from the
first hearing aid and at least one signal from the second hearing aid for provision of outputs
for each of the first and second hearing aids for selection of the signal processing algorithm
of each of the respective hearing aid processors so that the hearing aids of the binaural
hearing aid system perform coordinated sound processing.

2. A system according to claim 1, wherein the binaural sound environment detector having

inputs for each of the digital input signals is provided in a remote control of the system.

3. A system according to claim 1, wherein the binaural sound environment detector is

provided in one of the hearing aids and provides an output for the other hearing aid.

4. A system according to claim 1, wherein each of the hearing aids comprises a binaural

sound environment detector.

5. A system according to any of the preceding claims, wherein the binaural sound

environment detector comprises

a feature extractor for determination of characteristic parameters of the received sound
signals,
an environment classifier for categorizing the sound environment based on the determined

characteristic parameters, and

a parameter map for the provision of outputs for selection of the signal processing
algorithms.
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6. A system according to claim 4 and 5, wherein each of the feature extractors has inputs
for each of the digital input signals.

7. A system according to claim 4 and 5, wherein each of the environment classifiers has

inputs connected to each of the feature extractors.

5 8. A system according to claim 4 and 5, wherein each of the parameter maps has inputs

for connected to each of the environment classifiers.
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Acoustically Transparent Occlusion Reduction System and Method

Field of Invention

The present invention relates to an improved occlusion reduction system for
applications such as hearing aids, personal sound devices, in ear monitors,
5 communications headsets and hearing protection devices.

Description of Background Art

An electro-acoustic negative feedback scheme was originally presented by H.F
Olson, in 1961 in U.S Patent No 2,983,790. A more comprehensive implementation was
latgr proposed by Bose et al, in 1982 in U.S Patent No 4,494,074 under the title

10 “Feedback Control”. Using headphones, Bose proposed the idea of an electro-acoustic
feedback in the proximity of the ear canal. The concept was later used by Langberg et al,
in 1988 in U.S. Patent No 4,985,925, describing a system functioning as a bilateral
transducer drive with a shunt feedback correction network. Later on in 1991, Langberg
et al, in U.S Patent No. 5,267,321 entitled “Active Sound Absorption” describes an

15 electro-acoustical feedback system, with the receiver acting as both a diaphragm actuator
and motion sensor. In 1996, U".S Patent No. 5,774,565 to Benning et al describes an
electro-acoustic feedback subsystem with oscillation prevention circuit in the forward
path of the loop. In 2002, U.S Patent Application No. 2003/0012391 A1 to Armstrong et
al, entitled “Digital Hearing Aids System” discloses a hearing aid including an occlusion

20 processing subsystem.

The occlusion effect is commonly described as a hollow or echoing like sound of a
person’s own voice. The occlusion effect results from acoustically sealing or partially
sealing the ear, or to a greater effect sealing or partially sealing the ear canal from the
external acoustic environment. As a result, the occlusion effect creates discomfort and/or

25  an unnatural sound sensation. This problem is commonly reported to clinicians in the
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hearing aid industry as it affects a large number of hearing aid wearers (those with mild
low-frequency hearing loss). Until now, there were at least two common schemes to
decrease the occlusion effect in hearing aids, either using a 4vent or by increasing the
insertion depth of the earmold into the ear canal. To restore naturalness of a hearing aid
5 wearer’s voice, vents of up to 3.5 mm in diameter may be employed. These vents need

to be sufficiently large so that the residual sound pressure in the canal due to the
occlusion effect is not significant. On the other hand, a sufficiently large vent limits the
hearing aid amplification due to oscillations created by positive feedback occurring
around the loop defined by an external microphone, amplifier, receiver, and path through

10°  the vent back to the external microphone.

The soft tissue in the ear canal is excited by vibration energy propagated by the
skull and jaw due to the wearer’s voice and this results in an increased sound pressufe
within the occluded of partially occluded ear relative to an open ear. Another solution is
to insert the earmold further into the ear canal to fill the cartilaginous portion of the

15 canal and hence reduce the occlusion effect at its source. However there are a number of
practical problems relating to the deep insertion of an earmold, for instance physical
discomfort.

While some of the aforementioned patents include methods to alter the response of
the eleciro-acoustic feedback system, none of these patents incorporate methods to

20 compensate for the effect that response alteration within the feedback system has on
external signals such as from an external microphone or hearing aid processor. In
addition, the aforementioned patents do not provide a mechanism to prevent the receiver
from overloading by sensing the level of signal at the optimum point, being the input to
the receiver.

25

Petitioners' Exhibit 1004
Page 540 of 779



WO 2006/037156 PCT/AU2005/001506

Summary of Invention

It is an object of the present invention to provide an improved occlusion reduction
system for applications such as hearing aids, personal sound devices, in ear monitors,
communications headsets and hearing protection devices.

5 In accordance with a first aspect of the present invention, there is provided an
electro-acoustic system comprising of: an electro-acoustic circuit including a negative-
feedback loop comprising of: a microphone for generating an internal signal from an
acoustical signal located within or closely coupled to an occluded or partially occluded
ear; a second electronic circuit, (B) for modifying the internal signal to produce a

10 pfocessed internal signal; a combiner for combining the processed internal signal with a
processed external signal to produce a combined signal; a first electronic circuit (A), for
modifying the combined signal to produce an receiver signal; and a receiver for
generating an acoustical signal from the receiver signal at a location within or closely
coupled to the occluded or partially occluded ear; a third electronic circuit (C) for

15 modifying an external signal such as from an external microphone or hearing aid
processor to produce an external processed signal; a fourth electronic circuit (D), for
estimating the level of the receiver signal optimally from the receiver signal and
producing a control signal; wherein the processing performed by the second electronic
circuit (B) preferably is controlled by the control signal.

20 The negative-feedback loop preferably can include a filter that alters the open loop
response so that the real component of the response is large and negative at frequencies
where the occlusion effect can be typically the greatest. Consequently reducing all
signals introduced into the closed loop within this frequency range.

The third electronic circuit (C) preferably can include filtering that provides

25 compensation for the closed loop response of the negative-feedback loop.
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Optionally the filtering provided by the third electronic circuit (C) adapts to
compensate for changes in the closed response of the negative-feedback loop.

Optionally the control signal can control the response of the first electronic circuit
(A) while controlling the response of the third electronic circuit (C).

5 The microphone for generating the internal signal optionally can be coupled to the
occluded or partially occluded ear by a tube. The receiver optionally can be coupled to
the occluded or partially occluded ear by a tube. The microphone and receiver optionally
can be combined in a single unit or jointly coupled to the occluded or partially occluded
ear by a common tube. At least one of the electronic circuits can be implemented

10  digitally. At least one of the digital electronic circuits can performed signal processing at
a sampling rate at least four times that of the bandwidth of the signal.

In accordance with a further aspect of the present invention, there is provided an
electro-acoustic system including a negative-feedback loop comprising of: a
microphone for generating an internal signal from an acoustical signal located within or

15 closely coupled to an occluded or partially occluded ear; a sgcond electronic circuit (B)
for modifying the internal signal to produce a processed internal signal; a combiner for
combining the processed internal signal with a processed external signal to produce a
combined signal; a first electronic circuit (A) for modifying the combined signal to
produce a receiver signal; and a receiver for generating an acoustical signal from the

20  receiver signal at a location within or closely coupled to the occluded or partially
occluded ear; a third electronic circuit (C) for modifying an external signal such as from
external microphone to produce a processed external signal; a fourth electronic circuit
(D) for estimating the level of the receiver signal and producing a control signal from

this estimate; wherein the control signal controls the processing performed by the second
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electronic circuit (B) and controls the processing performed 'by the third electronic
circuit (C).

In accordance with a further aspect of the present invention, there is provided an

electro-acoustic system including a negative-feedback loop comprising of: a
5 microphone for generating an internal signal from an acoustical signal located within or

closely coupled to an occluded or partially occluded ear; a second electronic circuif B)
for modifying the internal signal to produce a processed internal signal; a combiner for
combining the processed internal signal with a processed external signal to produce a
combined signal; a first electronic circuit (A) for modifying the combined signal to

10 produce a receiver signal; and a receiver for generating an acoustical signal from the
receiver signal at a location within or closely coupled to the occluded or partially
occluded ear; a third electronic circuit (C) for modifying an external signal to produce a
processed external signal; a fourth electronic circuit (D) for estimating the level of the
receiver signal and producing a control signal from this estimate; wherein the control

15 signal controls the processing performed by first electronic circuit (A) and controls the
processing performed by the third electronic circuit (C).

In accordance with a further aspect of the present invention, there is provided a
method of providing a negative feedback loop for an electro-acoustic system, the method
including the steps of: (a) generating an internal signal representing an acoustical signal

20 located within or closely coupled to an occluded or partially occluded ear; (b) modifying
the internal signal to produce a processed internal signal; (c) combining the processed
internal signal with a processed external signal to produce a combined signal; (d)
modifying the combined signal to produce a receiver signal; (€) generating an acoustical
signal from the receiver signal at a location within or closely coupled to the occluded or

25 partially occluded ear; (f) modifying an external signal to produce a processed external
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signal; (g) estimating the level of the receiver signal either directly from the receiver .
signal or from the combined signal and producing a control signal from this estimate;
wherein the degree of modification in step (b) is controlled by the control signal. The
control signal can be utilised to control the amount of modification occurring in step (£).

In any of the aforementioned aspects of the present invention the fourth electronic
circuit (D) optionally produces a control signal using estimates of the signal levels from
the internal signal or the processed internal signal and the receiver signal or the
combined signal.

Brief Description of the Drawings

Preferred embodiments of the present invention will now be described with
reference to the accompanying drawings in which:
Fig. 1 is a block diagram of the occlusion reduction scheme of the preferred
embodiment;

Fig. 2 is a schematic diagram of an analog electronic circuit for the electro-
acoustic negative feedback loop;

Fig. 3 is a schematic diagram of an analog adaptive pre-compensation electronic
circuit;

Fig. 4 is a schematic diagram of an analog level estimator and control signal
generation electronic circuit;

Fig. 5 is a schematic diagram of a digital implementation of the occlusion
reduction scheme;

Fig. 6 is a schematic diagram of an adaptive IR filter;

Fig. 7 is a schematic diagram of a level estimator and control signal generator ;

Fig. 8 is a graph of the simulated closed loop response in a Zwislocki coupler;
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Fig. 9 is a graph of the measured response of the effective gain reduction inside a
real ear;
Fig. 10 is a graph of the measured responses from an external signal to a Zwislocki
coupler microphone; and
5 Fig. 11 is an illustration of the occlusion reduction scheme implemented as an in-
the-canal hearing aid device.

Detail Description of the Preferred and Other Embodiments

The preferred embodiment operates to reduce the level of signals generated within
an electro-acoustic negative feedback loop, such as signals produced by vibration in the
10  ear canal walls due to bone conduction of a user’s voice. The reduction occurs in the low
to mid audible frequencies, typically ranging from 80 Hz up to 1 kHz, where the
occlusion effect is more predominant and perceptually apparent.
A negative feedback scheme is provided which combines a processed externally
generated signal such as from an external microphone or a sound system with a
15 processed internal signal such as from a microphone located within or closely coupled to
the occluded or partially occluded ear. The combined signal after optional further
processing is applied to a receiver located within or closely coupled to the occluded or
partially occluded ear. The level of the signal to be applied to the receiver is optimally
estimated either from the signal applied to the receiver or from the combined processed
20 external and processed internal signals. Optionally this signal level can be estimated
from signals at other points within the scheme. High signal levels applied to the receiver
may produce a distorted output from the receiver. This distortion is reduced by applying
active gain reduction in the feedback path in response to estimated high signal levels
being present. Optionally low signal levels can be detected so that noise inherent in the

25 negative feedback components such as the internal microphone can be minimised by
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applying active gain reduction in the feedback path. Thus, the high and the low signal
level thresholds for gain reduction in the loop can depend on the dynamic operational
range of the discrete components ﬁthin the system. In addition, an adaptive eqqalisation
filter is applied to the external signal to compensate for variations of the transfer

5 response of the closed loop.

The preferred embodiment includes of a microphone to sense the sound pressure in
the ear. The preferred embodiment also includes a novel design of estimating the level of
the signal to be applied to the receiver and reducing the gain in the feedback path of the
loop when this level is high. This mechanism effectively improves the robustness of the

10 closed loop system by limiting excessive driving levels being applied to the receiver. A
filter within the feedback path of the loop yields the necessary phase and gain around the
loop to generate a phase cancelling sound in the ear without creating acoustic fqedback.
This negative feedback response also causes a sound pressure reduction for external
signals thus affecting the response from the external processed signal to the receiver

15 signal. As a result, an adaptive pre-compensation filter is provided. The adaptive pre-
compensation filter performs adaptive equalisation to maintain a constant frequency
response between the external signal and the receiver signal in response to changes in
loop respomnse.

In addition, the negative feedback response also causes a reduction in external

20 sounds transmitted through a vent or leakage, thus minimising both effects.

Referring initially to Fig. 1, a schematic diagram 1 illustrates the occlusion
reduction scheme of the preferred embodiment. This electronic circuit can be
encapsulated in an earmold 100 as discussed hereinafter with reference to Fig. 11. The
earmold optionally contains tubing for coupling the receiver to the ear. The earmold

25 optionally contains tubing for coupling the internal microphone to the ear. The
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microphone and receiver optionally can be combined into a single unit or jointly coupled
to the occluded or partially occluded ear by a common tube. Optionally these tubes can
be protected from wax blockage using wax guards. The lengths of these tubes are
preferably as short as possible to minimise delays around the feedback loop, but can be

5 any length. The earmold can optionally contain an open vent to depressurise the ear thus
reducing the sensation of stuffiness in the ear. Optionally, the vent can be fitted with an
acoustic damper for compensating for the vent resonance that may affect the closed loop
response.

The internal signal from an internal microphone 7 is proportional to the ear canal

10  sound pressure. This internal signal is filtered in a.feedback loop shown as first
electronic circuit (A) 2 and second electronic circuit (B) 3 to produce the receiver signal
4 output to the receiver 5. The aim is to produce cancellation around the loop, limited to
a given low to mid frequency band.
An analog implementation of the occlusion reduction scheme is depicted in Figs.
15 2-4 and a digital implementation is shown in Figs. 5-7.

In addition, Fig. 1 shows fourth electronic circuit (D) 8 that estimates the level of
the receiver signal to produce a control signal. Optionally the input to the fourth
electronic circuit (D) 8 can be obtained from the output of a combiner 9 with appropriate
compensation for the effects of the first electronic circuit (A) 2. The response of the

20 negative feedback loop is controlled by the control signal. The estimated level of the
receive signal 4 can be compared to a reference level which is not shown in this figure.
The control signal reduces the gain in the loop as the level of the receive signal increases
above the reference level. The reference level is set to a level to minimise distortion

occurring within the loop.
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The combined signal within the loop results from a combination 9 of processed
internal signal 12 and processed external signal. The processed external signal results
from a filtered external signal 13. The pre-compensation filter 10 depicted as the third
electronic circuit (C) 10 in Fig. 1, equalises the magnitude of the ’gransfer function from

5 the external signal 13 to the receiver signal 4 so that it is approximately constant across
frequency, assuming a fixed closed loop response. Optionally, the filter in the third
electronic circuit (C) 10 is adaptively conirolled by fourth electronic circuit (D) 8 so that
the magnitude of the transfer function from the external signal 13 to the receiver signal 4
is approximately constant across frequency regardless of changes in the closed loop

10  response.

Optionally the fourth electronic circuit (D) uses estimates of signal levels from the
receiver signal or combined signal and from the internal signal or processed internal
signal to produce a control signal to control the loop response. This control signal can
control the loop response by directly applying gain reduction to the first electronic

15 circuit (A) or to the second electronic circuit (B). The control signal produce from this
arrangement can be used in combination with the fixed or adaptive third electronic
circuit (C).

Analog Implementation

Fig. 2, depicts an analog implementation 20 of the negative feedback loop of Fig.
20 1. Firstly, the internal signal is applied to a high pass filter 21 and lead-lag filter 22 in
order to reduce effects from jaw movements and very low frequency instability in the
loop. The equations for the transfer function in relation to the corresponding discrete
components are shown below:

jo-RC,

HHP(ja))=l+jaJ-R1xC,
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if R, = Rs,C, = C, then the lead lag transfer function equation is shown below

(R3 +R6)+ja) oC, '(2R3R6 + RR, +R3R4)
Ry + joeC, o(R,R, +R,R,)

HLead—Lag (]a)) =

The next filtering stage reduces the dominant transducer resonance within the loop
and provides greater open loop gain at frequencies at which the occlusion effect is
greatest. This is achieved by using a bi-quadratic filter 24, and placing a complex pair of
zeros at the dominant transducer resonance frequency followed by a pair of real poles to
provide low frequency emphasis in the open loop response.

In the arrangement of Fig. 2, if we allow R, = R,,,C, = C, , R, =R,,C; =C,and
Ry, = R,;,Cy = C, ,then the biquadratic transfer function equation can be computed as

follows

(jw)*C,R,C, +ja)[C4 L EBs —C5j+i
‘ R Ry

Hbi—quad (]CD) =
(jo) C,R,C, + ja{%—Ri +C, ) +L

12 RIZ
To determine the pole zero placement, the biquadratic transfer function equation

can be directly related to a well known second order transfer function equation.

(o) +2¢,0,jo+ o}
*(ja;)z +24 0, jo + a)f,

K(jw) =

Where the @, and @, are the location of the pole and zero frequencies. Similarly &£, and
¢ , are the damping factors for the poles and zeros respectively. Thus, this relationship

can be used to position the poles and zeros at the desired frequencies with the desired
damping.

With appropriate phase compensation, amplification is added to the loop. The gain
amplification is chosen in accordance to a well-known gain and phase margin criteria

(e.g. Linear Control Systems Analysis and Designs, John J.D’Azzo, Constantine H.
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Houpis, 2nd Edition, McGraw-Hill, 1981). A loop gain of less than or equal to —3 dB is
chosen at frequencies likely to produce positive feedback. The filtering arrangement of
Fig. 1 shown in Fig 2, produces a gain greater than unity, for an open loop response
between 80 Hz and 1 kHz and less than unity at other frequencies, where positive
5 feedback may occur. The frequency band ranging from 80 Hz up to 1 kHz is an
appropriated choice as the occlusion effect is subjectively more r;lpparent at these
frequencies, as described in literature (e.g. Hearing Aids, Harvey Dillon, Boomerang-
Press, 2001).
The bi-quadratic filter 24 is followed up by a voltage controlled variable resistance
10 25, referred to as VVR. This control produces up to — 20 dB of gain around the loop, by
controlling the voltage at the gate of the JFET. Thus, the gain across the VVR network is
found by observing that the JFET is series with R, forms a voltage divider, with its gain
given by:

R, + Ry

15 Where R, , is the variable resistance across drain to source junction.

The VVR is followed by a bufferstage 26, that is subsequently followed by a
variable resistor, R,,.27. This latter resistor is used to fined tune the gain around the
loop manually. The variable resistor 27 is followed by an amplifier and a combiner 9,
combining a processed external signal 28 with the processed internal signal 12. Finally,

20 this buffer functions as a voltage controlled voltage source to the receiver, optionally a
class D amplifier may be used.

Referring now to Fig. 3, there is illustrated the precompensation circuit 10 of
Fig. 1 in more detail. The circuit may be used to pre-compensate an external signal 13 to

produce a processed external signal 28. The external signal is pre-compensated with a
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fixed high pass filter 32, a variable notch filter 33, and an adjustable gain control 34.
Note that the notch and the gain are also controlled with voltage variable resistances,
using JFET transistors.

If C,; = C,, .then the transfer function equation for the notch filter, positioned
5 between U6 and U7 is shown below

1+ ja)(ZRxC13)+ (RwaClsz ) (J“‘))2
1+ ja)(ng + 2R:c)C13 + (RxR19C132 ) (ja))2

H Notch (] (0) =

Where R, = R,, + Rpy; + Ry, and Ry, + Ry, is the combined resistance across drain

to source junction of the two JFET transistors. Also note that the amplification at U7 is
controlled by the source to drain resistance at Q5, and the low pass filter between U5

10 and U6 is essentially switched on and off by Q2.'

The voltage variable resistances shown in Fig. 2 and 3 are driven by the circuit 40

shown in Fig. 4. This circuit functions as a signal level estimator and threshold detector
and produces a control voltage 41. In this circuit the receiver signal 4 is compared to a
reference voltage 43, shown as v-Ref in the figure, at the negative input of U8 (44). If

15 this voltage does not exceed the reference level, the current source, made up by BJ3 and
BJ4 transistor pair pulls down the voltage across the RC tank towards the negative
supply voltage, with a time constant equal to the release time. Note that the voltage
across the RC tank feeds directly into the gate of the JFET control transistor in Fig. 2
from U9 buffer (1), resulting in a VVR signal 25. Similarly from U10 and U11 buffer (2)

20  and buffer (3), results is an inverted VVR signal 35, that is directly applied to the gates
of all the JFET transistors shown in Fig. 3. As the voltage exceeds the threshold
reference level, the current source, shown as BJ6 and BJ5 transistor pair, charges the RC

tank, towards the base voltage at BJ6, with a time constant set by the attack time. The
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attack and release time constants can be approximated by finding the appropriate ratio

between resistors R,; and R;,.
The voltage across the capacitor C);ranges from a voltage at the based of BJ7 , say

0.7V or fully charged to the voltage at the collector of BJ3, say -2.8V or fully
5 discharged, then the change in voltage AV ~ 3.5V, from which the current needed to

produce the discharging rate can be evaluated as follows:

Discharging I = C|, X—L =Tud
Release Time
thus effectively 7. ® 11X Lo amging
0.7
Then R, =——=~82k R, =11xR, =91k
77u

10 Digital Implementation

A digital implementation of the arrangement of Fig. 1 typically requires the signal
within the loop to be oversampled to reduce the delay introduced into the loop by
sampling. The signal processing performed by electronic circuits A, B, C and D and the
combiner 9 may be performed digitally. The digital processing optionally is performed

15 by a digital signal processor which is instructed to perform the signal processing.
Various techniques are available to those skilled in the art to perform these processes.
Examples of these are performing the ﬁltéring operations using FIR or IIR filters or
modifying the signals in the frequency domain using the short-time Fourier transform
techniques. One implementation of the scheme described for Fig 1 is shown in Figs. 5-7.

20 In Fig. 5, after A/D conversion 50, the internal signal is filtered with an IIR filter
51 in order to provide the required gain and phase compensation, with the same criteria
applied in the description of Fig. 2.

In this digital implementation the level of the receiver signal 4 is directly estimated

and the control signal »(#7) is produced by the level estimator and control signal generator
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8 which is shown in greater detailed in Fig. 7.. Referring now to Fig. 7,'the receive
signal level is estimated with a digital 1% order switchable time-constant envelope
detector. The envelope signal is compared 71 to a threshold value and the maximum of
either the ratio of its exceedance of this threshold or unity is produced. This maximum is
5 inverted to produce the control signal. As the level of the envelope signal exceeds the
threshold, the control signal shown as r(#) decreases at a rate determined by the attack

time constant A

e - A8 the envelope signal decreases in level, the control signal

increases at a rate determined by the release time constant A

elease - Alternative signal
level compression strategies employing different envelope detector designs well known
10 to those skilled in the art may be used.

The internal signal, after being filtered by the IIR filter 51, is scaled by the
control signal 7(7) to produce the processed internal signal. The processed external
signal is added to the processed internal signal by the combiner 9 to produce the
combined signal. The combined signal is scaled 2 to produce the receiver signal 4 which

15 after D/A conversion is applied to the receiver 5.

As in the analog description, the negative feedback loop requires pre-
compensation so that the gain response measured from the external signal to the receiver
signal is not altered by the closed loop response. In Fig. 5, the pre-compensation filter 10
is realised as a cascaded IIR filter, with a structural realisation shown in Fig. 6 . The first

20 filter stage shown in Fig. 6 is a high pass filter, comprising of a zero at 0 Hz and a pole

at fyp, the coefficient being a function of the sampling rate, Fs. The second stage of the
filter shown in Fig. 6 is adaptive, the locations of poles f,and zeros f, of the digital

filter are varied in accordance with the output of a mapping function p(n) 61.
Alternatively the damping factors for the poles and zeros can be controlled by two

25 independent mapping functions derived from the control signal (). Fig. 5 shows p(n)
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as a single output from a polynomial mapping function with input r(7). The
polynomial’s c'oefficients are found using an autoregressive analysis of the required
compensating response as a function of the control signal r(n).
Any combination of analog and digital electronic circuits is possible in addition to
5 the all analogue and the all digital implementations described with the appropriate
conversions between analogue and digital formats. In particular, electronic cirquits B,C
and D may be implemented digitally with the combiner and electronic circuit A
implemented in analog circuitry. Furthermore, the processed internal and processed
external signals may be combined while both in a 1-bit format and applied directly to the
10 receiver without electronic circuit A performing any function or with it simply providing
the 1-bit drive current for the receiver.

Referring now to Fig. 8 the simulated closed loop response in a Zwislocki coupler
is shown. The scheme yields approximately 16 dB of occlusion reduction at 300 Hz, and
18 dB at 100 Hz. The occlusion reduction response is a measure of the level difference

15 between the sound level in the coupler with the occlusion reduction system active and
the sound level in the coupler without any occlusion reduction. Referring to Fig. 9
occlusion reduction in a real ear is shown. This was calculated by taking the linear
average of the energy in 1/12 octave bands recorded using an in-the-ear-canal
microphone while a subject talked for 2 minutes. This signal was recorded while the

20 feedback loop gain is maximum, and then again while the loop was open.

Referring now to Fig. 10, three responses measured in a Zwislocki coupler are
shown. These are the transfer functions from an external signal to the coupler
microphone for the compensated 93 and un-compensated responses 92. Also shown is
the natural receiver response 94 employing a voltage controlled voltage source to the

25 receiver. Note that the compensated response is not adversely affected by the occlusion
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reduction scheme compared to that of the natural receiver response 94. Also similar
responses are derived for minimally open vented cavities with the appropriate changes to
the mappings, filtering and gain equalisation in electronic circuits A, B, and C.
Referring now to Fig. 11, there is shown one form of actual implementation of the
5 present invention as an in-the-canal hearing aid device 100 placed in a user’s ear 101

that substantially eliminates the discomfort associated with the occlusion effect.
The device 100 includes a sealed or optionally vented 102 earmold that occludes ox
partially occludes the ear canal. The earmold encapsulates a hearing aid electronic
circuit comprising of: a hearing aid processor 103 directly connected to an external

10 microphone 104 and powered by small battery 105. The hearing aid processor includes
occlusion reduction electronic circuits A, B, C, D and the combiner. A separate receiver
5 and an internal microphone 7 are also interconnected. These transducer elements are
acoustically coupled to the inside of the ear canal with short tubes 108, 109; and
protected from ear wax with wax-guarding devices 110, 111.

15 The forgoing describes preferred embodiments of the present invention.
Modifications, obvious to those skilled in the art, can be made thereto without departing

from the scope of the invention.
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CLAIMS
1.  An electro-acoustic system including:

an electro-acoustic circuit including a negative-feedback loop comprising of:

a microphone for generating an internal signal from an acoustical signal located
within or closely coupled to an occluded or partially occluded ear;

a second electronic circuit (B) for modifying the internal signal to produce a
processed internal signal;

a combiner for combining the processed internal signal with a processed external
signal to produce a combined signal;

a first electronic circuit (A) for modifying the combined signal to produce a
receiver signal;
and

a receiver for generating an acoustical signal from the receiver signal at a
location within or closely coupled to the occluded or partially occluded ear;

a third electronic circuit (C) for modifying an external signal to produce a
processed external signal;

a fourth electronic circuit (D) for estimating the level of the receiver signal either
directly from the receiver signal or from the combined signal and producing a control
signal from this estimate;

wherein the processing performed by the second electronic circuit (B) is controlled
by the control signal.

2. A system as claimed in claim 1 wherein the negative-feedback loop includes
filtering that alters the open loop response so that the real component of the response is

large and negative at frequencies where the occlusion effect is most apparent.
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3. A system as claimed in claim 2 wherein the third electronic circuit (C) includes
filtering that provides compensation for the closed response of the negative-feedback
loop.
4. A system as claimed in claim 3 wherein the filtering provided by the third
5 electronic circuit (C) is adaptive and controlled by the control signal.

5. A system as claimed in any previous claim wherein the fourth electronic circuit
(D) estimates the level of the internal signal or the level of the processed internal signal
and uses this estimate with the estimate of the receiver signal to produce a control signal.
6. A system as claimed in any previous claim wherein the gain of the second

10 electronic circuit (B) is controlled by the control signal.
7. A system as claimed in any previous claim wherein the ear is occluded or partially
occluded by an earmold.
8. A system as claimed in claim 7 wherein the earmold contains a vent.
9. A system as claimed in claim 8 wherein the vent contains an acoustic damper

15 10. A system as claimed in any previous claim wherein the microphone for generating
the internal signal is coupled to the occluded or partially occluded ear by a tube.
11. A system as claimed in any previous claim wherein the receiver is coupled to the
occluded or partially occluded ear by a tube.
12. A system as claimed in any previous claim wherein the microphone and the

20 receiver are jointly coupled to the occluded or partially occluded ear by a common tube.
13. A system as claimed in any previous claim wherein at least one of the electronic
circuits is digital.
14. A system as claimed in any previous claim wherein at least one of the digital
electronic circuits uses a sampling rate at least four times that of the bandwidth of the

25 signal.
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15. A system as claimed in claims 13 or claim 14 wherein the first electronic circuit
(A) includes a digital to analogue converter.
16. A system as claimed in claim 13, claim 14 or claim 15 wherein the second
electronic circuit (B) includes an analogue to digital converter.
5 17. A system as claimed in claim 16 wherein the second electronic circuit (B) includes
a digital to analogue converter.
18. A system as claimed in claim 14 wherein at least one of the input signals to the
combiner is a binary signal.
19. An electro-acoustic system including a negative-feedback loop comprising of:
10 a microphone for generating an internal signal from an acoustical signal located
within or closely coupled to an occluded or partially occluded ear;
a second electronic circuit (B) for modifying the internal signal to produce a
processed internal signal;
a combiner for combining the processed internal signal with a processed external
15 signal to produce a combined signal;
a first electronic circuit (A) for modifying the combined signal to produce a
receiver signal;
and
a receiver for generating an acoustical signal from the receiver signal at a location
20 within or closely coupled to the occluded or partially occluded ear;
a third electronic circuit (C) for modifying an external signal such as from external
microphone to produce a processed external signal;
a fourth electronic circuit (D) for estimating the level of the receiver signal and

producing a control signal from this estimate;
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wherein the control signal controls the processing performed by the second
electronic circuit (B) and controls the processing performed by the third electronic

circuit (C).

20. An electro-acoustic system including a negative-feedback loop comprising of:

a microphone for generating an internal signal from an acoustical signal located
within or closely coupled to an occluded or partially occluded ear;

a second electronic circuit (B) for modifying the internal signal to produce a
processed internal signal;

a combiner for combining the processed internal signal with a processed external
signal to produce a combined signal;

a first electronic circuit (A) for modifying the combined signal to produce a
receiver signal;
and

areceiver for generating an acoustical signal from the receiver signal at a location
within or closely coupled to the occluded or partially occluded ear;

a third electronic circuit (C) for modifying an external signal to produce a
processed external signal;

a fourth electronic circuit (D) for estimating the level of the receiver signal and
producing a control signal from this estimate;

wherein the control signal controls the processing performed by first electronic
circuit (A) and controls the processing performed by the third electronic circuit (C).
21. A method of providing a negative feedback loop for an electro-acoustic system,
the method including the steps of:

(a) generating an internal signal representing an acoustical signal located within or

closely coupled to an occluded or partially occluded ear;

Petitioners' Exhibit 1004
Page 559 of 779



WO 2006/037156 PCT/AU2005/001506

22

(b) modifying the internal signal to produce a processed internal signal;

(c) combining the processed internal signal with a processed external signal to
produce a combined signal;

(d) modifying the combined signal to produce a receiver signal;

5 (e) generating an acoustical signal from the receiver signal at a location within or

closely coupled to the occluded or partially occluded ear;

(f) modifying an external signal to produce a processed external signal;

(g) estimating the level of the receiver signal either directly from the receiver
signal or from the combined signal and producing a control signal from this estimate;

10 wherein the degree of modification in step (b) is controlled by the control signal.

22. A method as claimed in claim 21 wherein the control signal is utilised to control
the amount of modification occurring in step (f).

23. A method substantially as herein described with reference to any one of the

embodiments of the invention illustrated in the accompanying drawings and/or
15 examples.

24. A system substantially as herein described with reference to any one of the

embodiments of the invention illustrated in the accompanying drawings and/or

examples.
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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

Petitioners' Exhibit 1004
Page 584 of 779



10

15

20

25 -

30

WO 2008/050583 . PCT/JP2007/069131

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
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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

Petitioners' Exhibit 1004
Page 612 of 779



10

15

20

25

WO 2008/050583 PCT/JP2007/069131
32

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
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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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STATEMENT BY APPLICANT

o Art Unit | 2654
( Not for submission under 37 CFR 1.99)

Examiner Name |

Attorney Docket Number |CONT-17203731

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) 2022-06-03
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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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
17/736,180 05/04/2022 3654 830 CONT-17203731 17 1
CONFIRMATION NO. 5894
150139 FILING RECEIPT

777 South Fiagler Drive AR R

Suite 1100 West Tower
West Palm Beach, FL 33401

Date Mailed: 05/10/2022

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 Goldstein, Delray Beach, FL;

John P. Keady, Fairfax Station, VA;
Applicant(s)

Staton Techiya LLC, Delray Beach, FL
Assignment For Published Patent Application

Staton Techiya LLC, Delray Beach, FL

Power of Attorney: The patent practitioners associated with Customer Number 150139

Domestic Priority data as claimed by applicant
This application is a CON of 17/203,731 03/16/2021
which is a CON of 16/671,689 11/01/2019 PAT 10997978
which is a CON of 14/846,994 09/07/2015 PAT 10529325
which is a CON of 12/560,097 09/15/2009 PAT 9129291
which claims benefit of 61/098,914 09/22/2008

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.

Permission to Access Application via Priority Document Exchange: Yes
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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: 05/09/2022

The country code and number of your priority application, to be used for filing abroad under the Paris Convention,
is US 17/736,180

Projected Publication Date: 08/18/2022

Non-Publication Request: No

Early Publication Request: No

** SMALL ENTITY **

Title

PERSONALIZED SOUND MANAGEMENT AND METHOD
Preliminary Class
474
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.

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,
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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
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
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technology, manufacture products, deliver services, and grow your business, visit http:/www.SelectUSA.gov or call
+1-202-482-6800.
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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 17/736,180
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()) 17 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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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 | Goldstein

Art Unit

Examiner Name |

Attorney Docket Number | CONT-17203731

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 0129291 P015-09-08 (Goldstein; Steven
2 10529325 P020-01-07 [oldstein; Steven
3 F661901 P003-12-09 Svean; Jarle
4 5754359 P004-06-22 Bvean; Jarle
5 B208644 P012-06-26 (Goldstein; Steven W.
6 B315400 P012-11-20 [Goldstein; Steven Wayne
7 0781530 P017-10-03 Usher; John
8 10097149 P018-10-09 \oix; Jeremie
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INFORMATION DISCLOSURE

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

Application Number

Filing Date

First Named Inventor | Goldstein

Art Unit

Examiner Name |

Attorney Docket Number |CONT-17203731

9 0191740 P015-11-17 Mclintosh et al.
10 3902155 1975-08-26 Young
11 H539440 1985-09-03 Sciarra
12 H731850 [1988-03-15 |_evitt et al.
13 h033090 1991-07-16 Weinrich
14 b734961 [1998-03-31 Castille
15 h894113 1999-04-13 \Wingate
16 b469615 P002-10-22 Kady et al.
17 606596 P003-08-12 Vimgibl et al.
18 B126159 P012-02-28 [Goose 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
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Application Number

Filing Date

INFORMATION DISCLOSURE

First Named Inventor | Goldstein

STATEMENT BY APPLICANT At Un
rt Unit |

( Not for submission under 37 CFR 1.99)
Examiner Name |

Attorney Docket Number |CONT-17203731

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 0050254667 PO05-11-17 Michael, Kevin

2 0080107286 P008-05-08 Nakajima; Kaor

3 20090220096 P009-09-03 Usher; John

4 0130218560 P013-08-22 Hsiao; Jen-Po

5 P0180176696 P020-02-25 \Moigt Pedersen; Soren Christian

6 0040179694 P004-09-16 Kenneth Alley

7 0100033313 P010-02-11 Keady et al.

8 0100232634 P010-09-16 Boldt

9 20120021732 P012-01-26 | am

10 0020129056 P002-09-12 Conant 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 | Goldstein

Art Unit

Examiner Name |

Attorney Docket Number

| CONT-17203731

11 20020183648 P002-12-05 Hou

12 P0030185403 D003-10-02 BSibbald

13 0050015606 P005-01-20 Blamires et al.
14 20050049492 P005-03-03 Bweeney et al.
15 0050098681 P005-05-12 Berson et al.
16 20050105750 P005-05-19 Frohlich

17 0050251224 P005-11-10 Berg

18 20050144132 P005-06-30 Lin

19 P0060158956 P006-07-20 | augham et al.
20 20060233395 P006-10-19 Prten

21 P0060262935 P006-11-23 [Goose 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 | Goldstein

Art Unit

Examiner Name |

Attorney Docket Number

| CONT-17203731

22 20070098195 PO07-05-03 Holmes

23 P0080091605 D008-04-17 Hughes et al.
24 20080120115 P008-05-22 Mao

25 20080162133 P008-07-03 Couper et al.
26 20080165980 PO08-G7-10 Pavlovic

27 20080177998 PO08-07-24 Apsangi et al.
28 0080178088 PO08-07-24 [Goldstein et al.
29 20080267422 P008-10-30 Cox

30 P0090110223 P009-04-30 Bemcken

31 20090183560 P009-07-23 Henne et al.
32 P0090190767 P009-07-30 Aaron 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 | Goldstein

Art Unit

Examiner Name |

Attorney Docket Number

| CONT-17203731

33 20090204243 P009-08-13 Marwaha et al.
34 0100002897 P310-01-07 Keady
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 Aoblicant of cited where Relevant Ts
Initial* Neo | Number3 Code?j Code#| Date R Passages or Relevant
Document .
Figures Appear
1 [CN101227739 CN 2008-07-23
2 1104155 EP 2011-05-30 Phone Com Inc.
3 WO0028721 WO 2000-05-18 FEricsson Inc.
4 W008014482 WO 2008-01-31 Personics Holdings
5 W008061260 WO 2008-05-22 Personics Holdings
6 WO008153589 WO 2008-12-18 Personics Holdings
Add

If you wish to add additional Foreign Patent Document citation information please click the Add button

NON-PATENT LITERATURE DOCUMENTS

Remove
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Application Number

Filing Date

INFORMATION DISCLOSURE

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

First Named Inventor | Goldstein
Art Unit |
Examiner Name |

Attorney Docket Number |CONT-17203731

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), TS
publisher, city and/or country where published.

Examiner| Cite
Initials* | No

Anonymous, Choose your flavor: Sound ID launches Two new Bluetooth
1 Headsets with Personalized Sound, Business Wire, New York: Oct. 16, 2006.
bp. 1-4. Doc ID 1146 19641

PCT Intemationa1 Search Report for PCT Application No.

2 PCT/USO7/74641 dated Jul. 17 2008
3 PCT International Search Report for PCT Application No.
PCTIUS07/85134 dated Jun. 12 2008
4 PCT International Search Report for PCT Application No.
PCTIUS0O7/85134 dated Jun. 12 2008
PCT Written Opinion for PCT Applicaiton No. PCTIUS07/85134 dated
5
Jun. 12 2008
6 PCT Written Opinion for PCT Application No. PCTIUS08/88417 dated

A\ . 92009

Patent Cooperation Treaty, "International Search Report,” issued in
7 Intemational Patent Application No. PCTIUS09/57751, by U.S. Search
Pwthority dated Nov. 6 2009 document of 2 pages

If you wish to add additional non-patent literature document citation information please click the Add button| Add

EXAMINER SIGNATURE

Examiner Signature Date Considered |

*EXAMINER: Initial if reference considered, whether or not citation is in conformance with MPEP 609. Draw line through a
citation if net in conformance and not considered. Include copy of this form with next communication to applicant.

1 See Kind Codes of USPTO Patent Documents at www.USPTO.GOV or MPEP S01.04. 2 Enter office that issued the document, by the two-letter code (WIPO

Standard ST.3). 3 For Japanese patent documents, the indication of the year of the reign of the Emperor must precede the serial number of the patent document.
4 Kind of document by the appropriate symbols as indicated on the document under WIPO Standard ST.16 if possible. ® Applicant is to place a check mark here if|
English language translation is attached.
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Application Number

Filing Date

INFORMATION DISCLOSURE

First Named Inventor | Goldstein

STATEMENT BY APPLICANT

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

Examiner Name |

Attorney Docket Number |CONT-17203731

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) 2022-05-02
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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CLAIMS
We Claim:

1. An Always On Recording system comprising;
a user interface; and
an audio device comprising;

a microphone configured to measure ambient sound and generate a
microphone signal;

a speaker configured to emit an audio signal;

a memory configured to store instructions;

an audio buffer configured to store at least a portion of the microphone signal;

a data buffer;

a processor operatively coupled to the memory, the processor operatively
coupled to the audio buffer, the processor operatively coupled to the data buffer, wherein the
processor is configured to execute the instructions to perform operations comprising:

receiving the microphone signal;

sending a portion of the microphone signal to the audio buffer;

analyzing the audio buffer for detecting a sonic signature;

notifying the user when the sonic signature is detected;

sending a modified microphone signal to the data buffer replacing or
adding to previously data stored in the data buffer; and

sending a portion of the data buffer, spanning a time period, to the
speaker in response to a user request, wherein the user request is one of the sonic signature

that is a voice command or a manual input from the user interface.

2. The system according to claim 1, wherein the sonic signature is a voice command, and

where the voice command is to replay audio.

3. The system according to claim 1, wherein the time period is less than 30 minutes.
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4. The system according to claim 1, wherein the time period is less than 15 minutes.

5. The system according to claim 1, wherein the audio device is wirelessly connected to an

earpiece.
6. The system according to claim 5, wherein the earpiece includes:
an ambient sound microphone; and

an ear canal receiver.

7. The system according to claim 6, wherein the earpiece further includes:

an ear canal microphone.

8. The system according to claim 7, wherein the operation of notifying the user sends a

notification signal to the ear canal receiver.

9. The system according to claim 1, wherein the sonic signature detected is one of a siren or

an alarm.

10. The system according to claim 9 wherein the earpiece further includes:

a sealing section.

11. The system according to claim 9 wherein the user interface is a button.

12. The system according to claim 1, wherein the time period is less than 1 minute.
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. Attorney Docket Number CONT-17203731
Application Data Sheet37 CFR1.76

Application Number

Title of Invention PERSONALIZED SOUND MANAGEMENT AND METHOD

The application data sheet is part of the provisional or nonprovisional application for which it is being submitted. The following form contains the
bibliographic data arranged in a format specified by the United States Patent and Trademark Office as outlined in 37 CFR 1.76.

This decument may be completed electronically and submitted to the Office in electronic format using the Electronic Filing System (EFS) or the document
may be printed and included in a paper filed application.

Secrecy Order 37 CFR 5.2:

Portions or all of the application associated with this Application Data Sheet may fall under a Secrecy Order pursuant to 37
[ CFR 5.2 (Paper filers only. Applications that fall under Secrecy Order may not be filed electronically.)

Inventor Information:

Inventor 1

Legal Name
Prefix| Given Name Middle Name Family Name Suffix
Steven Goldstein
Residence Information (Select One) {®) US Residency (O Non US Residency (O Active US Military Service
City | DelrayBeach ‘ State/Province ‘ FL | Country of Residence il ous

Mailing Address of Inventor:

Address 1 16390 Maddalena Place
Address 2
City | Delray Beach | State/Province | FL
Postal Code 33446 Country i us
Legal Name
Prefix| Given Name Middle Name Family Name Suffix
John P. Keady
Residence Information (Select One) (®) US Residency (O Non US Residency (O Active US Military Service
City | Fairfax Station ‘ State/Province ‘ VA | Country of Residence i us

Mailing Address of Inventor:

Address 1 8138 Crestridge Rd.

Address 2

City Fairfax Station | State/Province | VA
Postal Code | 22039 | Country i us

All Inventors Must Be Listed - Additional Inventor Information blocks may be generated

within this form by selecting the Add button.

Correspondence Information:
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Attorney Docket Number CONT-17203731

Application Data Sheet37 CFR1.76
Application Number

Title of Invention PERSONALIZED SOUND MANAGEMENT AND METHOD

Enter either Customer Number or complete the Correspondence Information section below.
For further information see 37 CFR 1.33(a).

[ ] An Address is being provided for the correspondence Information of this application.

Customer Number 150139
Email Address ip@akerman.com | Add Email | | Remove Email |
Email Address personics_docketing@cardinal-ip.com | Add Email | | Remove Email |

Application Information:

Title of the Invention PERSONALIZED SOUND MANAGEMENT AND METHOD

Attorney Docket Number | CONT-17203731 Small Entity Status Claimed X

Application Type Nonprovisional

Subject Matter Utility

Total Number of Drawing Sheets (if any) 15 Suggested Figure for Publication (if any) 14

Filing By Reference:

Only complete this section when filing an application by reference under 35 US.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 Authority 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 35U5.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 US Patent Practitioner ‘ (O Limited Recognition {37 CFR 11.9)

WEB ADS 1.0
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Attorney Docket Number

CONT-17203731

Application Number

Title of Invention

PERSONALIZED SOUND MANAGEMENT AND METHOD

Customer Number 150139

Prefix Given Name Middle Name Family Name Suffix
Registration Number

Prefix Given Name Middle Name Family Name Suffix

Registration Number

selecting the Add button.

Additional Representative Information blocks may be generated within this form by

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.5.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 of 17203731 2021-03-16
Prior Application Status | Patented
Application . Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
17203731 Continuation of 16671689 2019-11-01 10997978 2021-05-04
Prior Application Status | Patented
Application o Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
16671689 Continuation of 14846994 2015-09-07 10529325 2020-01-07
Prior Application Status | Patented
Applicaticn .. Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
14846994 Continuation of 12560097 2009-09-15 9129291 2015-09-08
Prior Application Status | Pending
Filing or 371(c) Date
Application Number Continuity Type Prior Application Number {YYYY-MM-DD)
12560097 Claims benefit of provisional 61098914 2008-09-22
WEB ADS 1.0
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Application Data Sheet37 CFR1.76

Application Number

Title of Invention PERSONALIZED SOUND MANAGEMENT AND METHOD

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).

Application Number CountryI Filing Date (YYYY-MM-DD}) Access Codei(if applicable)
us
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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Application Number

Title of Invention PERSONALIZED SOUND MANAGEMENT AND METHOD

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 bath 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 (JPQ), 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.
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PERSONALIZED SOUND MANAGEMENT AND METHOD

CROSS-REFERENCE TO RELATED APPLICATIONS

[0001] This application is a continuation of and claims priority benefit to U.S. Application Ser. No.
17/203,731, filed 16 Mar. 2021, which is a continuation of U.S. Application Ser. No. 16/671,689, filed 1
Nov. 2019, which is a continuation of U.S. application Ser. No. 14/846,994, filed 7 Sep. 2015. U.S.
application Ser. No. 14/846,994 is a continuation of U.S. application Ser. No. 12/560,097 filed on 15 Sep.
2009 and claims the benefit of U.S. provisional patent application No. 61/098,914 filed 22 Sep. 2008.
The disclosure of the aforementioned applications are all incorporated herein by reference in their
entireties.

FIELD OF THE INVENTION

[0002] The invention relates in general to methods of managing sound, and particularly though not
exclusively, is related to personalized sound management.

BACKGROUND OF THE INVENTION

[0003] The world of two hundred years ago is substantially different than the present day earth.
Similarly, the acoustic environment that surrounds us is also changing. For example, the sounds of a
large city have changed as the mode of transportation transitioned from walking and horse and buggy,
to cars, subways, and airplanes.

[0004] In general, humans are continuously inundated by a diversity of sounds. Many of the sounds are
not critical to our lives but our brain processes these sounds and tries to distinguish between them.
Background sound levels can also make it difficult to hear sounds that are important. Too much acoustic
information can cause an auditory overload that can impact both the health and safety of an individual.

SUMMARY

[0005] The invention relates in general to methods and system for implementing a suite of personalized
sound applications for modifying a user's acoustic environment and more particularly, though not
exclusively, to facilitating the adoption of the technology, ensuring the technology functions properly,
protecting both the manufacturers and consumer, and providing user selection and control over the
management of sound.

[0006] At least one exemplary embodiment is directed to a method of personalized sound management
comprising the steps of: selecting at least one of a plurality of personalized sound management
applications through a client system where the user selects the at least one of the plurality of
personalized sound management applications from a website; accepting a subscription contract for
using the at least one of the personalized sound management applications; and loading the selected at
least one of the plurality of applications from a server system to a device where the device has at least
one microphone, at least one speaker, and a processor configured to identify sonic signatures where
each sonic signature is identified using a Gaussian mixture model.
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[0007] At least one exemplary embodiment is directed to a method of implementing personalized sound
management comprising the steps of: recording sound with a microphone of a communication device;
analyzing the sound for acoustic information relevant for personalized sound management applications;
storing a sonic signature in a memory of the communication device; calculating a sound pressure level of
the sonic signature; and attaching and storing metadata related to the sonic signature and sound
pressure level including a time stamp and geocode.

BRIEF DESCRIPTION OF THE DRAWINGS

[0008] Exemplary embodiments of the present invention will become more fully understood from the
detailed description and the accompanying drawings, wherein:

[0009] FIG. 1 illustrates a block diagram of the interaction of personalized sound managementin
accordance with at least one exemplary embodiment;

[0010] FIG. 2 illustrates a block diagram of a partial list of applications for personalized sound
management in accordance with at least one exemplary embodiment;

[0011] FIG. 3 illustrates a block diagram of the interaction of a personalized management enabled device
with other devices in accordance with at least one exemplary embodiment;

[0012] FIG. 4 illustrates a flow chart of a process of providing personalized sound management in
accordance with at least one exemplary embodiment;

[0013] FIG. 5 illustrates a flow chart of an application testing in accordance with at least one exemplary
embodiment;

[0014] FIG. 6 illustrates a flow chart of the testing of a personal sound management device in
accordance with at least one exemplary embodiment;

[0015] FIGS. 7a and 7b are diagrams illustrating a consumer purchase process in accordance with at least
one exemplary embodiment;

[0016] FIG. 8 illustrates a flow chart of registering a new device that includes personalized sound
management applications in accordance with at least one exemplary embodiment;

[0017] FIG. 9 illustrates a flow chart of enabling the new device in accordance with at least one
exemplary embodiment;

[0018] FIG. 10 illustrates a flow chart of updating a unit or device in accordance with at least one
exemplary embodiment;

[0019] FIG. 11 illustrates a diagram of a device for implementing personalized sound management in
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accordance with at least one exemplary embodiment;

[0020] FIG. 12 illustrates a block diagram of a device for implementing personalized sound management
in accordance with at least one exemplary embodiment;

[0021] FIG. 13 illustrates a diagram of a communication device or earpiece configured to provide sonic
signatures to a sonic signature database in accordance with at least one exemplary embodiment; and

[0022] FIG. 14 illustrates a block diagram of a cell phone capturing a sonic signature and providing the
sonic signature to a database of sounds in accordance with at least one exemplary embodiment.

DETAILED DESCRIPTION OF EXEMPLARY EMBODIMENTS OF THE PRESENT INVENTION

[0023] The following description of exemplary embodiment(s) is merely illustrative in nature and is in no
way intended to limit the invention, its application, or uses.

[0024] Processes, techniques, apparatus, and materials as known by one of ordinary skill in the art may
not be discussed in detail but are intended to be part of the enabling description where appropriate. For
example specific computer code may not be listed for achieving each of the steps discussed, however
one of ordinary skill would be able, without undo experimentation, to write such code given the
enabling disclosure herein. Such code is intended to fall within the scope of at least one exemplary
embodiment.

[0025] Additionally, the sizes of structures used in exemplary embodiments are not limited by any
discussion herein (e.g., the sizes of structures can be macro (centimeter, meter, millimeter, micro (micro
meter), nanometer size and smaller).

[0026] Notice 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 or further defined in the
following figures.

[0027] In all of the examples illustrated and discussed herein, any specific values, should be interpreted
to be illustrative only and non-limiting. Thus, other examples of the exemplary embodiments could have
different values.

[0028] FIG. 1 is a diagram of personal sound management in accordance with at least one exemplary
embodiment. In our global community 100, each person is unique. The differences between individuals
can be genetic, cultural, environmental, personal, or physical to name just a few. The combination of
these traits is what makes us unique. One of the main senses a human relies on is our auditory sense.
Hearing impacts every aspect of our life from communication to safety. How each individual perceives
and uses sound is also unique.

[0029] From an acoustic perspective, sound pressure levels have been rising steadily. The diversity of
sounds is also increasing. The human brain continuously processes the acoustic information provided by
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the ears. Both the sound pressure levels and the sound diversity puts increasing strain on a person to
determine what they need to hear versus what they are hearing. Ultimately, this "acoustic overload" can
manifest itself in physical ailments and health risks such as stress, sleeplessness, and depression.

[0030] A person 102 has an acoustic space 104 from which a majority of sounds they receive emanate.
Some of the sounds are useful to person 102 and some sounds may have no use. Acoustic space 104 can
be large or small. Acoustic space 104 will change with time and location. For example, acoustic space
104 can be a room, a stadium, a forest, an automobile, a plane, or the ear canal of person 102.
Personalized sound management (PSM™) 106 is the ability to modify what is received from acoustic
space 104 thereby tailoring or personalizing the received acoustic information to meet the needs of
person 102.

[0031] Devices 108 are a source of acoustic information within acoustic space 104. In general, device(s)
108 have a speaker, a microphone, or one or more of both. In general, application hardware and
software 110 is incorporated in, although can be external also, device(s) 108 to allow personalization of
acoustic space 104. Person 102 selects the applications and controls device(s) 108 to modify acoustic
space 104 to meet their personal needs and wants. The benefit and utility of personalizing and
managing sound received by person 102 will be disclosed in more detail.

[0032] FIG. 2 is a diagram illustrating a partial list of applications for personalized sound management in
accordance with at least one exemplary embodiment. A user 202 has an acoustic space 204 that
includes both real sounds and potential sounds. In many cases, acoustic space 204 can be inundated
with a variety of sounds not under control of user 202. This lack of control over acoustic information and
sound within acoustic space 204 can make for a reduction in quality of life, loss of efficiency, or more
seriously affecting user's 202 health and safety.

[0033] In at least one exemplary embodiment, a user 202 selects 201 at least one personalized sound
management application from a personalized sound management applications list 206. Although only a
partial list, applications such as Safe Space™ 216, EarGuard™ 218, Quiet Call™ 220, Ear Sticky™ 230,
Hearable™ 222, Always On-Recording™ 224, Earbliss™ 226, Hear & Tell™ 232, and Ear Mail™ 228 will
be used to illustrate how acoustic space 204 is personalized and managed for the benefit of user 202. A
more detailed explanation of personalized sound management applications 206 will be described.

[0034] The selected applications of user 202 are loaded into ROM 212. An operating system 208 is
configured operably with device 210 and ROM 212. Operating system 208, in conjunction with
personalized sound management applications 206, provides an interface to the user for personalized
sound management 214 to meet user needs to manage user acoustic space 202 and for controlling
device 210.

[0035] ROM 212 can be read only memory such that the selected applications from personalized sound
management list 206 cannot be tampered with or rewritten. However in at least one exemplary
embodiment ROM 212 can also be memory that can be read and written to so that a user can change
settings. Alternately, ROM 212 can be other types of memory such as fe-ram, phase change memory,
magneto-resistive memory, hard drive, sram, dram, eprom, eeprom, and other non-volatile or read only

Petitioners' Exhibit 1004
Page 702 of 779



memories where the selected applications are secure from any type of downloading, tampering, or
modification through physical or software protection. Monitoring of ROM 212 and the selected
applications can also be added where notification is sent or device 210 is disabled when an improper
action is detected. ROM 212 ensures that an application will operate as disclosed for user 202.

[0036] Components of device 210 can be built in a single unit or operatively coupled units. For example,
multiple devices of 210 can be wired, optically connected, wirelessly connected or a combination
thereof. Operating system 208 can be run remotely to operate device 210 or reside within device 210.
Similarly, ROM 212 can be located in device 210 or remote to device 210. In at least one exemplary
embodiment, operating system 208 resides in ROM 212. Device 210 typically has at least one
microphone or at least one speaker, or both. The at least one microphone provides acoustic information
for use in conjunction with personalized sound management applications. The at least one speaker
provides acoustic information to user 202 and acoustic space 204. Device 210 has a microprocessor (not
shown) for running applications 206. In at least one exemplary embodiment the microprocessor is
dedicated to running personalized sound management applications 206.

[0037] In general, personalized sound management applications are customizable point solutions that
allow user 202 to handle a variety of tasks associated with managing acoustic space 204. The selection
of personalized sound management applications will depend on the person, the device, and the acoustic
space being managed. Non-limiting examples of devices that can use personalized sound management
applications with the appropriate hardware and operating system, are earpieces, media devices, and
vehicles.

[0038] Described hereinbelow are brief overviews of the user selected personalized sound management
applications:

[0039] Safe Space™ 216 is an "intelligent hearing" application that detects and outputs a response
based on the identification of a recognized sound. The concept of recognizing sounds is described as
Sonic Signature Detection. Safe Space™ 216 also includes a user defined hierarchy and can provide
responses based on the hierarchy.

[0040] A brief example is provided of how Safe Space™ 216 manages the acoustic space corresponding
to the interior of an automobile. As is well known, automobiles are designed to have a quiet interior
space. Sound insulation is deliberately placed around the car interior to attenuate sounds coming from
the car exterior. Furthermore, automobile drivers often listen to high volume music while driving. This
combination makes it difficult to hear sounds such as emergency vehicles. People often get seriously
injured because they hear the emergency vehicle when it is in close proximity to the vehicle and panic
causing an accident. All descriptions below describing personalized sound management applications
assume that the device using the application has incorporated within it the hardware and software
required to run the application and perform the application function.

[0041] In this example, Safe Space™ 216 detects emergency vehicle horns when they are a substantial
distance away. In at least one exemplary embodiment, a microphone is exterior to the car and can pick
up sounds in the ambient or car exterior. Sonic signatures related to emergency vehicles such as fire
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trucks, ambulances, and police cars are stored in the system. Safe Space™ 216 analyses sounds from the
microphone. A response is provided if one of the stored sonic signatures is detected. In at least one
exemplary embodiment, upon detecting a fire truck siren, Safe Space™ 216 can initiate playing the
identified signal through the car stereo system for the car driver to hear and respond to. In at least one
exemplary embodiment, Safe Space™ 216 can calculate the direction, distance, and street (through
GPS) of the approaching emergency vehicle. The information is then provided visually or vocally to the
driver. For example, the car stereo automatically turns down the music and states through the speaker
system that an ambulance is coming east bound on 3.sup.rd Street or an ambulance is approaching from
the right.

[0042] EarGuard™ 218 is a personalized sound management application that improves listening quality
and safety. Hearing disorders are increasing at a very high rate. Many people live in an environment
such as a noisy urban environment or an industrial manufacturing area where sound pressure levels are
consistently high. Moreover, people themselves are subjecting themselves to loud and sustained
sounds. Examples of extreme or sustained sound exposure are portable media players using earbuds,
sport shooting, and rock concerts. The trend is a growing population of people that have or will have
hearing problems.

[0043] The ear is a very sensitive instrument having a large dynamic range that allows us to hear sounds
ranging from a whisper to a shout. Subjecting the ear to man-made cacophony is now known to
metabolically exhaust the highly specialized sensory cells in the inner ear, causing them to die and be
replaced by scar tissue in the hearing organ. Ear Guard™ 218 is an application that monitors the sound
exposure of the user and protects the ear from damage.

[0044] Briefly, Earguard™ 218 improves listening quality and safety by employing a personal hearing
zone that measures sound levels within the ear and in one exemplary embodiment an intelligent level
control to protect against over amplification. Earguard™ 218 includes a sound pressure level (SPL) dose
management system. The SPL dose management system takes into account both transient and long
term sound. In at least one exemplary embodiment, when sound at the user's eardrum is above a
certain threshold known to begin the process of metabolically exhausting the ear, the metric known as
SPL Dose increases. The SPL dose decreases when sound is below that threshold according to a recovery
function that mirrors the recovery of the ear from excessive sound exposure. In at least one exemplary
embodiment, Earguard™ 218 will indicate to the user damage to the ear is likely if the sound exposure is
continued. In this scenario, the user has the control to take the appropriate action to protect his/her
ears.

[0045] In at least one exemplary embodiment, an intelligent level adjustment system is a personalized
sound management application that automatically estimates the preferred listening level of an audio
content signal (e.g. speech or music audio from a device) depending on an analysis of the level, other
acoustic features of the ambient environment, and an analysis of the audio content signal. Thus, a
human-machine relationship is nurtured with this bi-directional control flow from human to the
intelligent level adjustment system and from intelligent level adjustment system to the human user.

[0046] A substantial benefit of an application such as Earguard™ 218 is the protection of the ear from
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damage. Furthermore, this safeguard if propagated will prevent hearing loss thereby reducing the
financial burden on the economy in years to come for the individual, business, and government for
hearing loss remedies. Thus, using Earguard™ 218 could not only stem the growth in hearing related
problems but greatly reduce it over the years to come.

[0047] Quiet Call™ 220 is an application that allows user 202 having heard a voice message to respond
to the remote caller through a non-verbal means. An example of a non-verbal response is a key-pad
entered text message. The entered text message is converted to a speech audio message and is sent to
the remote caller. The caller then receives the speech audio message.

[0048] An example of the utility of Quiet Call™ 220 is illustrated when user 202 is in an important
business meeting but is required to provide input to another remote meeting. User 202 receives the
voice message sent from someone in the remote meeting. User 202 responds by entering the response
through his/her phone keypad; the text is converted to voice and sent to the person at the remote
meeting who sent the original message. User 202 does not have to interrupt the meeting to listen to the
voice message nor to reply. Thus, the meeting attended by user 202 can move forward with little or no
loss of momentum that would occur if the meeting was disrupted by the call.

[0049] Hearable™ 222 is a speech enhancement application that improves voice communication. For
example, Hearable™ 222 can be used with an earpiece device having at least two microphones, an
ambient sound microphone for receiving sounds in the ambient environment and an ear canal
microphone for receiving sounds in the ear canal. A common use for the earpiece would be with a
communication device such as a cell phone or other phone system. The earpiece using the Hearable™
222 application would normally use the ambient sound microphone for receiving and transmitting the
user's spoken voice. In this mode, the user's voice will be natural sounding and easily recognizable on
the receiving end.

[0050] In a noisy environment it can be difficult to carry on a telephone conversation. The ambient
sound microphone will pick up the voice and the noise in the ambient environment. The earpiece will
switch to the ear canal microphone when the ambient sound microphone detects a high background
noise level. The user's voice is readily picked up by the ear canal microphone but the noise in the
ambient environment is substantially reduced. Switching to the ear canal microphone allows the
receiving party to clearly hear the user's voice. The problem with using the ear canal microphone is that
user's voice received in the ear canal sounds different because of frequency roll off in the upper
spectrum of the voice range. Although the user can be heard clearly, the user's voice may not sound
right to the receiving end.

[0051] Hearable™ 222 is a personalized sound management application that improves the sound quality
of the user's voice. Hearable™ 222 uses a combination of the sound received by the ambient sound
microphone and the ear canal microphone to create a more natural sounding voice. The combination of
the two signals is a function of the background noise level. Explaining further the signal from the
ambient sound microphone is used less as the background noise level increases. Hearable™ 222 allows a
user to have a conversation in a noisy environment while providing a high quality voice signal that is
intelligible and recognizable at the receiving end.
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[0052] Always On-Recording™ 224 is a personalized sound application that acts as its name implies. A
device using the Always On-Recording™ 224 application is recording the most current audio information
for user recall. The recording is stored in a buffer that will allow the user to immediately access the
audio information. The buffer will have a finite amount of storage. The recording time will be a function
of the buffer or memory available for the Always On-Recording™ 224 application.

[0053] Always On-Recording™ 224 provides utility for short durations of recording. For example, in an
application where a user is receiving information such as a phone number or driving directions. The user
knows that the device employing Always On-Recording™ 224 has the stored acoustic information and
can immediately listen-again to the buffer contents thereby repeating the phone number or driving
directions. Similarly, if the user was discussing a contract term and wanted to know exactly what the
person said, the user could immediately re-listen to make sure that what they thought they heard is
exactly what they heard.

[0054] Earbliss™ 226 is a personalized sound management application to provide acoustic isolation from
someone who snores while allowing other sounds to be heard. A large percentage of the population
suffers though sleepless nights because of the sounds generated by people with sleep apnea and more
generally due to loud snoring. Moreover, sleep deprivation can have serious consequences related to
health and disposition.

[0055] Earbliss™ 226 is a sleep zone technology that utilizes sonic signature detection to insulate sleep
partners against intrusion from snoring while still providing awareness of priority sounds. In this
example, a sonic signature is acoustic information related to the sounds of a person snoring. In at least
one exemplary embodiment, Earbliss™ 226 is an application that is used in conjunction earpieces.

[0056] Sealing the ear canal with ear plugs will attenuate the snoring but also blocks out all sounds.
Hearing is one of the most vital senses that we have. Under normal conditions we cannot turn off our
hearing which allows us to wake in a critical situation. Ear plugs will block out sounds of consequence.
For example, the user may not hear their baby crying or a child leaving their room.

[0057] Earbliss™ 226 enables a user to attenuate snoring while hearing other sounds around them. The
earpieces fit in the ear canal of the user to seal or partially seal the ear canal. The earpieces have an
ambient sound microphone for receiving acoustic information from the ambient environment and an
ear canal receiver for providing sound to the user's ear canal. As mentioned previously, the earpieces
will have a sonic signature related to snorer's snoring stored in memory in the device.

[0058] The ambient sound microphone picks up all sounds in the ambient environment including the
snorer's snoring. The earpiece processes all the acoustic information coming from the ambient sound
microphone and looks for signals similar to stored sonic signatures. Pattern recognition approaches are
applied based on the known sonic signatures to detect the snoring sounds from their corresponding
sonic signatures. More specifically, sonic signatures can then be compared to learned models to identify
a corresponding snoring sound. Once identified the snoring sound is suppressed and not output to the
ear canal by the ear canal receiver. Thus, the wearer of the earpieces does not hear the snoring.
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[0059] Conversely, sounds in the ambient environment that are not recognized through the processing
of acoustic information by the earpieces can be passed transparently to the ear canal receiver for
reproduction within the ear canal. In this mode, the sound produced in the ear canal sufficiently
matches the ambient sound outside the ear canal, thereby providing a "transparency" effect other than
the suppressed sonic signature (snoring). The earpieces can also enhance sound. For example, the
earpieces having sonic signatures related to a fire truck siren or a baby crying can detect either signal
and then amplify the signal (fire truck siren, baby crying) so as to make the wearer of the earpieces
aware of the signal's detection. Thus, Earbliss™ 226 modifies the acoustic environment of the user to
eliminate what does not need to be heard while allowing the user to be aware of other sounds in a
normal context.

[0060] Ear Mail™ 228 is a personalized sound management application for converting text to voice. In
particular, Ear Mail™ 228 provides great utility to users of email and text messaging although not
limited to these examples. Email and text messaging is becoming a very popular form of communication
among a large portion of the population. It is not always convenient or in some cases not prudent to
review written text depending on the situation.

[0061] Ear Mail™ 228 converts the text of a message or email to a speech audio message using a text to
speech algorithm. The converted speech audio message is replayed through a loudspeaker coupled to a
device using the Ear Mail™ 228 application. For example, Ear Mail™ 228 used in a smart phone coupled
to the stereo system of a car through a blue tooth connection could playback the text or emails through
the car speakers. The user could hear their messages while driving safely down the road.

[0062] Ear Sticky™ 230 is a personalized sound management application for recording information that
can be saved and used for future use. In at least one exemplary embodiment, Ear Sticky™ 230 is a
mobile communication application that can be used in a device such as a cell phone or an earpiece that
is operably coupled to other devices. Ear Sticky™ 230 can record communication through a device or
sounds in the ambient environment. Sounds in the ambient environment are recorded by an ambient
sound microphone.

[0063] In a first example of an Ear Sticky™ 230 application, a conversation between a husband and wife
occurs and a list of items to pick up at several stores is disclosed. The user of Ear Sticky™ 230 does not
need to write down or remember this list. The conversation is being recorded and stored in a buffer. The
user activates Ear Sticky™ 230 to store the recorded conversation to be reviewed at a later time. Thus,
the user of Ear Sticky™ 230 could recall and listen to the list on the way home to ensure that the right
items are picked up at the appropriate store.

[0064] In a second example of an Ear Sticky™ 230 application, a device records with an ambient sound
microphone. For example, the user of Ear Sticky™ 230 comes up with a great concept to solve a problem
he or she has been working on for some time. The user can enable Ear Sticky™ 230 and uses the
ambient sound microphone to record his or her voice to convey the idea, concept, or thoughts and store
it for review at a later time. In general, Ear Sticky™ 230 provides utility and convenience in storing and
recalling sounds in one's acoustic space.
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[0065] Hear & Tell™ 232 is a personalized sound management application for recording a sound,
training a Gaussian mixture model to learn features of the sound and then storing the Gaussian mixture
model in memory of the device. A user of Hear & Tell™ 232 can record the sound or provide a sound,
called herein as a sonic signature. The device is operably coupled to at least one microphone to compare
sounds received from the microphone against the stored sonic signature. The device can perform an
operation that modifies the user's acoustic space 204 once a sound is identified as being similar to a
sonic signature. Examples of several operations the device can perform are passing the detected signal
through to the user, boosting the sound such that the user is made aware of the detected sound,
rejecting the sound so the user does not hear the detected sound, attenuating the detected sound, and
replacing the detected sound with an alternate sound to name.

[0066] The Hear & Tell™ 232 application will store a Gaussian mixture model (GMM) for every sonic
signature that it has been trained to recognize. Each GMM is completely specified by a mixture of mean
vectors, a mixture of covariance matrices, and a mixture of weights.

[0067] An example of a warning sound (e.g. siren of emergency vehicle) will be used to further illustrate
the Hear & Tell™ 232 learning application. Each GMM provides a model for the distribution of the
feature statistics for each warning sound in a multi-dimensional space. Upon presentation of a new
feature vector, the likelihood of the presence of each warning sound can be calculated. In at least one
exemplary embodiment, each warning sound's GMM is evaluated relative to its anti-model, and a score
related to the likelihood of that warning sound is computed in order to determine if a sound is detected.
A threshold can be applied directly to this score to decide whether the warning sound is present or
absent. Similarly, a sequence of scores can be relayed and used in a more complex rule set to determine
absence or presence of the sound. Thus, Hear & Tell™ 232 allows a user to store, model, and train a
device for sonic signatures under user control and selection thereby allowing a user to modify their
acoustic space through the detection of a sound and response by the device.

[0068] In general, personalized sound management applications are customizable point solutions that
allow user 202 to handle a variety of tasks associated with managing acoustic space 204. The selection
of personalized sound management applications will depend on the person, the device, and the acoustic
space being managed. Examples of devices that can use personalized sound management applications
with the appropriate hardware and operating system, but not limited to these examples, are earpieces,
media devices, and vehicles.

[0069] As described hereinabove, a suite of personalized sound management applications 206 are
provided. The user 202 can select the desired applications and have control over their acoustic space
204. The selected applications are stored in ROM 212. Under user control, user 202 selects the
parameters of personalized sound management applications 206 using operating system 208 for
implementing applications 206 in device 210 for managing acoustic space 204 based on the individual's
needs and wants.

[0070] FIG. 3 is a diagram illustrating a module 300 for implementing personalized sound management
in accordance with at least one exemplary embodiment. Module 300 comprises an H-Chip™ 302, a ROM
304, an operating system 306, and user selected personalized sound management applications 308. In at
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least one exemplary embodiment, module 300 comprises the H-Chip™ 302 with ROM 304 built into H-

Chip™ 302. Both operating system 306 and user selected personalized sound management applications
308 are stored on ROM 304. Alternately, H-Chip™ 302 and ROM 304 can be separate chips allowing for
a larger block of memory.

[0071] H-Chip™ 302 is a microprocessor, DSP, or logic circuit that implements personalized sound
management applications 308. H-Chip™ 302 is optimized for low power dissipation while running user
selected personalized sound management applications 308. In at least one exemplary embodiment, H-
Chip™ 302 can be a dedicated engine for running applications 308.

[0072] Module 300 comprises an application engine (firmware) and a dedicated processor that simplifies
the integration of user selected and user controlled personalized sound management applications 308
into a device. In an exemplary embodiment, module 300 is integrated into each device in devices 314.
Devices 314 typically, although not always have at least one microphone and at least one speaker. User
310 in conjunction with module 300 can personalize how each device manages sound to the user.

[0073] An additional aspect of module 300 is that a third party manufacturer merely builds the acoustic
portion of their device around module 300. In an exemplary embodiment, a manufacturer does not and
cannot modify operating system 306 and user selected personalized sound management applications
308. Thus, the manufacturer saves time, effort, and money through the seamless integration module
300 into a single hardware solution for maximum transportability into 3.sup.rd party form factors.

[0074] FIG. 4 is a diagram illustrating a process of providing personalized sound management in
accordance with at least one exemplary embodiment. In general, the technology related to providing
personalized sound management comprises hardware components and software. In at least one
exemplary embodiment, the hardware 402 comprises transducers 404 and H-Chip™ 406.

[0075] Transducers 404 are speaker and microphones for respectively providing and receiving sound in
an acoustic space. Depending on the application, the size and form factor of transducers 404 may be a
critical design parameter. Transducers 404 can be a speaker for providing high fidelity sound to enhance
a user's experience. Similarly, transducers 404 can be a microphone for receiving acoustic information
and in some cases can pick up sounds inaudible to the user.

[0076] H-Chip™ 406 can be a microprocessor, digital signal processor, logic circuit, or applications
specific integrated circuit for use implementing the software applications listed hereinabove and other
programs related to personalized sound management. H-Chip™ 406 includes operating system 408
specific for managing the device as it relates to personalized sound management and allows user control
to adjust the parameters of each application for their specific needs.

[0077] Hardware 402 can be integrated into existing devices or next generation devices for adding
utility, providing safety, and allowing personalization of a user's acoustic space. Providing hardware 402
enables device manufacturers 410 to rapidly integrate the technology into their products. This will
quicken the adoption cycle of the technology for the benefit of the general public in health and safety,
and for the individual through personalization. Hardware 402 can be a circuit board to which
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transducers 404 and H-Chip™ 406 are operatively attached.

[0078] Device manufacturers 410 can provide their own hardware 414 or use transducers 404 and H-
Chip™ 406. The operating system and application software is incorporated 412 and stored in read only
memory (ROM). In at least one exemplary embodiment, operating system 408 and the application
software can be stored in ROM. Using read only memory for storage prevents device manufacturers 410
or consumers from tampering with the software code thereby maintaining the integrity of the system
and how it performs for the user. Note herein when referring to ROM storage, at least one exemplary
embodiment can include RAM or other read/write storage methods.

[0079] People in the consumer product industry have stated that any new product and even old
products in the hands of consumers may produce liability issues that companies associated with the
product have to deal with. This often delays an introduction of a product or adds substantial cost to a
product launch. In at least one exemplary embodiment, device manufacturers 410 provide their product
for certification 416. In at least one exemplary embodiment, certification 416 is performed by an
independent company from device manufacturers 410. Certification 416 is a process whereby a new
product is exhaustively tested to ensure the device will perform to specification under a variety of
conditions and tolerances. In particular, certification 416 tests the operating system and the device
performance in implementing the applications related to personal sound management. Should the
device not pass certification testing, it can be repaired or redesigned. The repaired or redesigned device
can then undergo certification 416 to determine if it meets the test specifications.

[0080] In at least one exemplary embodiment, an insurance policy 418 may be provided covering the
device manufacturers 410 using operating system 408, hardware 402, and the application software. This
provides substantial benefits in that the device manufacturers 410 can deploy the technology with less
risk. Moreover, each company providing devices will know that the personalized sound management
system is similar or identical to others in the market. As mentioned hereinabove, the operating system
and application software can be stored in ROM ensuring it cannot be rewritten. Additional measures can
be taken to determine if the software is being used out of context and shutting down the operation of
the device.

[0081] Once tested and certified, device manufacturers 410 can manufacture, market, and sell devices
with personalized sound management 424 and be covered from a liability perspective under provisions
in the insurance policy 418. A consumer purchases 420 a certified device and may also be covered under
the same insurance policy 418 or may have a second policy directed to the consumer. Consumer
protected 422 under insurance policy 418 and having certification 416 will instill consumer confidence to
the quality and reliability of the device. This will be discussed in greater detail hereinbelow. Thus, this
process is very efficient in creating manufacturer adoption of the personalized sound management
technology while protecting both device manufacturers 410 and the consumer.

[0082] FIG. 5 is a diagram illustrating application testing in accordance with at least one exemplary
embodiment. Device manufacturers 502 develop, prototype, and manufacture products 506. Products
506 include hardware and operating system 504 for running and performing Personalized Sound
Management (PSM™) applications 508.
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[0083] In at least one exemplary embodiment, hardware and operating system 504 is capable of running
all personalized sound management applications 508. Products 506 may or may not use all of
personalized sound management applications 508. Similarly, an end user or customer of products 506
may or may not use all of personalized sound management applications 508.

[0084] Hardware and operating system 504 of products 506 are loaded with all personalized sound
management applications 508. The hardware and operating system 504 are exercised in testing 510 to
ensure that it can run personalized sound management applications 508 per specification. Product 506
may or may not be tested for all personalized sound management applications 508 depending on the
capability of the device. Products 506 will be tested 510 for the implementation of all personalized
sound management applications it is capable of running to meet user specifications for the product (i.e.
product certification 512). In at least one exemplary embodiment, should a product run only a subset of
personalized sound management applications, the product can be designed and tested to lock out the
running of applications not specified for the particular product (even though hardware and operating
system 504 can run personalized sound management applications 508).

[0085] A scale of economy for developing and manufacturing hardware and operating system 504 is
achieved by having a number of different device manufacturers 502 standardize on the engine
(hardware and operating system 504) for implementing personalized sound management. Consistency
of product, ability to expand scope of product, and lowering cost through volume manufacturing are all
achieved by this methodology. In the example where liability insurance may be purchased by the
product certification company (or other company) testing 510 all personalized sound management
applications 508 in products 506 ensures that hardware and operating system 504 perform per
specification independent of the product it is placed in. Furthermore, having little or no variation on the
operation of hardware and operating system 504 and personalized sound management applications 508
minimizes risk. An added benefit is that a large statistical database of diversified products is generated
that will allow improvements to managing personalized sound management devices to improved device
performance as well as lower liability risk. The consumer benefits by having a highly exercised and stable
product that improves their health, safety, and quality of life.

[0086] FIG. 6 is a diagram illustrating testing of a personalized sound management product 602 in
accordance with at least one exemplary embodiment. In at least one exemplary embodiment, testing of
all products incorporating personalized sound management applications are tested by a single entity.
Personalized sound management product 602 can be developed and manufactured by a number of
different companies. As previously mentioned, this allows the single entity, should it so desire to
purchase a liability insurance policy that covers the manufacturers making personalized sound
management product 602 and consumers using personalized sound management product 602.

[0087] Personalized sound management product 602 is tested by certification laboratory 604. In at least
one exemplary embodiment, certification laboratory 604 is independent from the different
manufacturers that develop personalized sound management product 602 thereby providing unbiased
testing. Testing 614 of hardware 606, software 608, and manufacturing 610 are performed on
personalized sound management product 602. Testing 614 is related to operation and performance of
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personalized sound management applications. Hardware testing includes the processor, transducers,
and other elements, which implement the personalized sound management of the device. Testing of
software 608 includes the operating system and personalized sound management applications. Testing
614 includes reliability 616 and quality 618 testing. Testing 614 can also include human testing because
in some embodiments, personalized sound management product may be worn in an orifice of the
human body.

[0088] Upon passing testing 614 the personalized sound management product 602 is certified by
certification laboratory 604. A product certified 620 can include some form of warranty, indemnification,
and liability insurance for the device. Problems or issues with personalized sound management product
602 are reported to the company should it fail for any reasons. Corrective action can be taken and the
device retested to determine if the issue has been resolved.

[0089] In at least one exemplary embodiment, certification laboratory 604 or its parent company will
brand the product by placing a trademark or company logo on the approved personalized sound
management product 602. The trademark or logo represents the incorporation of its personalized sound
management technology in the product (hardware, software, and intellectual property) as well as the
certification indicating the quality and reliability of the device.

[0090] FIG. 7a is a diagram illustrating a consumer purchase process for a personalized sound
management product in accordance with at least one exemplary embodiment. A consumer reviews a
number of different devices such as earpieces in a display area. The display area allows the consumer to
look, feel, and touch the hardware. The consumer focuses on an earpiece 701 in the display area and
wants to learn more about the device.

[0091] A sales person can demonstrate earpiece 701 allowing the consumer to test the functions and
performance of the device. A demonstration room or test environment can be used to illustrate
performance differentiation when compared to other earpieces. In at least one exemplary embodiment,
earpiece 701 is an in-ear device that has a removable and disposable sealing section. This allows
consumer testing using earpiece 701 while maintaining a sanitary condition by disposing of the sealing
section after each test session.

[0092] The consumer indicates to the sales person that he or she would like to purchase earpiece 701.
The sales person accesses a computer that is coupled to server system for completing a purchase
transaction. The consumer provides registration information that is entered into a database in a step
703. The consumer or the sales person can enter the information into the database. The registration
information 705 comprises information such as personal, financial, business, and preference. Personal
information relates to data such as age, sex, home address, telephone number, email address, which
identifies the consumer. Financial information relates the consumer's ability to pay such as credit
history, credit card for billing, job information, and banking institutions. Business information relates to
a business purchase of the component. Similar to above, business identification and business financial
information would be entered with the purchase. Preferences relate to things such as how the
consumer wants to be contacted (email, phone), do they want to be made aware of upgrades for their
device, and other products they might have interest in. Other information or user experiences could also
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be collected during the registration process.

[0093] The unit selected by the consumer is then entered into the system in a step 707. In at least one
exemplary embodiment, the system identifies the unit and provides a listing of the hardware, software,
and subsystems that work with the earpiece 701. The consumer can look at the options available in a
step 709 and select among these options. In at least one exemplary embodiment, the selection process
can be facilitated by topic, occupation, or other characteristics by providing a list of typical user features
applied to earpiece 701. For example, the consumer is purchasing earpiece 701 for a multimedia player.
Earpiece 701 provides a substantial improvement in noise attenuation, musical clarity, definition, and
dynamic range. The consumer is interested in the safety aspect (and selects this topic on the kiosk)
provided by earpiece 701 in alerting the user to an emergency event. For example, earpiece 701 can
detect and make the user aware of sirens, emergency sounds, alarms, etc. that would be difficult to hear
when listening to music. The consumer by looking at the "safety" topic can select appropriate
applications software and sonic signatures to alert the user of a safety situation for their specific device.
The consumer can continue to look through other topics and select hardware and software that
supplements and implements the desired user experience.

[0094] As mentioned previously, the options can be provided in a step 709 in many different formats.
Another format of providing options is by occupation. For example, a dentist may be provided a package
to outfit the entire office and patients. The earpieces substantially reduce noise related to drilling which
are both a psychological barrier for dentistry and a hearing loss mechanism for people working in a
dentist office. The occupation package can provide wireless communication between devices allowing
dentists, assistants, and patients to talk or listen to music even in a noisy environment. Replaceable in-
ear sealing sections would allow the staff to maintain sanitary conditions with each new patient. After
reviewing the consumer selects the appropriate hardware and software to personalize their sound space
(on the kiosk or computer) in a step 711.

[0095] In at least one exemplary embodiment, the selected application software provided to earpiece
701 is a subscription whereby the consumer pays a monthly fee to use the applications. Alternately, the
selected application software can be a license or purchase associated with the earpiece 701 whereby a
one time fee is paid. The consumer can discuss the terms of the agreement with the sales person or
review the contract on the computer. If the consumer approves, the contract is signed or accepted and
an initial payment is made for the hardware and software in a step 713. The consumer can have the
subscription payment automatically billed to a credit card or other automatic payment methodology to
ensure uninterrupted service.

[0096] The purchased earpiece is then connected via a wired or wireless connection to download the
selected software and enabled in a step 715. A wired connection 717 such as a mini USB cable is shown
in the illustration. Wired connection 717 connects to a server system having the appropriate software.
In at least one exemplary embodiment, the selections from step 711 can be stored in memory and used
to direct the downloading of software to the device, verify the software can be used in the device, and
that the appropriate software has been loaded.

[0097] FIG. 7b is a diagram illustrating a consumer purchase process for a personalized sound
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management product in accordance with at least one exemplary embodiment. A consumer 702 can
purchase personalized sound management product hardware 704 and personalized sound management
application software 706. Software 706 works with hardware 704 to personalize and manage sound for
consumer 702 for providing utility, safety, and health benefits.

[0098] Hardware 704 can range from a complete product such as a communication device, sound
device, or earpiece to ancillary components for enhancing the look of the device or adding further
hardware features. In the event that consumer 702 purchases hardware 704, customer information 708
is required to continue with purchase. In general, customer name, address, personal information and
financial information are typically required to purchase hardware 704. Other information can also be
collected through a questionnaire or some form of incentive. Should customer information 708 exist and
consumer 702 is in good stead then generating customer information 708 is not required and the order
process continues. Any issue that occurs in checking customer information 708 will be brought up for
rectification to consumer 702. The hardware 710 that consumer 702 selected is verified and place order
712 is performed.

[0099] Personalized sound management application software 706 is a suite of applications that
consumer 702 selects for their specific needs. Once customer information 708 has been established,
consumer 708 is provided subscription information 714. Use of personalized sound management
application software 706 is based on a periodic fee or subscription (for example, a monthly fee).
Subscription information 714 informs consumer 702 as to the periodic subscription fees associated with
the software 706, terms of use, bundled packages of applications, and other pertinent information to
complete the decision process. Should consumer 702 approve of the terms, a contract 716 is provided to
the customer to accept or decline. A bill 718 is generated when an order is placed either through
purchasing hardware 710, accepting a subscription to personalized sound management application
software 706, or both. In at least one exemplary embodiment, the purchase process is web based
allowing consumer 702 to purchase from a client system via a communication path such as the internet
or communication network.

[0100] FIG. 8 is a diagram illustrating registering a new device that includes personalized sound
management applications in accordance with at least one exemplary embodiment. A new device or unit
is received by a customer 802. The manufacturer has loaded the preordered personalized sound
management applications chosen by customer 802 into the unit. Typically, customer 802 is going to
want to try the unit shortly after receiving it (e.g., the unit is operational for a predetermined period of
time 804, for example 1 week). In at least one exemplary embodiment, customer 802 can try the unit for
a predetermined time period 804. In general, the time period 804 (for example, 15-30 minutes) is long
enough for customer 802 to get a feel for the unit but is not a useful length of time. Furthermore, the
unit will notify customer 802 through a transducer on the unit that they must register the device and
that the unit will not be usable after the predetermined time period. Note that in at least one exemplary
embodiment the customer would have the opportunity to demo certain features (806) not purchased.

[0101] In at least one exemplary embodiment, a website 810 is a portal to register the unit purchased by
customer 802. Website 810 can have a web page devoted to registering new devices to simplify the
process. Customer 802 may log in (if an account already exists) or provide personal information related
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to the registering process. A database 812 is accessed that includes both customer and order
information in one or more databases. In at least one exemplary embodiment, the unit is in
communication with the device manufacturer server 814 through website 810 or coupled thereto
through a customer system.

[0102] Verification 816 verifies that all information is correct and that there are no pending issues 818
with a corrective action identified. The verification process 816 can checks things like device serial
number, features and applications ordered by customer 802, personal/financial information. Once
verification 816 is complete, it is determined at step 817 whether to register the device. Step 817
proceeds to step 820 if there are no pending issues 818. Registration 820 registers the unit to the owner
after verification 816 is complete.

[0103] FIG. 9 is a diagram illustrating enabling a device in accordance with at least one exemplary
embodiment. In general, registration 902 links customer information to a device as disclosed in FIG. 8.
The registration process includes a comprehensive legally-compliant, state-specific Informed Consent
system for collecting and storing the Informed Consent of users.

[0104] In at least one exemplary embodiment, the device will have at least one microphone. In the
process of registration 902 the customer voice is recorded by the device. The customer voice can be
stored on the device and to the customer database. The customer voice can be used for a number of
applications including voice verification to use the device thereby acting as a deterrent for others to use
or steal the device.

[0105] As mentioned in FIG. 8 the unit or device can be enabled for a predetermined time period. Prior
to enabling the new device, a contract 904 is provided for customer review. The contract outlines the
terms of use for using the device and that the product had been certified through a rigorous testing
process. In at least one exemplary embodiment, liability coverage may be provided to the customer if
the contract is accepted. Having the liability coverage in conjunction with the certification process is
powerful in building consumer confidence about personalized sound management.

[0106] At step 905, it is determined whether the contract is accepted. The new device is not enabled
906 if the customer does not accept contract 904. The new device is enabled 908 if the customer
accepts contract 904. In at least one exemplary embodiment, the registration and enabling of the unit is
through a client system coupled to the business server. Thus, the unit is enabled remotely.

[0107] FIG. 10 is a diagram illustrating updating a unit or device in accordance with at least one
exemplary embodiment. The device is enabled for use. In general, instructions or an operational video
may be provided for a user to get acquainted with the device. Even with this help, a device may have so
many features and applications that the user could get overwhelmed or frustrated trying to understand
and operate the unit. In some cases, a user may not want even try to learn how to operate all the
features and initially start out with the application that provides significant utility to the user. The user
may never address learning how to use all the capabilities of the device. Moreover, misuse of a device
can lead to dangerous operating conditions that could cause a serious or harmful situation.
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[0108] Acclimation 1002 is a process to ensure that a user of a device appreciates the entire feature set
but more particularly, enables the features in a way that ensures proper usage in a safe and structured
manner. In at least one exemplary embodiment, acclimation 1002 comprises two components, a
learning module and a reminder module. The learning module is a system that "teaches" the user of the
device the functional components of the device. In at least one exemplary embodiment, the learning
module may incorporate a learning system that evaluates the user in the domain of a particular
competency before certain functions or features of the device are enabled. For example, features of the
device are enabled sequentially, either automatically after the user has utilized a particular function for
a predetermined time (thereby showing competency in using the feature) or following a user
competency evaluation, which can be invoked either manually (when the user is confident in using the
feature) or automatically.

[0109] The reminder module may or may not be used in acclimation 1002. The reminder serves to
remind the user of the correct usage of features and also serves to remind the user of other features on
the device which the user may not have used in a given time period. In at least one exemplary
embodiment an evaluation is invoked based on a predetermined time period. The evaluation may be for
a single function or feature or a combination of different functions. The predetermined time period
before evaluating can vary depending on the function. Alternatively, the evaluation may be invoked
based on a particular recent event, such as a software upgrade, or a detected change in user usage. If
the user passes the evaluation, the evaluation may be repeated, the relevant learning mode for the
corresponding function to which the users competency was evaluated may be repeated, or the
corresponding function to which the users competency was evaluated may be disabled. Thus,
acclimation 1002 allows a user to learn the device at a friendly pace, ensures that the user does know
how to use a feature, and protects the user from using the device in a manner that could be harmful.

[0110] The device can be coupled 1004 from a client system to the business server to update software
on the device or purchase new hardware and software. As disclosed hereinabove, the user information
is checked to determine if there are any issues that need to be rectified (e.g. missed payment, user does
not match to device, etc. . .. ). In the event that the issues cannot be rectified the device is disabled in a
step 1006. In at least one exemplary embodiment, the user information, device, and personalized sound
management applications correlate. The server checks for updates 1008 for the device and downloads
updates to the device. The user goes through a similar process as described in FIGS. 7A-7B for a
hardware or software purchase 1010 including agreeing to a contract to subscribe and contract to terms
of use as described in FIG. 9.

[0111] FIG. 11 is a diagram illustrating a device for implementing personalized sound management in
accordance with at least one exemplary embodiment. The device is generally indicated as an earpiece
that partially seals or seals a user's ear canal 1124 and is constructed and operates in accordance with at
least one exemplary embodiment of the invention. As illustrated, the earpiece comprises an electronic
housing unit 1100 and a sealing unit 1108. The earpiece depicts an electro-acoustical assembly for an in-
the-ear acoustic assembly, as it would typically be placed in an ear canal 1124 of a user 1130. The
earpiece can be an in the ear earpiece, behind the ear earpiece, receiver in the ear, partial-fit device, or
any other suitable earpiece type. The earpiece can partially or fully occlude ear canal 1124, and is
suitable for use with users having healthy or abnormal auditory functioning.
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[0112] The earpiece includes an Ambient Sound Microphone (ASM) 1120 to capture ambient sound, an
Ear Canal Receiver (ECR) 1114 to deliver audio to an ear canal 1124, and an Ear Canal Microphone (ECM)
1106 to capture and assess a sound exposure level within the ear canal 1124. The earpiece can partially
or fully occlude the ear canal 1124 to provide various degrees of acoustic isolation. In at least one
exemplary embodiment, the assembly is designed to be inserted into the user's ear canal 1124, and to
form an acoustic seal with the walls of the ear canal 1124 at a location between the entrance to the ear
canal 1124 and the tympanic membrane 1126 (or ear drum). In general, such a seal is typically achieved
by means of a soft and compliant housing of sealing unit 1108.

[0113] Sealing unit 1108 is an acoustic barrier having a first side corresponding to ear canal 1124 and a
second side corresponding to the ambient environment. In at least one exemplary embodiment, sealing
unit 1108 includes an ear canal microphone tube 1112 and an ear canal receiver tube 1110. Sealing unit
1108 creates a closed cavity of approximately 5 cc between the first side of sealing unit 1108 and the
tympanic membrane 1126 in ear canal 1124. As a result of this sealing, the ECR (speaker) 1114 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 1126 resulting from the sound field
at the entrance to the ear canal 1124. This seal is also a basis for a sound isolating performance of the
electro-acoustic assembly.

[0114] In at least one exemplary embodiment and in broader context, the second side of sealing unit
1108 corresponds to the earpiece, electronic housing unit 1100, and ambient sound microphone 1120
that is exposed to the ambient environment. Ambient sound microphone 1120 receives ambient sound
from the ambient environment around the user.

[0115] Electronic housing unit 1100 houses system components such as a microprocessor 1116, memory
1104, battery 1102, ECM 1106, ASM 1120, ECR 1114, and user interface 1122. Microprocessor 1116 (or
processor 1116) can be a logic circuit, a digital signal processor, controller, or the like for performing
calculations and operations for the earpiece. Microprocessor 1116 is operatively coupled to memory
1104, ECM 1106, ASM 1120, ECR 1114, and user interface 1122. A wire 1118 provides an external
connection to the earpiece. Battery 1102 powers the circuits and transducers of the earpiece. Battery
1102 can be a rechargeable or replaceable battery.

[0116] In at least one exemplary embodiment, electronic housing unit 1100 is adjacent to sealing unit
1108. Openings in electronic housing unit 1100 receive ECM tube 1112 and ECR tube 1110 to
respectively couple to ECM 1106 and ECR 1114. ECR tube 1110 and ECM tube 1112 acoustically couple
signals to and from ear canal 1124. For example, ECR 1114 outputs an acoustic signal through ECR tube
1110 and into ear canal 1124 where it is received by the tympanic membrane 1126 of the user of the
earpiece. Conversely, ECM 1106 receives an acoustic signal present in ear canal 1124 though ECM tube
1112. All transducers shown can receive or transmit audio signals to a processor 1116 that undertakes
audio signal processing and provides a transceiver for audio via the wired (wire 1118) or a wireless
communication path.

[0117] The earpiece can actively monitor a sound pressure level both inside and outside an ear canal
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1124 and enhance spatial and timbral sound quality while maintaining supervision to ensure safe sound
reproduction levels. The earpiece 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).

[0118] The earpiece can generate an Ear Canal Transfer Function (ECTF) to model the ear canal 1124
using ECR 1114 and ECM 1106, as well as an Outer Ear Canal Transfer function (OETF) using ASM 1120.
For instance, the ECR 1114 can deliver an impulse within the ear canal 1124 and generate the ECTF via
cross correlation of the impulse with the impulse response of the ear canal 1124. The earpiece 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 to
safely administer and monitor sound exposure to the ear.

[0119] In at least one exemplary embodiment, the earpiece has a number of sonic signatures stored in
memory. ASM 1120 is providing acoustic information from the ambient environment to processor 1116.
Processor 1116 analyses the acoustic information for a sound similar to the sonic signature. Once
identified, the earpiece will provide a response to the sound based on the application. In a first
exemplary embodiment, the earpiece will reduce music or telephone call (or the dominant source of
sound being provided by the earpiece) and amplify the identified signal (ambulance or police car)
thereby notifying the user of the approaching vehicle. In a second exemplary embodiment, the earpiece
will tell the user (through a synthesized voice) that an ambulance or police car is approaching including
the direction of the vehicle. The earpiece can also provide the identified signal with the voice warning.
Other variations are possible.

[0120] Conversely, the earpiece can perform the opposite operation. The earpiece can identify a signal
similar to the sonic signature and then attenuate it before providing it through ECR 1114. For example,
the user of the earpiece is a gun enthusiast. The user downloads a sonic signature related to a gun shot.
The earpiece upon identifying the sound of the gun shot would attenuate the portion of the acoustic
information provided by ASM 1120 similar to the sonic signature of the gun shot while allowing other
signals to come through. Thus, the user could engage in a conversation at the gun range with the gun
shot sounds attenuated while passing the conversation through the earpiece thereby protecting his ear
from the loud sounds in this environment and being able to hear the conversation with more clarity.

[0121] In at least one exemplary embodiment, the earpiece can manually or automatically record,
measure sound pressure levels, attach metadata (including time stamp and geocode), and upload the
information when a communication path is present to a sound database. The earpiece is capable of
running personalized sound management software disclosed herein. Moreover, hardware ingredients
such as the transducers (ECR 1114, ASM 1120, and ECM 1106), processor 1116, and sealing unit 1108
are provided to manufacturers as disclosed in FIG. 3 for allowing a variety of companies to manufacture
devices of their own earpiece designs. It should be noted that although an earpiece is used as an
example of a personalized sound management device the components can be used in other
communication devices and sound devices to personalize control of the sound.
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[0122] In at least one exemplary embodiment, sealing section 1108 is a replaceable unit. Sealing section
1108 can pull out and be replaced as a unit. Sealing section 1108 performance can degrade over time
due to particulate build up. There may also be sanitary or health reasons for replacing sealing section
1108 periodically. In at least one exemplary embodiment, sealing section 1108 replacement parts can be
provided as part of a periodic subscription fee to a user, purchased over the counter in a store, or
purchased through a web environment.

[0123] FIG. 12 is a block diagram of a device for implementing personalized sound management in
accordance with at least one exemplary embodiment. A power supply 1205 powers components of the
earpiece including microprocessor/DSP 1206 (or processor 1206) and a data communication system
1216. Asillustrated, the earpiece can include the processor 1206 operatively coupled through a data
communication system 1216 to an ASM 1210, an ECR 1212, and ECM 1208. Data communication system
1216 can include one or more Analog to Digital Converters and Digital to Analog Converters (DAC). The
processor 1206 can utilize computing technologies such as a microprocessor, Application Specific
Integrated Chip (ASIC), and/or digital signal processor (DSP) with associated Random Access Memory
(RAM) 1202 and Read Only Memory 1204. Other memory types such as Flash, non-volatile memory,
SRAM, DRAM or other like technologies can be used for storage with processor 1206. The processor
1206 can also include a clock to record a time stamp.

[0124] In general, a data communication system 1216 is a communication pathway to components of
the earpiece and components external to the earpiece. The communication link can be wired or
wireless. In at least one exemplary embodiment, data communication system 1216 is configured to
communicate with ECM assembly 1208, ASM assembly 1210, visual display 1218, and user control
interface 1214 of the earpiece. As shown, user control interface 1214 can be wired or wirelessly
connected. In at least one exemplary embodiment, data communication system 1216 is capable of
communication to devices exterior to the earpiece such as the user's mobile phone 1232, a second
earpiece 1222, and a portable media player 1228. Portable media player 1228 can be controlled by a
manual user control 1230.

[0125] The user's mobile phone includes a mobile phone 1232 communication system 1224. A
microprocessor 1226 is operatively coupled to mobile phone communication system 1224. As illustrated
multiple devices can be wirelessly connected to one another such as an earpiece 1220 worn by another
person to the user's mobile phone 1232. Similarly, the user's mobile phone 1232 can be connected to
the data communication system 1216 of the earpiece as well as the second earpiece 1222. This
connection would allow one or more people to listen and respond to a call on the user's mobile phone
1232 through their respective earpieces.

[0126] Asillustrated, a data communication system 1216 can include a voice operated control (VOX)
module to provide voice control to one or more subsystems, such as a voice recognition system, a voice
dictation system, a voice recorder, or any other voice related processor. The VOX module can also serve
as a switch to indicate to the subsystem a presence of spoken voice and a voice activity level of the
spoken voice. The VOX can be a hardware component implemented by discrete or analog electronic
components or a software component. In one arrangement, the processor 1206 can provide
functionality of the VOX by way of software, such as program code, assembly language, or machine
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language.

[0127] ROM 1204 can be used to store personalized sound management applications to minimize the
possibility of modification and tampering of the code. The RAM 1202 can also store program instructions
for execution on the processor 1206 as well as captured audio processing data. For instance, memory
RAM 1202 and ROM 1204 can be off-chip and external to the processor 1206 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 1206 to provide high speed data access. The storage memory can be non-
volatile memory such as SRAM to store captured or compressed audio data. The non-volatile memory
could also be used to store sonic signatures.

[0128] Data communication system 1216 can include an audio interface operatively coupled to the
processor 1206 and the VOX to receive audio content, for example from portable media player 1228,
cell phone 1232, or any other communication device, and deliver the audio content to the processor
1206. The processor 1206 responsive to detecting voice-operated events from the VOX can adjust the
audio content delivered to the ear canal of the user of the earpiece. For instance, the processor 1206 (or
the VOX of data communication system 1216) can lower a volume of the audio content responsive to
detecting an event such as a sonic signature for transmitting the acute sound to the ear canal of the
user. The processor 1206 by way of the ECM 1208 can also actively monitor the sound exposure level
inside the ear canal and adjust the audio to within a safe and subjectively optimized listening level range
based on voice operating decisions made by the VOX of data communication system 1216.

[0129] The earpiece and data communication system 1216 can further include a transceiver 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 can also provide
support for dynamic downloading and uploading over-the-air to the earpiece. It should be noted also
that next generation access technologies also can be applied to the present disclosure.

[0130] Data communication system 1216 can also include a location receiver that utilizes 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 and provide a geocode as an identifier for
a recording or measurement such as sound pressure level.

[0131] The power supply 1205 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 and to facilitate portable applications. A motor (not shown) can be a single
supply motor driver coupled to the power supply 1205 to improve sensory input via haptic vibration. As
an example, the processor 1206 can direct the motor to vibrate responsive to an action, such as a
detection of a warning sound or an incoming voice call.
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[0132] The earpiece 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 can be reused in different form factors for the master and slave
devices.

[0133] FIG. 13 is a diagram of a communication device 1302 or earpiece 1310 configured to provide
sonic signatures to sonic signature database 1308 in accordance with at least one exemplary
embodiment. Collecting a large number of sounds around the world is a daunting task. As mentioned
previously, no group or business entity would have the ability to acoustically map the world on a
continuous basis. In at least one exemplary embodiment, the collection of sonic signatures is achieved
by mobilizing as many people as possible by making it simple to capture and provide a sound for sonic
signature database 1308. This is achieved by adapting a common device having a potential of reaching
billions of people for manually or automatically capturing sonic signatures and providing them to
database 1308.

[0134] In at least one exemplary embodiment, communication device 1302 is a mobile communication
device having a microphone for receiving sound. Examples of a communication device 1302 are a phone,
cell phone, PDA, computer, two way radio, smart phone, and earpiece. Earpiece 1310 includes a
microphone for capturing sound and the circuitry disclosed in FIG. 12. Earpiece 1310 is operably
configured for recording sound and measuring sound pressure levels. The acoustic information received
from the microphone of earpiece 1310 is recorded to memory residing in earpiece 1310 and tagged with
metadata including a time stamp and geocode. The sound pressure level (SPL) is measured from the
microphone signal through analog or digital signal processing typically before any audio processing
occurs within earpiece 1310. The SPL measurement of this recorded event is associated to the stored
recording and metadata. Similarly, communication device 1302 is adapted for capturing sound 1312
including recording, measuring sound pressure level, storing, and tagging with metadata (including a
time stamp and geocode). In at least one embodiment, communication device 1302 could have
additional circuitry similar to that in FIG. 12 in the device specifically for generating a sonic signature
database. Alternately, the circuitry within communication device 1302 can be adapted for recording
sound and measuring sound pressure level. In particular, mechanical aspects of the communication
device such as microphone placement, microphone porting, as well as electronic audio processing
(automatic gain control, equalization, etc. . . . ) is taken into account for ensuring an accurate sound
pressure level measurement and recording.

[0135] In at least one exemplary embodiment, a user having communication device 1302 manually or
automatically captures and provides a sonic signature to a sonic signature database 1308. For example,
a microphone on communication device 1302 is always enabled for receiving sound. The sound can be
stored in a buffer. The sound in the buffer is analyzed and based on a variety of criteria can be
configured to be provided to database 1308. For example, criteria such as sound pressure level, time,
frequency of sound, geographic location, or recognition of a sound (sonic signature detection) are but a
few of the parameters that could be used to determine that the sound in the buffer is worthy of saving.
Metadata is automatically attached such as a time stamp and geocode but the user can also add
information. In at least one exemplary embodiment, a communication path 1304 is opened and a link is
made to website 1306 and more particularly to database 1308 where the stored sounds can be
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automatically uploaded. In at least one exemplary embodiment, the sonic signature, sound pressure
level, and metadata could be immediately sent if a communication path 1304 is available to save
memory. Further communication between website 1308 and the user of communication device 1302 or
earpiece 1310 can take place to edit, identify, describe, and format the provided sound 1312 at a more
convenient time. It should be noted that video information that includes audio information can also be
provided in similar fashion as disclosed hereinabove. The audio information from the video can be used
for sonic signature database 1308.

[0136] Earpiece 1310 and communication device 1302 can be operably coupled together. A priority
could be set up such that earpiece 1310 is the primary recorder of sound 1312 when enabled by the
user. Earpiece 1310 can be used with other devices for example a portable media player. Earpiece 1310
can automatically or manually record, measure SPL, and tag metadata of sound 1312 as described
hereinabove. The sonic signatures stored in earpiece 1310 could be sent to website 1306 and sonic
signature database 1308 if earpiece 1310 is coupled to a communication path 1304 or through another
device to which it is operably coupled that has a communication path. Alternately, the sonic signatures
could be uploaded via website 1306 and sonic signature database 1308 at a more convenient time, for
example a wired or wireless link to the user's personal computer at home, allowing the user to also
provide additional metadata before providing the information. Thus, a common device has been
provided that is adapted for capturing, storing, measuring SPL, adding metadata including a time stamp
and geocode, and uploading the acoustic information to a database thereby including the broadest
number of people across the largest geographic area for sound collection on a continuous basis.

[0137] FIG. 14 is a block diagram illustrating a cell phone 1404 capturing a sonic signature and providing
the sonic signature to a database of sounds 1418 in accordance with at least one exemplary
embodiment. Cell phone 1404 is enabled for capturing a sonic signature via an exclusive button or
through an automatic process. In at least one exemplary embodiment, the user can select whether a
sound is recorded, a sound pressure level measurement is recorded, or both are acquired. A default can
be that both are acquired automatically.

[0138] A sound 1402 is received by a microphone on cell phone 1404 and stored in a buffer in a record
sounds step 1406. The sound in the buffer is analyzed and determined to be saved. The sound pressure
level (SPL) of the sonic signature is measured or calculated in a measure SPL step 1408. The user can also
manually enter metadata 1410 via a keyboard to a metadata table or can enter vocal description in an
attached audio stream. Metadata 1410 includes a time stamp and a geocode corresponding to the sonic
signature.

[0139] In at least one exemplary embodiment, the sonic signature, sound pressure level, and metadata
can be stored in memory 1412 that resides on cell phone 1404. A queue of sonic signatures 1414 can be
stored in memory 1412 for uploading at an appropriate time. The user can initiate uploading of the
queue of sonic signatures 1414 to database of sounds 1418 when a communication path is completed.
In at least one exemplary embodiment, cell phone 1404 can automatically connect 1416 to servers in
database of sounds 1418 and upload queue of sonic signatures 1414 when a communication path is
enabled. Although stored on database of sounds 1418, there may be an iterative process to determine if
the sonic signatures are in the correct format or are unique enough to be permanently stored. Thus, a
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large database of sounds 1418 can be collected world wide by an automatic process using a common
device such as a cell phone that could not be accomplished by direct means. In at least one exemplary
embodiment, the database of sounds 1418 is used in conjunction with personalized sound management
applications configured to provide sonic signatures for identifying and providing a response to the
identified sound.

[0140] To encourage retailers to actively engage and participate in selling Hearium Labs branded
products, a business model has been developed based on an annuity revenue sharing methodology.
Through this patent pending approach, for the first time, retailers, operators and other suppliers will be
able to carry a single audio earpiece or other device in their stores that can be sold to a wide and deep
range of consumers. Utilizing an "iPod/iTunes" approach, suppliers will earn profit off the sale of the
hardware in store and Personalized Sound Management applications at and after the point of sale. As
the consumer continues to personalize their earpiece or device over time, the supplier will earn
residuals of up to 50% of the application revenues through a co-operative sharing program between
them and Hearium Labs.

[0141] To accomplish this, Hearium Labs has enabled the hardware solution to work off of a webified
environment that is being architected with commercial flexibility for consumer driven point of sale
purchase and activation. This approach allows for the Personalized Sound Management applications to
be remotely downloaded and activated on the hardware through any Internet equipped PC and web-
based browser. Consumers will thus be able to "enhance" their devices by adding both purchased and
subscription applications and personalize their experience with technology designed to acclimate
devices to the wearer and their environment.

[0142] In general, a process has been provided that eliminates barriers for mass adoption of a new
technology. The result is that the technology can be provided by a number of manufacturers thereby
having ubiquitous availability at release. Universal compatibility is also provided by using the same
hardware and software in each new product having personalized sound management. Certification
ensures that each device is manufacturable and performs to specification. Manufacturers and
consumers benefit because liability coverage may be provided. Consumers can adapt to the technology
rapidly through an acclimation process.

[0143] 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 such
modifications and equivalent structures and functions.
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ABSTRACT

A personalized sound management system for an acoustic space includes at least one
transducer,a data communication system, one or more processors operatively coupled to the data
communication system and the at least one transducer,and a medium coupled to the one or
more processors. The processors access a database of sonic signatures and display a plurality of
personalized sound management applications that perform at least one or more tasks among
identifying a sonic signature, calculating a sound pressure level, storing metadata related
to a sonic signature, monitoring sound pressure level dosage levels, switching to an ear
canal microphone in a noisy environment,recording a user's voice, storing the user's voice in a
memory of an earpiece device, or storing the user's voice in a memory of a server system, or
converting received text received in texts or emails to voice using text to speech conversion.

Other embodiments are disclosed.
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Page 2 of 5

AMENDMENTS TO THE CLAIMS

The following listing of claims will replace all prior versions, and listings, of claims

in the application.

Listing of Claims:

1.(currently amended) An earpiece comprising:

a sealing unit;

a first microphone generating a first signal, wherein the first microphone is
configured to measure a first acoustic environment;

a second microphone generating a second signal, wherein the second microphone
is configured to measure a second acoustic environment, wherein the second acoustic
environment is closer to a user’s ear canal than the first acoustic environment;

a speaker;

a memory that stores instructions;

a circular buffer, where the circular buffer is configured to store a portion of at
least one of the first signal, the second signal or a combination thereof, generating data
stored in the circular buffer; and

a microprocessor, wherein the microprocessor is operatively connected to the first
microphone, the second microphone, the speaker, the circular buffer, and the memory,

wherein the microprocessor is configured to execute the instructions to perform
operations comprising:

sending an audio content signal to the speaker;

analyzing the data to detect an event; and

reducing a volume of the audio content signal, for a predetermined time period,
when the event is detected, wherein during the predetermined time period the

microprocessor is still analyzing the data to detect [[the]] a second event.

2.(original) The earpiece according to claim 1, wherein the event is a user’s voice.

3.(original) The earpiece according to claim 1, wherein the event is a voice.
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4 (previously presented) The earpiece according to claim 2, wherein the sound level of
the audio content is reduced for a predetermined time period after the detection of a user’s

voice.

S.(previously presented) The earpiece according to claim 4, where the predetermined

time period is selected by the user.

6.(original) The earpiece according to claim 1, where the event is an emergency event.

7 (original) The earpiece according to claim 6, where the emergency event is at least one

of a siren, an emergency sound, or an alarm or a combination of these.

8.(previously presented) The earpiece according to 1, wherein detecting an event

compares the data to a sonic signature stored in the memory.

9.(previously presented) The earpiece according to claim 8, wherein the event is detected
when the comparison indicates that the data is within a threshold value of the sonic

signature.

10.(original) The earpiece according to claim 1, where the first microphone is an ambient

sound microphone.

11.(original) The earpiece according to claim 10, where the second microphone is a

second ambient sound microphone.

12.(original) The earpiece according to claim 10, where the second microphone is an ear

canal microphone.

13.(previously presented) The earpiece according to claim 5, where the predetermined

time period is the time after which no further user voice is detected.
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14.(original) The earpiece according to claim 13, wherein the first microphone is an

ambient sound microphone.

15.(original) The earpiece according to claim 14, where the second microphone is a

second ambient sound microphone.

16.(original) The earpiece according to claim 14, where the second microphone is an ear

canal microphone.

17.(previously presented) The earpiece according to claim 13, where the user selects the

predetermined time period using a user control interface on a communication device.
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REMARKS
Applicant appreciates the indication of allowance of claims 1-17, however
respectfully submits a narrowing amendment for claim 1. For at least the reasons
given above, amended claim 1, and claim 2-17, which depend thereupon are

allowable.
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(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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PTO/SB/80 (11-08)
Approved for use through 11/30/2011. OMB 0651-0035
U.S. Palent and Trademark Office: U.S. DEPARTMENT OF COMMERCE
Under the Paperwork Reduction Act of 1995, no persons are required 1o respond to a collecion of informalion unless it displays a valid OMB controf number,
' 3

POWER OF ATTORNEY TO PROSECUTE APPLICATIONS BEFORE THE USPTO

. J

| hereby revoke all previous powers of attorney given in the application identified in the attached statement under
37 CFR 3.73(b). :
| hereby appoint:

Practitioners associated with the Customer Number: 150139
OR

[:] Practitioner(s) named below (if more than ten patent practitioners are to be named, then a customer number must be used):

Name Registration Name Registration
Number Number

as altorney(s) or agenl(s) to represent the undersigned before the United States Patent and Trademark Office (USPTO) in connection with
any and all patent applications assigned only o the undersigned according to the USPTO assignment records or assignment documents
attached to this form in accordance with 37 CFR 3.73(b).

Please change the correspondence address for the application identified in the attached statement under 37 CFR 3.73(b) to:

The address associated with Customer Number: 150139
OR

Firm or
Individual Name
Address

City State Zip

Country

Telephone Email

Assignee Name and Address:

Staton Techiya LLC. 16193 Bridlewood Circle, Delray Beach, FL 33445

A copy of this form, together with a statement under 37 CFR 3.73(b) (Form PTO/SB/96 or equivalent) is required to be
filed in each application in which this form is used. The statement under 37 CFR 3.73(b) may be completed by one of
the practitioners appointed in this form If the appointed practitioner Is authorized to act on behalf of the assignee,
and must identify the application in which this Power of Attorney is to Le filed.

SIGNATURE of Assignee of Record
The ipdixidual whose signature and title is supplied below is authorized to act on behalf of the assignee
HA a pp g

Signature /1&(/(;\-— . Date @*/Lf—/ 7
Name Detiel O - ST Telephone QY3 - (/)00 9
Title }’h"%l‘h’r—}[yjtg NEINBEN

This collection of information is reqlired by 37 CFR 1.31. 1.32 and 1.33. The information is raquired to obtain or retain a benefit by the public which is to file (and
by the USPTO to process) an application, Confidentialty is governed by 35 U.S.C. 122 and 37 CFR 1.11 and 1.14. This collection is estimated to take 3 minutes
lo completa, including gathering, preparing, and submitting the completed spplication form to the USPTO. Time will vary depending upon ihe individual case. Any
comments on the amount of lime you require to compleie 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 assislance in completing the form, call 1-800-PT0-9199 and select option 2.
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Appravad 107 use Dyt BT RN, B LSS IB03E
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Lirrhar the Papsesork Reduction Act of 1888, 1o persons e sequeired 10 reepong 1o & solke

DECLARATION {37 OFR “§,63§ FOR UTILITY OR DESIGN APPLICATION USING AN N
AFPPLICATION DATA BHEET {37 CFR 1.78}

Tiths of
hwvention

| Parsonalized Sound Management gand Method

Az the balow nsmad iwentor | iareby deslare that

This decigration L} i
; The attavhed application, or
is divacted to =

14/848,8094

09-07-201%

[@j United States application of POT intemational application number

filest o

The shove-dentified application was made oruuthorized to be made by me,

{ beliowe that Lam the otigingl inventoror an original joit invantor of a oltimed invention in the spplis

§ heraby acknovdedye that dhy wilihs Talse stalarmen made in this declaration i punishable under ¥SUS QL 1068
by fine or imprisonmient of ol minre than fivg (&) vears, o bath.

WARNING:

Patttionedappicant is caulioned {o senid subrmilting paesonal information iy Securnents fed in a patent applicalion ihat may
sarbhuts to .dem;tg m:f*. Personal idormation such as sockal secwnily numbers, bank sooount numbsm ar wradi oand rumbers
{ctigy than & chack o uredi card authorization form PTOW2028 submitied for payment gurposes) is nover regidred by the USPTG
o support & patiion oran appdication. I ts tyee of personal infermiatien is inaleded ﬁow'ne«*s s spinvilied o the USET
palitionsrsispnlionnts shouid consitay raduoling sush persanal infarmatian from the documents Defvre subiiiting them o iha
USPTO. Patitionsrfappiicant is advised st the record of a patsnl mpsic,ﬂ ot i availabis 1o the public after publicatic of ths
application {uniass &k \f}-pummat on raguast in complianoe wih 37 OFR 1.2134a) Is made in the appiication) or issuance of &
patent. Furthenvore, the reoord from an abandonad application may slae bo available to the public { the application s
raferanced iy 8 pobdishad-appiication or air Bsued patent {sre 3T CFR 144} Checks and oredit cand suthization fonns
FTQ-2008 submitiad for payirent purgosss 0e 1ot relaiied i ths spplivalion s and therefre e rot publicly avaliabls

i
18

LEGAL NAME QF INVENTOR

dohn P, Keady Date {Optional}
fohn P Keady/

fnvvantor:

Sigralwre:

sauivatent), induding saming the snfire hventhve entRy, must accompany this Yooy must bave

Nt A applivation dalashest (FTOQRB S o
CIAEADT Yo for aach addifional inventon

Sean previonsdy fled, Usean additina! FT

RRGRUE “ ARG
AR "\J

115 and 37 OFR 183 The hioamation 15 required 1o ol o0 v anafit iy e
B 122 @ad 37 CFR Fng 1L T4 THES SolRivhis €

This eofiution of Wionmation 15 required by 35 8.0
Ty b 43 510 priveeesy an applicating, Contidentialily 16 ghverasd by 351
comiplete, ntieting gt PRV, And selmiiing | gl cation *‘(\ffﬂ s B ! f Vel vy de peding wpok His fdiad
QGRYNERE G e Ao o Ay sedube e ahipleta Forny anbiar sndobstions v sedueing this haotten, shoukd Dozt do the Chisd Inlom \f\ucv;\(\;uw' 48
Fatani and Tradzmark Office. 118, Depasment of Sonmrames, PO, Box 1450, Mrsandia, VA 383121450 DO NOT SERD PEES O COUWPLETED FORMS 1O

THIS AUDRESS SES TG Coapaissionmy for Patents, PG Buy 1450, Alexsrmis, VA 323134480,

e foress oai TBURETOHETER sra st s ¥

i yon seed Bssisfanne i osmplet
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Privacy Act Stetement
The Privacy Act of 1974 {P.L. 83578} requines Miat you be given cerlain information iy connection
with your sutimission of the allached form telated 10 & patent spplication of patent. Adcordingly,
pursuan! o e wguiramants of the At pleass b advised fhatl (1) s ganeral authonty for the
solleting of this nformation is 38 V.80, ZDIEYN (3 fumishing ofthe information solivitad & vohantang
and {3} e principat purpose for whinh e infnmation is used by the UG Patent and Tradamark
{fice is fu proosss and/or exandng your subitdssion related 1o a palent application of patent. i you do
oot furnish the sgussisd foomation, the LS Palant and Trademark Offics gy not be ableio
provess andior examing your submission, which may resull in lemination of procesdings o
abandonmant of the application o axpiration of the patent

The informstion provided by vou i I oy wil! b subjerd 1o e following romling usex;

1. The informatios on this form will be roated confidantially to the sxient sllowed under the
Fresdom of Informgtior Aot (& ULB.C. 853 and the Privaoy A {& U.S.0 55828}, Records from
thin system of raogrds may be disciosad i the Depardment of Jusition 1o delerming whethey
disclusure of these reconds i respsivesd by e Freedum of Wnformation At

Acvanard from 1his systam of réconts wigy be disclused; as 8 outiie uss e towss of

preseniing evidence 10 8 cowrl, magistads, of Administrathe trnal, ncduding disclswres io

oppsing counsel i the course of seitiemant nequiiations.

3. Avmoord By ihis sestom of reconds ey beosfisckise, ax # mutine uss, B g Membsy of
Saongress submitiing 3 reguestivvolving an ndibidusl, 1o whom the reqord pedains, when the
dtddual has requasied assistancs fram the Mamber wilth mespent o the sulijzol malier of the
regord.

4. Avsoord I I systam of reconds iy b disclpsed, ax & rogiivie uss 1O ¢ contradior of ihe
Agency baving nesd forihe fermation in order to pedorm a contract. Redlplenis of
informaation shall be teguiired 1o compdy «dth the requirenenis of the Privady Actof 1884, as
arnendad, pursuanito S UKL, §882a{my).

& Avecond ralaiad o an international Application fiad under he Palent Conperalicay Trealy in
this systan of veconts may Dieddizclosedt, as a muline usy, (o the vtemabional Bureau of the
Word intedisciual Propesty Orpanizaliey, pursuant 1o the Patend Qooperation Trealy,

&, A vecond i s sysiom of reconrdy may be disaiosad, a8 a rauling ude, o anathey faderal
agency Y purposas of National Seoutty review (BELLEQ 181) and fur revinw pursusnito
ihe Alwnic Bnsegy ACH{E2 U8 2183

7. A venord om s syslem of recordy may be disclosed, as g rouline use, (o the Admsinistrator
Saneral Servicas, o sy designes, during an spaction of veconds condusiag by GRA& a
pant of that agency’s resposaibiity 1o rmoommend improvermests in resords management
practives gnd prograns, under apthotity of 34 LS 2804 and 2808, Such disclosure shall
be made i avcordance with the G8A regulations governing inspection of reconrds for this
purpess, and any sther relevant (e 88A o Commerne) divestive, Such disolosurg shalf ool
he usad to make determinations aboul individuals,

8. A& record from this system of recowds may be disvlosad, a5 g rouling use, 1o the pubilic after

gither publcstinn of the application pursuant 1035 L8 G 132(B) or issugnos of & patent

pursumy $0: 38 ,8:C 181; Fugher, a record may be disnlosed, suliisel It the mitations s 7

SPR 114, a5 a routine yek, by the pubdic {1he reont was filad in an application which

becdrne abandoned or in widch the pocsedings wers leminated and which application g

referanced by sither a publishad application, an applcation oper o public irspection oran

issued patenl

A vecont from s syslem of raconds may be distlosed, a5 a rouling use, (o g Fedaral, State,

o gl faw enfgrcsmant agency, § s USRTQ bergmes aware of 2 vidlation or potential

viclation of law or meguiation,

#u2

zed
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PTOMAISNT {C‘&vi”
Appravad 107 use Dyt BT RN, B LSS IB03E
Mo LG DESARTREN i ?S“ME“‘\‘C

v and Traeermak Of
DR e ve o vabid OB control numiber,

5

Lirrhar the Papsesork Reduction Act of 1888, 1o persons e sequeired 10 reepong 1o & solke

DECLARATION {37 OFR “§,63§ FOR UTILITY OR DESIGN APPLICATION USING AN N
AFPPLICATION DATA BHEET {37 CFR 1.78}

Tiths of
hwvention

| Parsonalized Sound Management gand Method

Az the balow nsmad iwentor | iareby deslare that

This decigration L} i
; The attavhed application, or
is divacted to =

14/848,8094

09-07-201%

[@j United States application of POT intemational application number

filest o

The shove-dentified application was made oruuthorized to be made by me,

{ beliowe that Lam the otigingl inventoror an original joit invantor of a oltimed invention in the spplis

§ heraby acknovdedye that dhy wilihs Talse stalarmen made in this declaration i punishable under ¥SUS QL 1068
by fine or imprisonmient of ol minre than fivg (&) vears, o bath.

WARNING:

Patttionedappicant is caulioned {o senid subrmilting paesonal information iy Securnents fed in a patent applicalion ihat may
sarbhuts to .dem;tg m:f*. Personal idormation such as sockal secwnily numbers, bank sooount numbsm ar wradi oand rumbers
{ctigy than & chack o uredi card authorization form PTOW2028 submitied for payment gurposes) is nover regidred by the USPTG
o support & patiion oran appdication. I ts tyee of personal infermiatien is inaleded ﬁow'ne«*s s spinvilied o the USET
palitionsrsispnlionnts shouid consitay raduoling sush persanal infarmatian from the documents Defvre subiiiting them o iha
USPTO. Patitionsrfappiicant is advised st the record of a patsnl mpsic,ﬂ ot i availabis 1o the public after publicatic of ths
application {uniass &k \f}-pummat on raguast in complianoe wih 37 OFR 1.2134a) Is made in the appiication) or issuance of &
patent. Furthenvore, the reoord from an abandonad application may slae bo available to the public { the application s
raferanced iy 8 pobdishad-appiication or air Bsued patent {sre 3T CFR 144} Checks and oredit cand suthization fonns
FTQ-2008 submitiad for payirent purgosss 0e 1ot relaiied i ths spplivalion s and therefre e rot publicly avaliabls

i
18

LEGAL NAME QF INVENTOR

Steven Goldstein Date {Optional) -

fnvvantor:

Sisven Goldslsind

Sigralwre:

sauivatent), induding saming the snfire hventhve entRy, must accompany this Yooy must bave

Nt A applivation dalashest (FTOQRB S o
CIAEADT Yo for aach addifional inventon

Sean previonsdy fled, Usean additina! FT

RRGRUE “ ARG
AR "\J

115 and 37 OFR 183 The hioamation 15 required 1o ol o0 v anafit iy e
B 122 @ad 37 CFR Fng 1L T4 THES SolRivhis €

This eofiution of Wionmation 15 required by 35 8.0
Ty b 43 510 priveeesy an applicating, Contidentialily 16 ghverasd by 351
comiplete, ntieting gt PRV, And selmiiing | gl cation *‘(\ffﬂ s B ! f Vel vy de peding wpok His fdiad
QGRYNERE G e Ao o Ay sedube e ahipleta Forny anbiar sndobstions v sedueing this haotten, shoukd Dozt do the Chisd Inlom \f\ucv;\(\;uw' 48
Fatani and Tradzmark Office. 118, Depasment of Sonmrames, PO, Box 1450, Mrsandia, VA 383121450 DO NOT SERD PEES O COUWPLETED FORMS 1O

THIS AUDRESS SES TG Coapaissionmy for Patents, PG Buy 1450, Alexsrmis, VA 323134480,

e foress oai TBURETOHETER sra st s ¥

i yon seed Bssisfanne i osmplet
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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 | Goldstein

Art Unit

Examiner Name

| UNKNOWN

Attorney Docket Number

| CIP-17203731

U.S.PATENTS Remove
. . . . Pages,Columns,Lines where
E)_(gm:ner Cite Patent Number Kind Issue Date Na”."e of Patentee or Applicant Relevant Passages or Relevant
Initial No Code!’ of cited Document )
Figures Appear
1
Add

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

U.S.PATENT APPLICATION PUBLICATIONS

Remove

Kind
Code?

Publication
Number

Examiner,

Initials | Ce Ne

Publication
Date

Name of Patentee or Applicant
of cited Document

Pages,Columns,Lines where
Relevant Passages or Relevant
Figures Appear

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

FOREIGN PATENT DOCUMENTS

Remove

Cite
No

Country
Code?j

Examiner|
Initial*

Foreign Document
Number3

Kind
Code#

Publication
Date

Name of Patentee or
Applicant of cited
Document

Pages,Columns,Lines
where Relevant
Passages or Relevant
Figures Appear

Ts

If you wish to add additional Foreign Patent Document citation information please click the Add button

Add

NON-PATENT LITERATURE DOCUMENTS

Remove

Cite
No

Examiner,
Initials™

Include name of the author {in CAPITAL LETTERS), title of the article (when appropriate), title of the item
(book, magazine, journal, serial, symposium, catalog, etc), date, pages(s), volume-issue humber(s),
publisher, city and/or country where published.

Ts
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Application Number

Filing Date

INFORMATION DISCLOSURE

First Named Inventor | Goldstein

STATEMENT BY APPLICANT

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

Examiner Name | UNKNOWN

Attorney Docket Number |CIP-17203731

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
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Application Number

Filing Date

INFORMATION DISCLOSURE

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

First Named Inventor | Goldstein

Art Unit |

Examiner Name | UNKNOWN
Attorney Docket Number | CIP-17203731

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

Filing Date

INFORMATION DISCLOSURE

First Named Inventor | Goldstein

STATEMENT BY APPLICANT

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

Examiner Name | UNKNOWN

Attorney Docket Number |CIP-17203731

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) 2022-04-29
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

Filing Date

First Named Inventor | Goldstein
Art Unit | OPAP
Examiner Name | UNKNCOWN

Attorney Docket Number

| CONT-17203731

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

Filing Date

First Named Inventor | Goldstein
Art Unit | opaP
Examiner Name | UNKNOWN

Attorney Docket Number |CONT-17203731

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

Filing Date

First Named Inventor | Goldstein
Art Unit | opaP
Examiner Name | UNKNOWN

Attorney Docket Number

| CONT-17203731

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

Filing Date

INFORMATION DISCLOSURE

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

First Named Inventor | Goldstein

Art Unit | opaP
Examiner Name | UNKNOWN

Attorney Docket Number | CONT-17203731

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

Filing Date

INFORMATION DISCLOSURE

First Named Inventor | Goldstein

STATEMENT BY APPLICANT

v Art Unit | opaP
( Not for submission under 37 CFR 1.99)

Examiner Name | UNKNOWN

Attorney Docket Number |CONT-17203731

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) 2022-05-02
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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