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Introduction to Think-A-Move’s Technology

Think-A-Move, Ltd. (TAM) facilitates hands-free device controlnda voice
communications by effectively eliminating ambient noise. Thisatesean extremely
effective solution converging hands-free communications with dewoéra, ideally
suited for military personnel, first responders, mobile workers,candumers operating
in noisy environmentsAdditionally, TAM technology is unobtrusive and allows the user
to communicate in a virtually sub-vocal manner.

In order to accomplish these functions, TANMproprietary technology utilizes the ear as
an output sourceWhen people speak, their voices create changes in air pressure (i.e
sound waves) in the ear canal. Making discreet tongue movementsscseailar air
pressure changes in the ear canal.

To detect these signals, TAM has developed a patented earpiacenduses a
microphone and speaker pointed into the ear canal, along with a microphated poi
outwards. The internal microphone captures the changes in air pregnirened above.
The external microphone monitors environmental ambient noise. The sp#aier for
two-way voice communication.

Currently, a wired connection transmits the signals between thé @#piece and a
laptop computer or an Ultra Mobile Personal Computer (UMPC). Ti&Rigrating its
technology to utilize both a wireless solution and a DSP chip environment.

The computer utilizes the signals, processed by TAM’s propyiesdgorithms, to
facilitate device control or voice communications, based on the modeteskl The
proprietary algorithms are part of TAM’s speech processingnen@PE), and include
speech and tongue command recognition, ambient noise cancellation,icaechst
cancellation, and speech equalization. These algorithms procesgnhis o recognize
speech or tongue commands, eliminate any remaining ambient parssl acoustic
echoes generated, and make the user voice more natural sounding, respectively.

For device control, TAM’s pattern recognition software is traib@dmatch speech
commands or tongue-based signals to specific device controldnsciiAM’s manager
software then either interfaces with devices to be controlledfaotitates the
communications process, such as conversations over a cell network.

Think-A-Move’s technology greatly improves the effectiveness of hé&meds device
control and communications. Significant opportunities exist in the amyjlit first
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responder, enterprise, and consumer marketplaces, and TAM has begsgsiagddhrem.
Two examples are:

- TAM has developed a system under a Phase Il SBIR grant froidatihenal
Institutes of Health that controls a power wheelchair via speeatmands or
tongue movements. TAM is in the process of commercializing this system.

- TAM has developed a hand-free control system for military ralnoder a U.S.
Army Tank-Automotive Research, Development and Engineering Center
(TARDEC) Phase Il SBIR grant. Additionally, TAM has estdidid an
integration agreement with iRobot, and demonstrated the initialgoabtype
at the Army Scientific Conference, held in November 2006, as wedit dhe
Future Combat Systems (FCS) Experiment in February 2007. TAM/e€ca
very strong letter of support from the FCS project manager, ARDEC has

expanded the scope of TAM’s contract.
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Figure 1: Earpiece to pick up speech, acoustic vibrations, or tongue motion-indu

cavity and travel through the head to the ear canal.

ced

pressure waves, inside the ear canal. These vibrations originate in the voicetaix or

System Features/Applications

The TAM device control and communications system provides severakatppis,
which are supported by a speech processing engine (SPE). Ejduekw, provides an
overview of system operation and utility. The SPE is a librargpdech processing
functions, including functions for speech and tongue-movement command tegggni
acoustic echo cancellation, ambient noise cancellation, speech eipalizic. The

various applications and supporting SPE functions are described below.
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Figure 2: Device Operation and Utility Overview

Hands-free Device Control

The TAM system provides hands-free device control where the opegatarse speech
or tongue-movement commands. The internal microphone picks up user spamwijue
movement acoustics and relays them to the UMPC. Audio acknowledtgefram the
device for command confirmation or audio feed from a microphone mountekdeon t
device for situational awareness are relayed back to the user througiethal ispeaker.

However, the internal microphone and speaker are in close proximitye @udio output

from the speaker feeds back into the microphone, producing an echo. To tuslibe
system processes the sound picked up from the internal microphoneotcerdra echo.
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Processing next includes modules to reduce the remaining ambientaaksg past the
seal, helping to improve recognition accuracy for both tongue movemednseech
commands.

If the system is in tongue control mode, the system feeds thkinggrocessed signal
into the tongue movement recognition software, which identifies the meaweand
generates the corresponding device control command. In speech contrgl thede
resulting signal is further processed by the speech equalizagonthm to enhance
speech quality and make it more natural sounding, further improving aodim
recognition accuracy.

Speech Command-Based Control

The TAM system facilitates speech-command control usingpeec& Command
Recognition (SCR) function. The SCR function is flexible as it aae either TAM'’s

proprietary speech recognition software or commercial-offttedFgpackages such as
Nuance’s Dragon or Microsoft's speech engine. Each systemdnmtsncadvantages,
depending on the application. Figure 3 illustrates the sequentialspnogethat the

internal microphone signal goes through during speech command mode.

Speech Command Recognition (SCR) function

TAM’s proprietary speech command recognition engine is baseal ldidden Markov
Model (HMM). The engine uses word models in which a discrete nunfbemmand
words are stored. A training routine is also provided for the osiain the recognition
program on his/her in-ear speech. The training procedure is lmseah iterative
expectation maximization (EM) method.

Regardless of the SCR engine used, and because of TAM's dbildgincel ambient
noise and to create a natural sounding voice, accuracy rates ag@b&veeven in noisy
environments.

Tongue Movement-Based Control

Tongue motions inside the oral cavity can produce traceable acpatiBens in the ear
canal. Different types of movement, differing in location and speeoduce unique
patterns. To use tongue movements for device control, repeatable andrtablaf
movements, which produce consistent acoustic patterns, need to be weAHi@an
example, Figure 4 shows three different tongue motions and the corregpacdustic
signals.

The acoustic patterns generated by tongue motions geneatlg ia the 20 Hz to 100

Hz frequency range (i.e., most of their energy is in this rafide major portion of the
acoustic signal, from start to finish, generally completes within 200 ms (0.2 s).
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The TAM system allows the user to switch between the speecma@odhmode and the
tongue control mode using appropriate speech or tongue commands.
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Figure 3: Signal processing for speech command-based device control
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Upwards flick at the center
of the lower gum line

Upwards flick on the right
side of the lower gum line

Upwards flick on the left
side of the lower gum line

Figure 4. Three distinct tongue motions and the corresponding outputs. The
motions are light, upward tongue flicks that brush across the lower gum line.

Two-way Voice Communication

The TAM system also provides full duplex voice communication usingngernal

three

microphone and internal speaker located in the earpiece. The ineaphane picks up
the user’'s speech, and distal speech relays to the user throughede speaker. In
addition, the user can place a telephone call, accept or rejeataning call, and end an

ongoing call by giving speech commands to the system as described above.
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Like device control, sound from the speaker feeds back into the micrqprodecing
an echo. The sound picked up in the user’s internal microphone is processewve
this echo. Processing also includes modules to reduce ambient mbiselence speech
quality.
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Figure 5: Signal processing for two-way voice communication
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Acoustic Echo Cancellation (AEC)

As described above, the earpiece houses a microphone and a spatakeritkide the
ear canal, and sound from the speaker leaks into the microphone. Thisaadbe very

loud because the speaker and microphone are only about 2 mm apart, amccémalea

presents a small enclosure. The AEC provides the capabiligntelout this echo from
the microphone signal.

The AEC module involves various functions including an adaptive filtdDR)A a
double-talk detector (DTD), a non-linear processor (NLP), a comifmge generator
(CNG), and an echo cancellation controller (ECC).

Adaptive Filter (ADF)

The adaptive filter maintains, and continuously adapts, a transfetidanthat
filters the speaker signal to approximate the speaker outputh ¥deds back into
the internal microphone. The transfer function incorporates the spesg{®nse,
the acoustic properties of the ear canal, and microphone chetazteThe filter is
designed to be adaptive, because the acoustic properties of tb@nahiare not
constant over time.

The performance of the filter is evaluated based on its Echo rRéfoss
Enhancement (ERLE). The short-term goal for filter performamee20 dB ERLE
after 1 s of convergence. The long-term goal is to achie\eRdiE of at least 40
dB. The filter has a relatively high convergence rate: convergeneeof less than
100 ms. The ADF is a relatively low-complexity frequency domairpta filter.
While the AEC filter is constantly active, its adaptation stiautly be activated
when there is no local talk, i.e., the proximal user is not speatngthe speaker
feedback is contributing to the microphone signal. The condition where
proximal user is speaking is called double-talk, and the functied tesdetect this
condition is called a double-talk detector, described below.

Double Talk Detector (DTD)
The function of the double-talk detector is to detect whether thenpabxiser is

the

speaking. If so, then the adaptation of the ADF should be turned off. Dolkble-ta

detection is challenging, because it requires distinguishing betspeaker echo
and user speech. The signal that is output to the speaker cacdsseal by the
double-talk detector, and this information can be utilized to perfbardétection.
The DTD is a low-complexity statistical method.

Non-linear Processor (NLP)

The adaptive filter has its limitations and is unable to camgell00% of the echo
from the microphone signal. Several non-linear methods are avaitattl¢atkle
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the residual echo. To eliminate this residual echo, the TAMeysicludes a non-
linear function that processes the microphone signal after thptiee filter
processes it.

Comfort Noise Generator (CNG)

An effective method of canceling echo is to cut out the intermaophone signal
when the proximal user is not speaking. This method is contingent oacthindt
accurate detection of proximal user speech is possible using thee dialiol
detector. However, this results in absolute silence of the linehvehiring two-way
voice communications, can be disturbing for the distal user or fatadker. To
eliminate the distal user's discomfort, comfort noise replabes niicrophone
signal. The TAM system provides a CNG function to generate doctng noise
that is very similar in its statistical properties to the local user's@mwient noise.

Echo Cancellation Controller (ECC)
The AEC provides an echo cancellation controller (ECC) that willeponsible

for coordinating switching on and off the various AEC modules. For example, when

the DTD function detects double talk, the ECC directs the ADF to &if
adaptation and stop the adding of comfort noise generated by the €N t
microphone signal.

Ambient Noise Cancellation (ANC)

The ear tip provides substantial passive ambient noise cancellgtggaling off the ear
canal from outside noise. This improves the signal-to-noise-rati@dmyut 20 dB.
However, in a high-noise environment, ambient noise can leak into theaealr and
affect the quality of the voice picked up by the internal microphorméic&arly, during

two-way voice communication, the reduced voice quality can disrupt catiwers and
decrease voice recognition accuracy.

TAM’s SPE provides an ambient noise cancellation function that caticelambient
noise that leaks past the seal into the internal microphone. TheuaBKCa unique two-
step noise cancellation method, which reduces noise separatelpefeechsand non-
speech frames, employing two different adaptive algorithms. fliniser reduces the
leaked ambient noise by at least 25 dB during non-speech frames krastalO dB
during speech frames.

Speech High-band Reclamation (SHR)

User speech, captured in the ear canal, is essentially thle aEbone conduction. The
muscles and tissues covering the skull have an extreme lowilpassgf effect on this
signal, causing the low frequencies of speech (100-700 Hz, apptekiin#& be
amplified, intermediate frequencies (700-2000 Hz, approximately) wabgened, and
higher frequencies to be greatly attenuated. In addition, theophicne, unlike an
external unit, might not incorporate the high pass filtering etfeetto the radiation load
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in the mouth. These factors together make the speech picked up bwtéheali
microphone sound muffled.

To counter these effects, the TAM system provides a speebthbhigl reclamation
(SHR) function, reclaiming frequencies and making voice sound natiitas function
has two components. First, a speech equalization filter modikgespectral content of
muffled speech, dampening lower frequencies and amplifying intkateefrequencies.
The second part of SHR synthesizes speech in the frequencyofedhgedHz to 4 k Hz on
the basis of the frequency content of the in-ear speech below 3 lhelEHR algorithm
is based on the vector quantization method. The combination of these twimrfsinc
creates a natural sounding voice.

APPENDIX

List of Patents

1. Guerman G. Nemirovski, “System and method for detecting an actitre dietad
and generating an output in response thereto,” U.S. Patent No. 6,503,197, Jan. 7
2003.

Abstract

A method of producing a control signal. The method includes the dtspsaging

an air pressure pattern in or near an ear of a person,rtipgeasure pattern
resulting from voluntary physical action of the person; and convettingair
pressure pattern into an output signal. Also described is a ceyst@m. The
control system includes an air pressure sensor for detectiig @ressure pattern
adjacent to an ear of a person while the person makes a volunyarggblaction

and for producing an output signal corresponding to the detected air pressur
pattern; and processing circuitry for discerning a pattern from the ougmat .si

2. Guerman G. Nemirovski, “Sensor pair for detecting changes wattmaman ear
and producing a signal corresponding to thought, movement, biological function
and/or speech,” U.S. Patent No. 6,647,368, Nov. 11, 2003.

Abstract

A pair of sensors are used for detecting an air pressure changenstgmabn ear

of a person caused by the person's initiating action (thought, moteme
biological function and/or speech). One of the microphones is placeshsit |
partially within an ear of the person and the other is placed adjaceand
external to the ear, to produce two electrical signals, respectwegsponding to
internally detected and to externally detected changes pressure. Comparison
of the unmodified signal strength difference between these twalsigs used to
distinguish an initiating action component of each signal from amrettsource
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component of each signal. The electrical signals are procégsspduce an
output signal corresponding to the initiating action, which signal i the
recognized by a neural network or speech recognizer, and usednfiool cor
communication.

3. Guerman G. Nemirovski, “Ear microphone apparatus and method,” U.S. Patent
No. 6,671,379, Dec. 30, 2003.

Abstract

An earset including a housing positionable with respect to an eapefson, a
microphone disposed with respect to the housing for insertion into thef ear
person, the microphone operable to detect a change in air prestumetive ear

while the person speaks and to produce an electrical microphone signal
corresponding to the internally detected change in air pressdrea aspeaker
disposed with respect to the housing and operable to produce a sound
corresponding to an electrical speaker signal. The earseinalsides a circuit
coupled to receive the microphone signal and the speaker signal aatlepe
produce a corrected microphone signal having a reduced feedback campione
the microphone signal, the feedback component resulting from the detiegtion
the microphone of the sound produced by the speaker to produce a corrected
microphone signal.
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