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Introduction to Think-A-Move’s Technology 
 
Think-A-Move, Ltd. (TAM) facilitates hands-free device control and voice 
communications by effectively eliminating ambient noise. This creates an extremely 
effective solution converging hands-free communications with device control, ideally 
suited for military personnel, first responders, mobile workers, and consumers operating 
in noisy environments. Additionally, TAM technology is unobtrusive and allows the user 
to communicate in a virtually sub-vocal manner. 
 
In order to accomplish these functions, TAM’s proprietary technology utilizes the ear as 
an output source. When people speak, their voices create changes in air pressure (i.e. 
sound waves) in the ear canal. Making discreet tongue movements creates similar air 
pressure changes in the ear canal.  
 
To detect these signals, TAM has developed a patented earpiece that houses a 
microphone and speaker pointed into the ear canal, along with a microphone pointed 
outwards. The internal microphone captures the changes in air pressure mentioned above. 
The external microphone monitors environmental ambient noise. The speaker allows for 
two-way voice communication.  
 
Currently, a wired connection transmits the signals between the TAM earpiece and a 
laptop computer or an Ultra Mobile Personal Computer (UMPC).  TAM is migrating its 
technology to utilize both a wireless solution and a DSP chip environment.   
 
The computer utilizes the signals, processed by TAM’s proprietary algorithms, to 
facilitate device control or voice communications, based on the mode selected. The 
proprietary algorithms are part of TAM’s speech processing engine (SPE), and include 
speech and tongue command recognition, ambient noise cancellation, acoustic echo 
cancellation, and speech equalization. These algorithms process the signals to recognize 
speech or tongue commands, eliminate any remaining ambient noise, cancel acoustic 
echoes generated, and make the user voice more natural sounding, respectively.  
 
For device control, TAM’s pattern recognition software is trained to match speech 
commands or tongue-based signals to specific device control functions. TAM’s manager 
software then either interfaces with devices to be controlled, or facilitates the 
communications process, such as conversations over a cell network. 
 
Think-A-Move’s technology greatly improves the effectiveness of hands-free device 
control and communications. Significant opportunities exist in the military, first 
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responder, enterprise, and consumer marketplaces, and TAM has begun addressing them. 
Two examples are: 
 

·   TAM has developed a system under a Phase II SBIR grant from the National 
Institutes of Health that controls a power wheelchair via speech commands or 
tongue movements. TAM is in the process of commercializing this system. 

  
·   TAM has developed a hand-free control system for military robots under a U.S. 

Army Tank-Automotive Research, Development and Engineering Center 
(TARDEC) Phase II SBIR grant. Additionally, TAM has established an 
integration agreement with iRobot, and demonstrated the initial joint prototype 
at the Army Scientific Conference, held in November 2006, as well as at the 
Future Combat Systems (FCS) Experiment in February 2007. TAM received a 
very strong letter of support from the FCS project manager, and TARDEC has 
expanded the scope of TAM’s contract. 

 

System Features/Applications 
The TAM device control and communications system provides several applications, 
which are supported by a speech processing engine (SPE). Figure 2, below, provides an 
overview of system operation and utility. The SPE is a library of speech processing 
functions, including functions for speech and tongue-movement command recognition, 
acoustic echo cancellation, ambient noise cancellation, speech equalization, etc. The 
various applications and supporting SPE functions are described below.  

 

 
 
 

Earpiece, with an 
internal microphone 
pointing into the ear 
canal 

Figure 1: Earpiece to pick up speech, acoustic vibrations, or tongue motion-induced 
pressure waves, inside the ear canal. These vibrations originate in the voice box or oral 
cavity and travel through the head to the ear canal.   
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Hands-free Device Control 
The TAM system provides hands-free device control where the operator can use speech 
or tongue-movement commands. The internal microphone picks up user speech or tongue 
movement acoustics and relays them to the UMPC. Audio acknowledgements from the 
device for command confirmation or audio feed from a microphone mounted on the 
device for situational awareness are relayed back to the user through the internal speaker.  
 
However, the internal microphone and speaker are in close proximity, so the audio output 
from the speaker feeds back into the microphone, producing an echo. To combat this, the 
system processes the sound picked up from the internal microphone to remove the echo. 

Foam ear tip 

Earpiece casing; contains 
microphone and speaker 
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Speech Quality 
Enhancement 
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Figure 2: Device Operation and Utility Overview 
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Processing next includes modules to reduce the remaining ambient noise leaking past the 
seal, helping to improve recognition accuracy for both tongue movement and speech 
commands.  
 
If the system is in tongue control mode, the system feeds the resulting processed signal 
into the tongue movement recognition software, which identifies the movement and 
generates the corresponding device control command. In speech control mode, the 
resulting signal is further processed by the speech equalization algorithm to enhance 
speech quality and make it more natural sounding, further improving command 
recognition accuracy.  

Speech Command-Based Control 
The TAM system facilitates speech-command control using a Speech Command 
Recognition (SCR) function. The SCR function is flexible as it can use either TAM’s 
proprietary speech recognition software or commercial-off-the-shelf packages such as 
Nuance’s Dragon or Microsoft’s speech engine. Each system has certain advantages, 
depending on the application. Figure 3 illustrates the sequential processing that the 
internal microphone signal goes through during speech command mode.  

Speech Command Recognition (SCR) function 
TAM’s proprietary speech command recognition engine is based on a Hidden Markov 
Model (HMM). The engine uses word models in which a discrete number of command 
words are stored. A training routine is also provided for the user to train the recognition 
program on his/her in-ear speech. The training procedure is based on an iterative 
expectation maximization (EM) method.  
 
Regardless of the SCR engine used, and because of TAM’s ability to cancel ambient 
noise and to create a natural sounding voice, accuracy rates are over 95%, even in noisy 
environments. 

Tongue Movement-Based Control 
Tongue motions inside the oral cavity can produce traceable acoustic patterns in the ear 
canal. Different types of movement, differing in location and speed, produce unique 
patterns. To use tongue movements for device control, repeatable and comfortable 
movements, which produce consistent acoustic patterns, need to be identified. As an 
example, Figure 4 shows three different tongue motions and the corresponding acoustic 
signals.  
 
The acoustic patterns generated by tongue motions generally reside in the 20 Hz to 100 
Hz frequency range (i.e., most of their energy is in this range). The 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 speech command mode 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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Two-way Voice Communication 
The TAM system also provides full duplex voice communication using an internal 
microphone and internal speaker located in the earpiece. The in-ear microphone picks up 
the user’s speech, and distal speech relays to the user through the in-ear speaker. In 
addition, the user can place a telephone call, accept or reject an incoming call, and end an 
ongoing call by giving speech commands to the system as described above.  

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

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 
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Like device control, sound from the speaker feeds back into the microphone, producing 
an echo. The sound picked up in the user’s internal microphone is processed to remove 
this echo. Processing also includes modules to reduce ambient noise and enhance 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 speaker that sit inside the 
ear canal, and sound from the speaker leaks into the microphone. This echo can be very 
loud because the speaker and microphone are only about 2 mm apart, and the ear canal 
presents a small enclosure. The AEC provides the capability to cancel out this echo from 
the microphone signal.  
 
The AEC module involves various functions including an adaptive filter (ADF), a 
double-talk detector (DTD), a non-linear processor (NLP), a comfort noise generator 
(CNG), and an echo cancellation controller (ECC).  

·  Adaptive Filter (ADF) 
The adaptive filter maintains, and continuously adapts, a transfer function that 
filters the speaker signal to approximate the speaker output, which feeds back into 
the internal microphone. The transfer function incorporates the speaker response, 
the acoustic properties of the ear canal, and microphone characteristics. The filter is 
designed to be adaptive, because the acoustic properties of the ear canal are not 
constant over time.  
 
The performance of the filter is evaluated based on its Echo Return Loss 
Enhancement (ERLE). The short-term goal for filter performance is a 20 dB ERLE 
after 1 s of convergence. The long-term goal is to achieve an ERLE of at least 40 
dB. The filter has a relatively high convergence rate: convergence time of less than 
100 ms. The ADF is a relatively low-complexity frequency domain adaptive filter. 
While the AEC filter is constantly active, its adaptation should only be activated 
when there is no local talk, i.e., the proximal user is not speaking; only the speaker 
feedback is contributing to the microphone signal. The condition where the 
proximal user is speaking is called double-talk, and the function used to detect 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 the proximal user is 
speaking. If so, then the adaptation of the ADF should be turned off. Double-talk 
detection is challenging, because it requires distinguishing between speaker echo 
and user speech. The signal that is output to the speaker can be accessed by the 
double-talk detector, and this information can be utilized to perform the detection. 
The DTD is a low-complexity statistical method. 
 
 

·  Non-linear Processor (NLP) 
The adaptive filter has its limitations and is unable to cancel out 100% of the echo 
from the microphone signal. Several non-linear methods are available that tackle 
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the residual echo. To eliminate this residual echo, the TAM system includes a non-
linear function that processes the microphone signal after the adaptive filter 
processes it.  

·  Comfort Noise Generator (CNG) 
An effective method of canceling echo is to cut out the internal microphone signal 
when the proximal user is not speaking. This method is contingent on the fact that 
accurate detection of proximal user speech is possible using the double talk 
detector. However, this results in absolute silence of the line, which during two-way 
voice communications, can be disturbing for the distal user or far-end talker. To 
eliminate the distal user’s discomfort, comfort noise replaces the microphone 
signal. The TAM system provides a CNG function to generate a comforting noise 
that is very similar in its statistical properties to the local user’s environment noise.  

·  Echo Cancellation Controller (ECC) 
The AEC provides an echo cancellation controller (ECC) that will be responsible 
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 turn off 
adaptation and stop the adding of comfort noise generated by the CNG to the 
microphone signal.  

Ambient Noise Cancellation (ANC) 
The ear tip provides substantial passive ambient noise cancellation by sealing off the ear 
canal from outside noise. This improves the signal-to-noise-ratio by about 20 dB. 
However, in a high-noise environment, ambient noise can leak into the ear canal and 
affect the quality of the voice picked up by the internal microphone. Particularly, during 
two-way voice communication, the reduced voice quality can disrupt conversations and 
decrease voice recognition accuracy.  
 
TAM’s SPE provides an ambient noise cancellation function that cancels the ambient 
noise that leaks past the seal into the internal microphone. The ANC uses a unique two-
step noise cancellation method, which reduces noise separately for speech and non-
speech frames, employing two different adaptive algorithms. This further reduces the 
leaked ambient noise by at least 25 dB during non-speech frames and at least 10 dB 
during speech frames.  

Speech High-band Reclamation (SHR) 
User speech, captured in the ear canal, is essentially the result of bone conduction. The 
muscles and tissues covering the skull have an extreme low pass filtering effect on this 
signal, causing the low frequencies of speech (100-700 Hz, approximately) to be 
amplified, intermediate frequencies (700-2000 Hz, approximately) to be dampened, and 
higher frequencies to be greatly attenuated. In addition, the microphone, unlike an 
external unit, might not incorporate the high pass filtering effect due to the radiation load 
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in the mouth. These factors together make the speech picked up by the internal 
microphone sound muffled.  
 
To counter these effects, the TAM system provides a speech high-band reclamation 
(SHR) function, reclaiming frequencies and making voice sound natural.  This function 
has two components.  First, a speech equalization filter modifies the spectral content of 
muffled speech, dampening lower frequencies and amplifying intermediate frequencies. 
The second part of SHR synthesizes speech in the frequency range of 3 k Hz to 4 k Hz on 
the basis of the frequency content of the in-ear speech below 3 k Hz. The SHR algorithm 
is based on the vector quantization method. The combination of these two functions 
creates a natural sounding voice.  
 

APPENDIX 

List of Patents 
1. Guerman G. Nemirovski, “System and method for detecting an action of the head 

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 steps of sensing 
an air pressure pattern in or near an ear of a person, the air pressure pattern 
resulting from voluntary physical action of the person; and converting the air 
pressure pattern into an output signal. Also described is a control system. The 
control system includes an air pressure sensor for detecting an air pressure pattern 
adjacent to an ear of a person while the person makes a voluntary physical action 
and for producing an output signal corresponding to the detected air pressure 
pattern; and processing circuitry for discerning a pattern from the output signal.  
 

2. Guerman G. Nemirovski, “Sensor pair for detecting changes within a human 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 change signal within an ear 
of a person caused by the person's initiating action (thought, movement, 
biological function and/or speech). One of the microphones is placed at least 
partially within an ear of the person and the other is placed adjacent to and 
external to the ear, to produce two electrical signals, respectively corresponding to 
internally detected and to externally detected changes in air pressure. Comparison 
of the unmodified signal strength difference between these two signals is used to 
distinguish an initiating action component of each signal from an external source 
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component of each signal. The electrical signals are processed to produce an 
output signal corresponding to the initiating action, which signal is then 
recognized by a neural network or speech recognizer, and used for control or 
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 ear of a person, a 
microphone disposed with respect to the housing for insertion into the ear of a 
person, the microphone operable to detect a change in air pressure within the ear 
while the person speaks and to produce an electrical microphone signal 
corresponding to the internally detected change in air pressure and a speaker 
disposed with respect to the housing and operable to produce a sound 
corresponding to an electrical speaker signal. The earset also includes a circuit 
coupled to receive the microphone signal and the speaker signal and operable to 
produce a corrected microphone signal having a reduced feedback component of 
the microphone signal, the feedback component resulting from the detection by 
the microphone of the sound produced by the speaker to produce a corrected 
microphone signal.  

 


