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Abstract 
Radar-like sensors enable the measuring of speech articulator 
conditions, especially their shape changes and contact events 
both during silent and normal speech. Such information can be 
used to associate articulator conditions with digital “codes” for 
use in communications, machine control, speech masking or 
canceling, and other applications.  
Index Terms: radar speech, EM speech sensor, silent speech. 

1. Introduction 
Silent speech (SS) and interfacing (SSI), as used in this paper, 
means the acquisition and characterization of speech 
articulator information, without engaging acoustic vocal tract 
excitation(s), hence without any acoustic emanations. Methods 
for recording include the passive detection of neural and 
muscular control signals, video lip reading, as well as external 
probing of the vocal tract conditions using active sensors. 
Such methods can be used in very intense acoustic 
environments and not have their signals affected. Herein, the 
word “phone” means any phoneme, di-phone, tri-phone, and 
other extended sequences. In addition, artificial articulator 
configurations such as unusual tongue or glottal activity, not 
used in the user’s normal language, can be measured and 
interfaced to provide fast, robust control information.     
 
Pseudo-silent speech (PSS) and interfacing, as used herein, 
describes vocal tract characterization as above, but with the 
additional feature of allowing the speaker to generate acoustic 
excitations appropriate to vocal tract states, i.e., for each 
“phoneme”. Examples are sub-vocalization, murmuring, 
whispering, and humming. In addition, normal, but low 
intensity speech is included in this category because it may be 
masked or partially canceled using the technologies described 
below. In other words, a bystander would not be able to 
discern the user’s speech, hence PSS becomes SS in many 
environments. 
 
Low power, EM radar-like sensors, based on EM (Electro-
Magnetic) wave propagation have special properties enabling 
them to detect and generate Silent and Pseudo-Silent Speech 
Interface signals with corresponding conditions of speech 
privacy, immunity to ambient acoustic noise of all levels, low 
sound pollution, and more rapid information transfer than 
other comparable silent human information transfer 
techniques, such as finger actuated keystrokes.  

 
In the mid 1990s, Holzrichter, Burnett, McEwan, and Ng [1,2] 
demonstrated that EM sensors could measure and obtain many 
properties of human speech excitation- and filter-functions, for 
any spoken “phone”.  The EM sensor data, when combined 
with corresponding acoustic data, enabled robust methods for 
sampling and removing background noise, characterizing 
phone-sequences, compressing speech segments, identifying 

the speaker, and other applications.  They also demonstrated 
the acquisition of many unique signatures of speech organ 
motions, i.e., transitions under silent speech conditions. In 
particular, they found that signals associated with phoneme to 
phoneme transitions (i.e, diphones & triphones) are most 
easily detected. 

2. EM radar-like sensors 
EM sensors for the speech application became available in the 
mid 1990s with the advent of low cost, high speed 
semiconductors for computers, cell phones, and other 
applications [3].  Today, “Bluetooth” chip sets, constructed 
similarly to EM speech sensors and operating near 2.5 GHz in 
frequency, cost ~$4. Also, the term radar often conjures 
images of large parabolic antennas that transmit intense pulses 
of EM wave energy, which travel to a target and then reflect 
back to a receiving antenna and its electronics, where upon the 
round trip travel time gives longitudinal distance. The 
transmitted beam direction, formed by a sophisticated antenna, 
provides transverse location information.  
 
In contrast, almost all speech-radar data taken to date used 
quasi CW, interferometric microwave sensors that transmit 
EM waves at ~2.3 GHz with <0.2 mW of transmitted power, 
in a non-skin contact mode, at a very safe power level easily 
provided by a battery, from a package small in size, 
waterproof, and with many other desirable properties.  

Figure 1: Schematic diagram of EM sensor locations: sensor 
#1 measures vocal fold motion; #2 pharnyx, tongue, and 
palate; #3 measures lips, tongue, palate, jaw opening.  The 
acoustic microphone may be configured with a 2nd noise 
receiving microphone, or it might have a masking or speech 
canceling generator built in for broadcasting.  
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These sensors use a homodyne mode of operation that is a type 
of interferometer in that it compares an EM wave reflected 
from one or more tissue-air interfaces to a local (phase 
reference) wave. As a reflecting interface moves, the phase 
change (i.e., time of travel) of the EM wave to and from the 
new interface location changes and is compared to the 
stationary local wave. The change associated with this 
movement is detected by using a mixer and filter combination.  
Usually DC (stationary) background signals are filtered out. 
For example, EM sensors #1 and 3 in Fig. 1 measure motions 
up to ~5cm inside the skin, including the vocal fold tissues as 
they open and close [4], and lips and internal oral cavity 
articulators.  

2.1. Resolution  

The use of small sensor antennas and the short distances to 
targeted tissue interfaces limit absolute resolution of tissue-air 
interface locations, both transversely (3-10 cm) and 
longitudinally (~1cm). However the interferometric sensor 
configuration enables measuring longitudinal interface 
changes with relative resolution of < +1 micron. In addition, 
these sensors are very sensitive to tissue-air interface 
reflectivity changes, especially when an interface suddenly 
disappears or appears. Two examples of disappearing and 
reappearing interfaces are vocal folds closing or a tongue tip 
contacting the hard palate (Fig 2).  
 
Further, small radial vibrations, ~4 microns, of the interior 
walls of the vocal tract tubes, driven by high internal sound 
pressures during normal speech, can be measured by EM 
sensors from outside the body. Such EM sensors are often 
called radar-microphones.  Also exterior skin surfaces on the 
cheek, neck, and other locations move due to their 
connectedness to the interior air passage walls. Hence 
“hummed” sounds cause the cheek interior wall and exterior 
skin surface to move (Δ~ 4 and ~1 microns respectively), in 
phase but time delayed with respect to glottal opening and 
closing  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 2: Signal from EM sensor #2 measuring tongue-palate contact.  
When tongue tip touches the hard palate, two surfaces that were 
reflecting the EM wave disappear, and a large signal change occurs.  
Signal droop after first contact is due to filtering of the new DC level, 
at the initial peak, after contact.  Note change upon tip release. 

2.2 Signal Processing 

The EM sensor signal and acoustic signal provides a great deal 
of information on voiced speech processes [1, 2, 4]. The 
glottal data alone provides robust measurement of voiced 

speech onset, duration, pitch, pitch change, termination, and 
locations of un-voiced segments (usually just before and after 
each voiced speech segment).  Most importantly it provides a 
good approximation of the speech excitation function, 
containing most of the natural spectral content of the true 
excitation. Careful examination also shows that the EM sensor 
signal from the glottis precedes the corresponding lip 
microphone signal by about 0.6 msec (the glottus to 
microphone distance divided by vsound).  This provides time to 
generate masking or canceling sounds for voiced speech 
segments, as discussed below.  Finally, glottal signals from 
sub-vocalized, murmured, or hummed speech (but not 
whispered speech) can be easily measured if desired for 
system controls (SSI), and other purposes.   
 
Figure 3 illustrates the way in which a glottal sensor (sensor 
#1 in Fig. 1) measures the opening and closing of the vocal 
folds. Its signal, see lower left of Fig. 3, provides a voiced 
excitation function [2, 4] for each glottal cycle. The excitation 
is then de-convolved from the corresponding acoustic signal 
(see box in Fig. 3 to the right) leading to an estimate of the 
speaker’s filter function during each one or more glottal cycles 
(i.e., each pitch period(s) ). For example, the filter function for 
the voiced phoneme /a/ is shown in the bottom center box. 
This process enables denoising using real-time filters, finding 
degrees of redundancy for compression, and obtaining 
matched excitation and tract-filter sets describing personalized 
phones for speech synthesis, performing speaker ID, and other 
applications. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3: Schematic diagram of EM sensor located at glottal 
position along a linearized vocal tract. An EM sensor 
mounted at the vocal-fold location obtains an excitation 
function, which is deconvolved from the output acoustic 
signal, measured by a microphone. The result is a transfer 
function for the example phoneme  /a/ . The dimensions of the 
4 resonator chambers determines the sound /a/, but the 
absolute resonator dimensions are hard to measure.  
However, changes in their dimensions, as articulators move 
to produce a new phoneme are easy to measure.  

3. Silent and Pseudo-Silent Speech 
Silent Speech (SS) means that when a speaker establishes 
vocal tract configurations intended to voice a speech phoneme, 
no tract excitation occurs. To extract information from this 
type of speech, several conditions are required. Standard and 
repeatable tract shapes must be measurable from a typical set 
of users.  Recall when one speaks silently there is no sound 
feedback to the silent speaking subject to correct their 
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pronunciation and tract shapes. Also, EM sensors need to be 
positioned to capture enough information from enough 
articulators to robustly define all sounds in the desired 
vocabulary. Methods can then be applied to associate the 
measured tract shapes and shape changes with language 
phones (e.g., English words defined using an HMM model, 
etc). Furthermore, one may consider inventing a “synthetic 
language” (e.g., a Morse code language of dot-dashes using 
the tongue tip as illustrated in Fig. 2). Finally, one needs a 
Bluetooth or other com-link to transmit the EM sensed 
information to the device for processing and control. 
 
In contrast to SS, Pseudo-Silent speech (PSS) means that the 
user energizes one or more vocal tract excitation functions – 
voiced, fricatives, clicks, etc. – as needed to create speech 
(usually at low intensity).  See Fig. 4. The addition of vocal 
excitation information adds a great deal to the decoding 
process in which phones are identified, and it enables new 
masking/canceling techniques to be applied. In many 
situations, background ambient noise can largely mask low 
level speech from a speaker. In other circumstances, nearby 
listeners will usually tolerate low level speech if they are 
unable to understand the content. By employing some 
obscuration techniques, Pseudo Silent speech can become, 
relatively speaking, Silent Speech. 
 
1- Humming:  The vocal folds are engaged and can be easily 
turned on/off, operated at desired pitch, and caused to slide up 
and down in frequency by 50 Hz/sec or more. Also the mouth 
is usually closed so sound leaves the nose and skin. The palate 
is open and tongue hump down, the tongue is not moving, 
hence the oral cavity is energized leading to measurable cheek 
vibrations, easily sensed by an EM cheek sensor giving vocal 
fold activity and timing. The sound intensity is low to 
moderate, relatively easy to mask or cancel using cheek or 
glottal EM sensors, and its detection is very reliable. Many 
coding schemes can be imagined using this mode. 
 
2- Murmuring and subvocalization: Vocal folds become 
engaged, some frication (e.g., whispering) can occur, vocal 
tract shapes change, and lips may slightly open and close. The 
acoustic intensity is low and relatively easy to mask and/or 
cancel. EM sensors easily measure glottal activity but not 
enough air flow is generated to activate cheek vibration. 
 
3- Whispering: The excitations are not voiced but are instead 
caused by low level air turbulence (frication), but all 
articulators are moved to produce intended speech sounds as if 
normal excitations were present. Its acoustic intensity is low, 
constrained in bandwidth, and relatively easy to mask, but not 
easy to cancel since the air flow excitations are chaotic.  
 
4- Masking speech by coherently adding confusing sounds: A 
glottal EM sensor provides accurate glottal timing, pitch, 
phase, and advance notice to a processor to generate a phase-
coherent masking signal, as well as enabling the production of 
colored noise to mask unvoiced speech segments and 
unvoiced-to-voiced transitions. It should also enable the user’s 
speech to mimic background “babble”, i.e., “natural” Pseudo 
Silent Speech.  
 
5- Canceling (partially) speech sound waves: This process is 
usually difficult because there are multiple sources of human 
sound during speech – skin, nose, and mouth.  However, 
during normal speech, a glottal EM sensor provides excellent 
timing and gives advanced warning to a processor that a 
glottal cycle is underway, and that an intensely spiked voiced-

speech signal will show up in about 0.6 msec at the speaker’s 
mouth opening. In response, negative pressure waves can be 
generated by an upper-body-mounted sound generator 
designed to cancel “most of” the voiced speech wave. In 
addition many PSS speech modalities generate lower 
frequency waves, < 1 kHz, whose wavelength is longer than 
30 cm in length. At a distance of several meters, a single 
sound canceling generator could cancel waves from the 3 
noted locations on the human head, for low sound levels.  

4. Silent Speech Discussion 
It is worth estimating how much information and how 
complicated such information would be to acquire using EM 
sensors. As a reference point  recall “talking head” 
demonstrations which were used to estimate the efficacy of lip 
reading, joint image-acoustic fusion, and other topics. The 
moving facial image, in sync with acoustic speech, does 
provide significant information, especially if the context is 
known in advance to the face/lip reader. To extend this 
concept, consider using an EM sensor (e.g., #3 in Fig 1, also 
Fig. 5) mounted in an iPhone, Palm, Blackberrry, or other 
hand held device. Silent speech instructions, based on facial 
and oral vocal articulator measurements, then take control of 
the device, minimizing finger usage.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Figure 4:  Illustration of the word “one” being spoken as two 
sensors , #1 and #2 in Fig. 1, measure EM wave reflections. 
Note jaw drop and mouth opening just before the initial 
“wao” sound is vocalized and stays open for the /o/ sound. 
Then the tongue lifts appearing to the EM sensor as a jaw lift 
and consequent closure, in order to form /n/. 

To illustrate how a typical frontal EM sensor could work, first 
imagine looking with your eyes at a person’s face and the 
tissues behind the face. Then imagine that all stationary 
tissues become invisible – this means at first you would see 
nothing. The moment a speech articulator moves, e.g, the jaw 
drops, it becomes visible and its movement is registered and 
used to estimate the presence of an intended speech sound, e.g, 
/ah/. Similarly, as other articulators move their new reflecting 
states would be seen, and their reflected signals would be 
combined with those of other articulators into a sequence of 
feature vectors describing the states of tissue motion at each 
moment in time. One step more, recall that a “staring” frontal 
EM sensor looks at all of the articulators on or behind the face 
at once (e.g., up to 5 cm behind the face surface), since its 
field of view is the entire face at once. Each reflected value is 
made up (coherently) of all individually reflected signals, at 
each sampling moment. One then obtains a sequence of 
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intensity vs time values, with varying degrees of uniqueness to 
the speaker’s intended phoneme.  
 
It is worth estimating the amount and type of data available to 
the front facing sensor.  For moderate depth of EM wave 
penetration (5 cm) and safe power levels (<1 mW/cm2 at the 
skin) articulator states and state transitions can be measured, 
up to 100’s of times per second. Each collective combination 
of articulator reflections is described by an intensity value in a 
time ordered sequence of measurements, i.e., a feature vector.  
Then each feature vector is associated with prior measured and 
quantified patterns of known articulator combinations over a 
period of time.  
 
For example, the frontal EM sensor might view 3 articulators 
at once:  3 states of lips - closed, open round protruding, and 
open wide; 3 states of tongue – tip down, tip up w/contact, fast 
tip motion; and 2 states of jaw - open and closed. The 
collective condition of all 3 articulators are measured 
simultaneously by the EM sensor, e.g., each 50 msec.  There 
can be up to 18 separate intensity values that vary in time, 
since each articulator moves differently and reflects EM waves 
differently as it moves to form a new vocal tract configuration 
for the desired speech command.  These data are formed into a 
sequence of time ordered numbers such as could occur in a 
word command, e.g a 2 second period containing 40 values. 
Hence the frontal sensor generates at least 18x40 = 720 values, 
contained in a feature vector, then used for identifying a word-
command from a vocabulary. These 720 values should be 
enough to define 50-100 words, enough to control an iPhone 
by describing 26 letters, 10 numbers, and many commands. 
However, for this approach to work well, the desired 
vocabulary (e.g., English) must be well described by the set of 
possible feature vectors. Since the frontal sensor does not 
access all vocal tract states, not all words in English can be 
described using data from this one sensor.  Nevertheless, there 
are a lot of Silent Speech data available from just one sensor.  
 
If the frontal EM sensor were to employ a longer wavelength 
(~1 GHz ) experiencing less loss in tissues, 2 additional tongue 
hump states, 2 tongue edge states, and 2 pharynx states could 
be added, yielding 6x18 = 108 possible intensity levels, placed 
in a 40 element feature vector.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 5: Illustration of a user of Silent Speech technologies 
illustrating 3 different types of EM sensors in user compatible 
communication devices. 

The techniques to associate EM sensor signal generated 
feature vectors with natural language commands, as well as 

with synthetic language commands, is straightforward and 
described in the HMM and related statistical literature. 

5. Some Configurations  
Figure 5 illustrates the use of 3 types of EM sensors that could 
be used by contemporary workers in fields needing the 
qualities offered by silent speech interfaces. Each are 
described in order to illustrate some modalities of use. The 
top-of-head sensor is being designed to use the interior of the 
head as a wave-guide appropriate for a longer wavelength EM 
wave, e.g., ~30cm, experiencing low loss, and intended to 
measure articulator states as far down as the vocal folds. This 
sensor is easily concealed under a hat or helmet. The cheek 
sensor is effective for detecting humming and pseudo silent 
speech applications because it provides glottal timing 
information, as well as acoustic vibrations from the inner 
cheek wall and also tongue motion. The cheek sensor 
resembles the “Jawbone” product [6]. The 3rd example of an 
EM sensor is mounted in an iPhone-like package. It can 
provide SSI data back to the iPhone itself, as discussed above 
in the frontal sensor example. 

6. Conclusions 
There is a tremendous need to increase the human-to-machine 
communications bandwidth.  Today the information flow from 
modern display devices to the user vastly exceeds the rate at 
which a human can respond and interact. Acoustic speech has 
proven to be difficult to use because of ambient noise issues, 
processing difficulties, privacy and noise pollution issues, and 
lack of robustness – especially while controlling machines, 
power tools, etc. EM sensor technology is available to vastly 
improve human-to-machine communication but it requires 
multi-disciplinary groups, working in a risk tolerant R&D lab 
environment, to modernize the sensors and conduct needed 
demonstrations. Finally, the public is becoming more 
accommodating in considering “wearable” electronics, 
especially when they deliver needed capabilities.  
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