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Abstract 

Low frequency ultrasound (LFUS) provides an analysis mode 
for speech processing applications which is intrinsically robust 
to audible noise. Current solutions tend to rely on Doppler 
frequency shift to estimate movement of facial components 
during speech production. However, these approaches do not 
consider special attributes of LFUS propagation inside the 
vocal tract and consequently they do not discriminate between 
speech related and other forms of facial movements. 
This paper investigates the LFUS resonance characteristics of 
the vocal tract and uses these characteristics to develop a novel 
approach to determine the status of the mouth 
(open/partially-open/closed). The proposed system provides 
high precision in detecting mouth status and provides a 
significant improvement to Doppler systems by being robust to 
variations of the direction of the face towards the ultrasonic 
source. The underlying paradigm is highly applicable in silent 
speech interfaces, multimodal voice activity detection, and 
hands-free control of rehabilitation devices for the disabled.  
Index Terms: Low frequency ultrasound,  Cross Modes, 
Vocal Tract,  Mouth detection  

1. Introduction 
Low frequency ultrasound (frequencies below 100 kHz) has 
three major advantages for speech processing applications as:  
a) non-invasive means of excitation, b) silent to the human 
hearing and c) robust to the presence of any levels of audible 
noise. Despite this potential, the application of this frequency 
range in speech processing had remained a neglected research 
area until recently [1]. A major class of recent studies use LFUS 
Doppler Effect to detect velocities of face and lips movements. 
In these systems a single frequency LFUS tone is emitted by a 
source located in front of face and lips and is reflected back 
from the talker’s face. Face and lips movements cause Doppler 
frequency shift patterns in the reflected signal. Typical feature 
extraction methods include frequency-band energy averages  
[2, 3], Cepstral coefficients [4] and Linear predictive Analysis 
[5]. 

Several studies have used Doppler reflections of a 40 kHz 
single tone to augment multimodal speech recognition systems 
[2-4, 6]. LFUS Doppler has also provided performance 
improvements in voice activity detection [7] and speaker 
identification [8]. Being in a different frequency range of 
audible noise, these studies show significant improvements to 
the system performance in the presence of audible noise.              
40 kHz Doppler ultrasound has also been employed directly to 
synthesize the corresponding speech signal [9]. Despite initial 
success, the performance of these systems still requires further 
improvements to generate intelligible speech [3, 9].  

Higher frequencies are used to improve the spatial 
resolution of the ultrasonic system. Tao et al. used a single tone 
excitation of 350 kHz inside the mouth to propagate inside the 
vocal tract as a waveguide for monitoring vocal fold vertical 
vibrations [10]. They claimed to accurately discriminate 
between modes of no phonation, whispers and normal 
phonation. 

While current Doppler systems use LFUS reflections to 
yield information about face, lips and jaws movements in 
general, they do not discriminate between speech related 
movements and other facial movements [7]. Accordingly, these 
are  sensitive to variations in the angle of the face towards the 
LFUS source and their resulting performance and resolution is 
generally lower than image based voice synthesis. To fill this 
gap and improve the potential of LFUS for speech processing 
systems, the present research considers the hypothesis that 
LFUS resonance behaviour of the vocal tract can provide 
specific information about speech related events. The 
hypothesis is theoretically and experimentally proven by 
investigating the performance of LFUS resonances to 
discriminate precisely between different states of mouth 
opening and closing. 

Aside from the wide range of application for the underlying 
paradigm, direct applications of the present implementation 
include: audio watermarking, voice activity detection for 
mobile phones in multiple speaker environments, silent speech
interfaces and hands free control of the electrolarynx and 
rehabilitation devices [11].  
1.1 Analysis of low frequency ultrasonic propagation 
inside and outside the VT 
The vocal tract can be considered as a linear loss less system for 
LFUS propagation [1]. Accordingly, LFUS excitation of the VT 
can be described and analysed by a linear source-filter model. 
Manipulating assumptions of linear and lossless propagation of 
small wave amplitudes, the linear equation of conservation of 
acoustic momentum is derived for ultrasonic and sub-ultrasonic 
propagation inside the vocal tract by: 

����/�� + ∇� = 0  (1) 

Where �(	, �) is the pressure, �  is time, 	 is the three 
dimensional coordinates vector , �� is the density of the air at 
equilibrium, and ∇ is the gradient operator [12]. The equation 
of conservation of mass (2), using similar assumptions, 
determines: 

��/�� + ��∇. � = 0 (2) 

Where �(	, �) is the particle velocity vector and (∇. ) is the 
divergence. The equation of state for an ideal gas (3) indicates 
that:  
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�/� = 
�  (3) 

Where 
 is the speed of sound. The dispersive effects of the air  
inside and outside the VT have been discarded in (3) [1]. 
Taking the derivative of (3) with respect to time, yields: 

��/�� = 
� ��/�� (4) 

Substituting (4) in (2) we would reach to the conservation of 
mass equation for ultrasonic propagation in the vocal tract:  

��/�� + 
� ��∇. � = 0  (5) 

These two relations are valid in three dimensional space. By 
taking the time derivative of (1,5) the standard wave equation 
for pressure � for LFUS propagation inside and outside the 
vocal tract is obtained. 

���/��� − 
� ∆� = 0 (6) 

Eqn. (6) is similarly applied for audible sound propagation 
inside the vocal tract. The main difference is that in (6) the 
ultrasound sound wave propagates in three dimensions inside 
the VT. Accordingly, VT resonance behavior for LFUS 
propagation will have one major difference with the audible 
case. At audible frequencies, due to the relatively large sound 
wavelength, wave propagation can be considered to be mainly 
axial through the VT in one dimension. This one dimensional 
propagation of sound is limited to a cut-off frequency  
������� = 0.5861
/2� in a simplified circular tube model of the 
VT [13] where 
 is the speed of sound and � is the radius of 
the tube’s cross-section. For a large vocal tract of cross-section  
5
�� , this cut-off frequency is approximately 4700Hz [14]. 
Moving towards frequencies higher than �������, in addition to 
axial standing waves, cross-modes of resonance can be created, 
resulting in more complex patterns of resonance across the 
width of the tract which are characteristic of three dimensional 
propagation of LFUS inside the VT. 

In fact since the physical attributes of sound propagation in 
the VT (being a lossless non-dispersive linear medium) remain 
the same for audible and LFUS, acoustical scale modelling can 
be used to explain the behaviour of the VT for LFUS 
propagation where the scale factor is the ratio of the wavelength 
of the ultrasound to the wavelength of the audible sounds which 
normally excite the VT [1]. 

Aside from propagating through air, the LFUS wave will 
encounter the air/tissue interface during its propagation. The 
reflection coefficient for an air-tissue interface is computed to 
be about 0.99 due to a large impedance mismatch between air 
and skin [15]. Therefore it can be concluded that LFUS will 
almost completely reflect back from an air/tissue interface. 

1.2 Modelling ultrasonic propagation inside the VT 
To gain further understanding about how LFUS propagates 
inside the VT, finite element simulations of the above Eqns. (5), 
(6) have been performed on a cascade tube model of the vocal 
tract. The standard 44-tube Kelly-Lochbaum VT model is 
known to be valid for sampling frequencies up to 60kHz [16]. 
Thus, 44-tube simulation models of the vocal tract geometry are 
generated for six English vowels (The six vowel geometries 
are: /i/, /æ/, /u/, /ɛ/, /ɔ/, /o/ as in heed, had, who, head, paw, and 
hoe respectively). The area functions and the length of the tubes 
are provided by Story et al. [17]. The VT walls impedance 
values were considered to be equal to the mean acoustic 
impedance of soft tissue (1.71 × 10� Rayl). 

 
Figure 1: Frequency spectrum of ultrasonic response of 
the 44-tube model of VT geometry for vowel /æ/. 
Ultrasonic excitation is applied at the mouth and the 
glottis is considered closed. 

The models were first verified in the audible domain [18] 
by comparing the resonances of the finite element models with 
the simulations and measured formants of the actual vocal tract 
under investigation [17]. Next, in the same manner of the 
present mouth detection system, ultrasonic excitation was 
applied to the models in front of the mouth with the glottis 
being closed. This will provide the resonance pattern of the VT 
as excited at the glottis. Three measuring points, with a span of 
greater than one wavelength, were selected and their ultrasonic 
frequency responses evaluated for the range of 14–21 kHz. 
Figure 1 plots the results of time harmonic analysis of the 
44-tube model resonances of vowel /æ/ across the LFUS 
frequency range of of 14 to 21kHz. Table 1 lists the LFUS 
resonance frequencies of the Kelly-Lochbaum tube models for 
six English vowels across the 14–21kHz frequency range. It can 
be seen that the LFUS frequency span is highly populated with 
resonance peaks. 

Table 1. LFUS resonance frequencies of 44-tube 
models for six English vowels in (Hz). 

/ɔ/ /æ/ /ɛ/ /i/ /u/ /o/
14,323 14,832 14,117 14,717 14,034 14,166 
15,284 15,801 15,454 15,663 15,062 15,075 
15,581 16,660 16,411 16,272 15,663 16,255 
15,884 17,598 17,600 17,062 16,306 16,770 
16,508 17,911 18,886 18,006 16,844 17,513 
17,417 18,638 19,992 18,231 17,603 19,033 
17,633 19,103 18,977 18,288 20,482 
18,448 19,656 19,469 19,238 
19,372 20,248 20,337 19,429 
19,943 19,613 
20,227 20,273 

2. LFUS mouth status detection system 
In the arrangement of the acoustic hardware system, a source 
and a detector are located in front of the mouth of a test subject 
at a distance of less than 5 cm from the face. Without the loss of 
generality, the sub-ultrasonic range of 14–21 kHz has been used 
for the present system, for future implementations of the system 
to be possible by readily available audio hardware. 

2.1 Experimental arrangements 
Low frequency ultrasound was generated in these experiments 
using a signal generator unit (DT Translations). The generator  
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Figure 2: Detection results for closed/Open/closed sequence. a) the ultrasonic output of the mouth (solid) and the detection 
result (dashed line), b)power spectrum of received chirp pulses over time, c) peak detection results on the power spectrum.  

unit was connected to an ultrasonic loudspeaker (Avisoft) 
attached to an inverse horn in a configuration similar to Wolfe 
et al. [19]. This would act as an ideal acoustic current source 
essentially independent of the load and was placed in front of 
the mouth of the test subject. The ultrasonic excitation entered 
the open mouth (or was reflected back from the face in the 
closed mouth state) and was then captured using a wideband 
microphone recorder (Zoom H4n). The excitation signal in this 
research was a linear sweep-frequency cosine (chirp) pulse train 
where each chirp linearly swept 14 to 21 kHz. 

For calibration, a wooden plate was located in place of the 
subject’s face, then the sound recorder was set to receive a flat 
frequency response from the reflected sound returning to the 
microphone from the plate. This ensured that the closed mouth 
response can remain as flat as possible without making the 
system user-specific. Once calibration is complete, the source 
remained unchanged for the series of measurements.  

2.2 Experiment design 
Experimental results are acquired from one female (F) and one 
male (M) subject. The test set includes recordings of LFUS 
excitation being applied to a variety of mouth opening 
conditions. To investigate the results for repeatability, the open 
mouth state was initially in the configuration of 6 English 
sustained vowels. For each vowel, three states were tested, 
namely full opening of the mouth, half open (no teeth visible 
from the front) and a semi-closed state (with visible teeth). In 
total, 60 recordings were captured for each user in each case, 
making a total number of 360 recorded closed/vowel/closed 
sequences. Next, a separate set of recordings of random 
selections of consonant/vowel and vowel/consonant sequences 
was performed with 60 samples for each subject. 

2.3 Detection algorithm 
When the subject is in place, and opens his mouth, the vocal 
tract appears acoustically in parallel with the free field baffled 
by the face, causing ultrasonic resonances of the tract to appear 
as strong variations with the frequency of the measured 
spectrum. When the mouth is closed, a reflection of the LFUS 
excitation reaches the recorder without major resonance effects. 
A simple double approach algorithm was implemented to detect 
the status of the mouth from the test recordings. The 14–21kHz 
signal sampled at 96kHz in 16-bits was first demodulated to the 
baseband to cover a frequency range of 0–7kHz before being 
resampled at 32 kHz. Next, the signal was segmented into 50% 
overlapping 1s segments. For each segment, the beginning of 
the chirp pulse was detected using autocorrelation between the 

known linear swept-frequency cosine signal and the sound 
segment being analysed. The resulting autocorrelation exhibits 
clear peaks at the beginning of the chirp pulses. 

Since the linear source-filter theory applies to the system, 
the VT acts as a frequency-selective filter for the chirp source. 
Consequently, the envelope of the chirp pulse becomes 
proportional to the frequency spectrum of the vocal tract. This 
envelope (�(�)) is extracted as the basis for detecting the status 
of the mouth (plots of this process are shown in Figure 2). 

Two detecting approaches were then used to determine 
mouth status. The first approach was to consider the increase in 
the number of peaks in the frequency spectrum in the open 
mouth state. Since resonances appear in the open mouth state 
response, the number of peaks increases significantly, and this 
attribute can therefore be used for decision making. The other 
approach assumes the resonances of the vocal tract to have 
distinct peaks and troughs. Considering x�(x�)as the peak 
(valley) values of �(�)  for each chirp pulse repetition 
respectively, and μ� and μ� as the mean values of the peaks 
and valleys respectively, we defined a metric C as: 

� = �[(x� − μ�)
�] + �[(x� − μ�)

�]                       (7) 

This measure then served as an indication for determining 
mouth state (plotted in Figure 2). 

3. Analysis of the results 
Figure 3 plots the time-frequency representation of the 
closed/open/closed mouth sequence for vowel /ɔ/.  

 
Figure 3: Time harmonic frequency analysis for 
closed/open/closed sequence. The arrows point to the 
instances of mouth opening and closing.  
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As observed in this figure, the closed and open mouth states 
have clear distinction and the open mouth is characterized with 
the appearance of resonances already predicted in the VT 
modelling described previously. The output of the detection 
algorithm is demonstrated in Figure 2. In this figure the mouth 
status detection results of a continuous sequence including 
closed, open (mouth in vowel /O/ configuration) and closed 
mouth is shown with a dashed line. The frame-wise mouth 
status detection accuracy is listed in Table 2. For each 
closed/vowel/closed configuration sequence, three mouth states 
of full open, half open and semi closed are tested.  

Another series of tests were performed with random 
opening and closing of the mouth (not necessarily in a vowel 
configuration). In these tests, subjects were asked to perform 
random phonations of a list of English vowel/consonant or 
consonant/vowel sequences. The mouth open/closed status was 
tracked continuously throughout the sequence of 60 random 
phonations for each subject and were compared with hand 
labeled results. The frame-wise accuracy percentage of this test 
exceeded 90% for the female and 94% for the male and was 
found to be robust to high levels of audible noise. 

Table 2. Accuracy percentage of the mouth status 
detection system for six English vowel configurations 
reported separately for female and male test subjects. 

 Vowel  /ɔ/ /æ/ /ɛ/ /u/ /i/ /o/ Subject 
Full- 
open 

98.6 96 94.7 97.3 95 93.8 F 
96 95 93.4 96.4 96 96 M 

Half- 
open 

95.7 93.4 91.4 95.2 95.5 92.1 F 
93.4 90.8 90.8 93.4 93.4 92.8 M 

Semi- 
closed 

96 93.4 88.2 90.8 82* 91.6 F 
94.4 90.8 85.6* 88.2 93.4 88.2 M 

* The mouth opening was sometimes less than 3mm wide open 

3.1 Exploring angle-of-incidence 
A separate experiment was conducted to verify the 

significance of variation in angle of incidence by maintaining 
the subject’s head and microphone distance (less than 5cm from 
the lips), but adjusting the angle of excitation in a horizontal 
plane around the head. The excitation points were located in a 
horizontal plane in front of the mouth  and were selected 
randomly around one of four different angles (0°, 30°, 60° and 
90°) with respect to the frontal view of the mouth, recorded 
with a single subject and repeated for accuracy. This was 
evaluated with 40 random vowel/consonant articulations 
around each excitation angle. Frame wise accuracy results are 
reported in Table 3. As observed in this table, the observation of 
the resonances was most clear in the frontal excitation (0°) but 
moving from frontal to 90°the resonances reduce in amplitude, 
and appear to become smoother, although they remain easily 
distinguishable in each case. Figure 4 plots the results in terms 
of time-frequency representations of a source with 90° rotation 
from the frontal view of the face in detecting mouth opening for 
the word /mum/. As observed in this figure, the closed/open 
mouth states have still clear visible distinction.  

Table 3. Accuracy percentage of the mouth status 
detection system for different angles of exposure for 
vowel configuration and random opening 

Angle �° ��° ��°  �°

Vowels 93.6 92.9 90.4 86.7 
Random 92 89.4 85.3 81.5 

Figure 4: Time frequency analysis for a 
closed/open/closed sequence for the word /mum/ with 
the source located at an angle of −90° from the frontal 
view. The arrows point to the instances of mouth 
opening and closing.  

3.2 Exploring Closed Mouth Resonances 
The performance analysis of this system will not be complete 
without considering the resonances that may occur in the closed 
state of the mouth between the closed mouth/face and the 
transducer. Although such resonances were rare in practice, 
they may still occur as standing waves in the closed mouth state 
between a planar transducer and the skin/lips. During the 
experiments, to eliminate the impact of extraneous resonances, 
a sound absorbing material was used to cover the excitation 
horn body except from the horn tip. This configuration 
eliminated any resonance in the closed state. 

4. Conclusion 
Low frequency ultrasonic speech systems are novel 
implementations with very attractive characteristics of being 
silent to human hearing and robust to audible noise. Current 
methods mainly use Doppler analysis and discard the speech 
related interactions of the LF wave and the vocal tract. This 
paper describes a new approach to use LFUS resonances of the 
VT as an informative mode to detect the status of the mouth. 
Applications of this system include: silent speech interfaces, 
audio watermarking, cocktail party voice activity detection, and 
hands-free control of elctrolarynx and rehabilitation devices. 

The mathematical analysis and finite element modeling of 
ultrasonic propagation inside the VT predicted the occurrence 
of populated resonances in the frequency range of this system in 
the open mouth state. The system was then experimentally 
tested using both male and female subjects and shown to be 
easily capable of distinguishing mouth state with a high degree 
of accuracy and repeatability with a very low complexity 
detection algorithm. The system also outperforms Doppler 
methods in having significantly lower sensitivity to variation of 
face direction towards the source. 

This research is the first step of a general frame work to 
extend the capacities of the present LFUS systems by 
experimental study of LFUS and sub-ultrasonic resonance 
patterns of the vocal tract as a possible informative mode for 
speech processing. In the next steps, the present recorded 
dataset will be used to investigate the inter-class and intra-class 
distinction between recorded vowels in the ultrasonic resonance 
space.   
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