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Abstract
It is desirable to monitor the status of the velopharyngeal port dur-
ing speech. This paper reports on the design and usage of a nonin-
vasive device that measures the static nasal airflow from the nose
during speech. The signal can be recorded directly from a generic
sound card. Neither does the usage of this device interfere with
the articulatory process of speech, nor does it introduce distortions
to the simultaneously recorded acoustic signal. We successfully
tested the device in an experiment to analyze the velopharyngeal
status during normal speech.
Index Terms: speech production, nasal airflow, speech pathology,
velopharyngeal function

1. Introduction
The appropriate manipulation of the velopharyngeal (VP) open-
ing is important in normal speech production. The production of a
nasal consonant involves the opening of the VP port and the clos-
ing of the oral tract at a certain point, in order for air puffs from the
vocal fold to propagate only through the nasal tract. During vowel
productions, when the VP port is open and the air propagates
through both oral and nasal tracts, the vowel is nasalized. There are
also nasal vowels in languages such as French and Portuguese, in
which the precise control of nasal-oral coupling is needed. Some
consonants may also be nasalized in the context of nasalized vow-
els [1]. In addition, the closure of the VP port is essential for most
plosives and fricatives, because sufficient air pressure is needed to
produce these phonemes. Inappropriate opening or closing of the
VP port during speech may cause nasalization problems, which is
the characteristic of some groups of disordered speech [2]. It is of
interest to monitor the status of the VP port during speech. This
information, accompanied by the acoustic signal, can be used for
a more refined modeling of speech production, and for the analy-
sis and enhancement of disordered speech with nasalization prob-
lems. However, because of the special physiological position of
the VP port, it is difficult to monitor the VP port directly without
some level of interference with the articulatory process of speech,
usually involving invasive, expensive, or bulky instruments. It is
therefore desirable to develop techniques that can extract valid in-
formation of the VP port status that are less invasive, less interfer-
ing, and less expensive.

Speech researchers and clinicians have developed many tech-
niques to study the VP function during speech. There is a thor-
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h review of them in Baken and Orlikoff’s book [2] mainly for
ical purposes. Among them, the most direct but invasive way
o record the VP port images with an endoscope inserted into
nasal cavity [3]. The images obtained in this way may be un-
le and distorted, which makes it difficult to make quantitative
surements. A photodetection system [4] has been developed
easure the intensity of light transmitted through the VP port.

eeds a light source and a light detector to be placed at dif-
nt sides of the VP port. A relatively less invasive technique

he speech movement tracking system, using either X-ray mi-
beam [5, 6] or magnetometry [7]. Pellets or coils can be at-
ed to the velum in order to track its movements. These sys-
s are usually costly and only a few research sites have them.
indirect but less costly way is to measure the nasal airflow with
eumotachograph [8] or a hot-wire anemometer [9] that is con-

ted to a nasal mask. The mask seals the air from the nose, but
lso introduces distortions to the acoustic signal and sometimes
rferes with articulation.
In this paper, we present the design and usage of a noninvasive,
-interference device that simply adopts a differential pressure
sor to measure the airflow from the nose during speech. Some
ple circuits are designed to supply power to the sensor and
onvert the signal in order to be recorded by a generic sound
as found in most consumer-grade computers. The device is
used to analyze the VP status during the speech of a normal

aker.

2. Device design
Measurement principles

goal of our design is to monitor the VP status while simul-
ously recording the acoustic speech signal. In order to avoid
rference with articulation and distortion of the acoustic signal,
choose an indirect way to measure the air velocity outside the
tril during speech.
The velocity of the moving air can be measured according to
same principle as those of a Pitot tube. Assuming that air is
mpressible, when the opening of a tube faces an oncoming

am of air, it senses the summation of the static pressure Ps and
dynamic pressure Pd; When air flows in the opposite direction,
tube senses the difference between Ps and Pd. The air velocity
de the tube is zero, and the pressure in the tube is

Pt = Ps ± Pd = Ps ± 1

2
ρV 2, (1)

re ρ is the density of air, and V is its velocity.
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Figure 1: The schematic structure of the measuring device. The
sensor has two air intakes to measure differential pressures. Ar-
rows indicate the flow of signals between modules.

A differential pressure sensor with one intake connected to the
probe tube and another open to the static air can be used to measure
the pressure difference, Pt − Ps. According to Equation (1), the
sign of this measurement represents the direction of the airflow,
and the absolute value is proportional to the square of the velocity
of the airflow.

2.2. Data acquisition

Thanks to the prevalent usage of personal computers (PCs), it is
convenient and inexpensive to acquire acoustic signals of speech
with a sound card in a PC. However, a generic sound card usually
uses AC coupling for the input signal, thus filtering out direct cur-
rent (DC) and low-frequency information of the signal. Because
we want to analyze the DC and low-frequency components in the
airflow signal, a sound card can not be used directly for the acqui-
sition of airflow signals.

One solution to this problem is to use a multi-channel data ac-
quisition card to collect the airflow signal and the acoustic signal
of speech, but it is expensive and not equipped in most consumer-
grade computers. Another solution is to pre-process the airflow
signal with a voltage-controlled oscillator (VCO), so that the in-
put signal is frequency modulated (FM) with a carrier frequency
in the audio range (2–5 kHz). Then the FM signal is recorded
through one input channel of the sound card, while the acoustic
signal is recorded through another input channel simultaneously.
The recorded FM signal, once captured, can be demodulated algo-
rithmically to recover the original airflow signal.

2.3. Device implementation

Figure 1 shows the schematic structure of the device. A low pres-
sure sensor (1 MBAR-D-4V, All Sensors, CA) is encapsulated in a
small plastic box that can be attached to a headset. The operating
pressure range of the sensor is ± 1 mbar. The sensor is connected
to a processing box that contains the power supply, offset and gain
control, and frequency modulation modules. The power supply
module includes batteries and regulators. It supplies stable voltage
for the sensor and other components. The module for offset and
gain control simply includes op-amps and potentiometers. They
are tuned to convert the output signal of the sensor into the oper-
ating range of the VCO in the frequency modulation module. A
waveform generator chip (NTE 864, NTE Electronics, INC., NJ)
is used as the VCO. Several resistors and one capacitor are chosen
in order to set the highest frequency of the VCO to about 5 kHz.
The sine wave output of the VCO is then amplified to standard au-
dio device line levels. This signal is sent to the line input of the
sound card of a PC. As a last step, the offset of the VCO input is
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ed when zero differential pressure is applied to the sensor (e.g.
n the sensor is inert), so that the frequency of the output signal

bout 3 kHz.

3. Signal processing
Demodulation

M signal can be represented as

y(t) = K cos [2πfct + φ(t)] , (2)

re fc is the carrier frequency, and K is a constant. The instan-
ous frequency, ω(t), of the FM signal is proportional to the

ut signal x(t), that is

ω(t) = 2πfc +
d

dt
φ(t) = 2π[fc + fdx(t)], (3)

re fd is the frequency deviation. When x(t) is a narrowband
al, the Hilbert transform of y(t) is

ŷ(t) = K sin [2πfct + φ(t)] . (4)

analytical signal of y(t) is

ya(t) = y(t) + jŷ(t) = Kej[2πfct+φ(t)]. (5)

orithms for frequency demodulation are usually based on cal-
ting the derivative of the phase of ya(t) [10, 11].
When the FM signal y(t) is sampled with a frequency of Fs

� fc), the resulting discrete signal is y[n]. Its correspond-
analytical signal ya[n] can be obtained through the discrete

bert transform. Given the carrier frequency fc, an auxiliary
al yx[n] is obtained by

yx[n] = ya[n] · e−j2πfcn/Fs = Kejφ[n]. (6)

phase signal φ[n] is the unwrapped angle of the signal yx[n].
derivative of the phase is approximated by differencing opera-
s. Because we are only interested in the relative changes of the

ut signal x[n], the constant factor fd is ignored. We use this al-
ithm as implemented by the function demod in Matlab’s signal
cessing toolbox [12]. Before demodulation, we apply a zero-
se low-pass filter to the FM signal. The cutoff frequency of the
r is set to 5 kHz in order to filter out higher-order harmonics.

Zero calibration

en no airflow exists at the sensor, the frequency of the output
al is equal to the carrier frequency fc. Though this frequency
been tuned to about 3 kHz during the construction of the de-
, it can drift due to temperature changes and other environmen-

conditions. An accurate value for fc can be calculated from a
tion of the FM signal, y0[n], that is recorded under the zero-
ow condition.
The demodulation procedure described above can be repre-

ted as a transform from the signal y0[n] into the signal x0[n],
h the parameter fc,

x0[n] = D {y0[n]; fc} . (7)

optimal value f∗
c minimizes the root mean square (RMS) of

n],
f∗

c = arg min
fc

RMS {D {y0[n]; fc}} . (8)



A simple line-search algorithm is used to find f∗
c , starting from an

initial guess of 3 kHz. The optimal carrier frequency is then used
in the demodulation operations of other signals recorded during
the same session.

4. Experiment
4.1. Speech materials

Currently, the purpose of our experiments is to examine whether
the proposed device can provide useful information about the VP
status during speech in addition to the acoustic signal. To observe
the change of the VP status, we design four groups of words in
the forms of CVN, NVC, NVN, and CVC. In these words, C is a
consonant chosen from /t/, /d/, /s/, /z/, V is a vowel chosen from
/i:/, /@/, /A/, /u/, and N is the nasal /n/ 1. The groups are supposed
to represent the opening process, the closing process, the complete
opening, and the complete closing of the VP port within a mono-
syllable, respectively. Table 1 lists the set of 16 words used in the
experiment. During the recording procedure, each word is inserted
in the carrier sentence, “Say _ please”.

CVN NVC NVN CVC

/d @ n/ /n @ d/ /n @ n/ /d @ d/
/s A n/ /n A s/ /n A n/ /s A s/
/t i: n/ /n i: t/ /n i: n/ /t i: d/
/z u n/ /n u z/ /n u n/ /z u z/

Table 1: The list of recorded words.

The data were recorded by a male speaker. A head-mounted
AKG HSC 200 condenser microphone was used to record the
acoustic signal. The microphone was placed off-axis, 5 cm away
from the edge of the speaker’s mouth. The small box that holds
the pressure sensor was attached to the frame of the headset. A
25-cm-long surgical tube was connected to one intake of the sen-
sor with one end, and the other end of the tube was bent to point to
the opening of one nostril of the speaker. The acoustic signal and
the FM airflow signal were recorded simultaneously to a hard drive
through two channels of a MAudio Delta 1010 system. Recordings
were performed in an acoustically dampened booth. Waveforms
were sampled at 44.1 kHz and stored in 16-bit PCM format. This
sampling rate is far greater than the carrier frequency of the FM
signal. At the end of the recording session, an extra 20 seconds
were recorded with the headset taken off and left in the booth, for
the purposes of calibration. After recording, the phoneme bound-
aries were manually marked by one of the authors according to the
acoustic signals.

4.2. Analysis and results

Our first observation about the demodulated airflow signals is that
they all contain strong harmonic components during the sections
of voiced speech sounds. These components are caused by acous-
tic vibrations of the air that mainly propagates from the nostril.
This information is redundant since the acoustic signal has been
picked up by the microphone. To eliminate these harmonic com-
ponents, we convolve each airflow signal with a 30 ms normalized
Hamming window. This operation is equivalent to a weighted av-
erage of the signal within the window length, effectively low-pass

1All phonemes are denoted in Worldbet.
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ure 2: Acoustic and nasal airflow signals of the sentence “Say
n/ please”. The normalized acoustic signal is plotted in the

panel; the demodulated airflow signal is plotted in the middle
el; and the static airflow is plotted in the bottom panel. The
tical bars represent phoneme boundaries.

ring the signal with a cutoff frequency at about 20 Hz. The DC
low-frequency components remain, representing the average

ic airflow as it moves in and out of the nostril during speech.
As an example, Figure 2 shows the acoustic signal, the demod-
ed airflow signal, and the static airflow signal of a sentence.
phoneme boundaries are manually marked in accordance with

acoustic signal. It can be seen from the middle panel that the
ice picks up the information of both the static airflow and the
rations. The bottom panel shows three prominent peaks of the
ic nasal airflow. The first peak is located just before the begin-
g of the sentence, the second peak corresponds to the sound /n/,
the third peak is located right after the end of the sentence. A

ht nasal inhalation can be observed as a negative signal section
ore the utterance, and a nasal exhalation is also observed after
utterance.
The negative nasal inhalation signal before the utterance in
above sample may or may not be observed in other sentences,
ause the speaker sometimes inhaled through the mouth instead
he nose. The signal of nasal exhalation after an utterance is
ays observed in each sample, but varies in both scale and slope
hange among different sentences. This variation indicates the
aker could control the release of breath in different ways.
The peaks at the beginning and the end of an utterance are

erved in all the static airflow signals of the recorded sentences.
ce all the sentences in this study begin with the consonant /s/,
se target VP status is closure, the velum has to move from its
position to close the VP port while the oral pressure increases

he beginning of an utterance. This action may push a certain
unt of air out of the nose at the beginning of the utterance.

the end of each utterance, the velum always returns to its rest
ition. When the sentence ends with a pressure consonant, such
z/ in our recordings, the air may be rapidly released from the
e, thus causing the flow peak at the end.
In order to compare the VP behaviors during the production
ifferent words, we extracted the static nasal airflow signal cor-
onding to the phoneme sequence of each word and its adja-
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Figure 3: Static nasal airflow signals of recorded words. Each
section of the signal is cut from the carrier sentence. Only the
phonemes that are adjacent before and after the word are kept.

cent phoneme contexts. Figure 3 displays these signals in different
panels. The signal in each panel corresponds to a word in Table 1.
Each column of the panels belongs to a group of words. It can
been seen that the patterns of the static nasal airflow signals within
each group are similar. Airflow peaks are present during all nasal
segments, while the signals are approximately zero during all CVC
segments. In the CVN group, the positive rise of the airflow can
start early in the vowel segment due to anticipatory coarticulation.
In the NVC group, the positive airflow drops after the nasal but
can extend into the following vowel, presenting the effect of carry-
on coarticulation. In the NVN group, the signals indicate that the
vowels are influenced by the nasals from both directions. The pos-
itive static nasal airflow signal during a vowel is an indicator of
nasalization. It can also be seen that the positive static nasal air-
flow extends into the high vowels (/i:/ and /u/) further in time than
into the low vowels (/@/ and /A/). This difference may be ex-
plained by the fact that the oral cavity of a high vowel has greater
flow resistance than that of a low vowel.

In some panels of Figure 3, a slight amount of nasal emissions
can also be observed between /n/ and /p/ segments of the signals,
which can also be explained as coarticulation effects. Finally, it
is interesting to notice that there are two adjacent airflow peaks
during the /p/ segment after the last word /z u z/. One explanation
for this is that the speaker might have added a “comma” before
the word “please” during the recording of this sentence. The two
peaks indicate the actual end and then the beginning of two adja-
cent utterances.

4.3. Summary

The analysis above shows that a quantitative measurement of the
static nasal airflow can be effectively extracted from the signals
obtained through our proposed device. The resulting signal of
the static nasal airflow contains not only the non-speech informa-
tion, such as inhalation and exhalation, but also the VP information
about the detailed time-course of nasal, nasalized vowel, and nasal
emission events during normal speech. The observations of the
VP status during speech in our experiment are consistent with the
findings of other researchers [5, 6].
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5. Conclusions
his paper, we present the design and the implementation of a
invasive device that is used to measure the nasal airflow during
ech. A small, low-cost differential pressure sensor is used to

up the dynamic pressure of the airflow. The total raw cost
he device is less than $100. The airflow signal is frequency
dulated so that it can be recorded by a generic sound card. The
ow signal is recovered by a demodulation operation. A filter-
process extracts the static nasal airflow from the signal.
The sensor is light enough to be attached to a headset. The

ge of this device does neither interfere with the articulatory
cess during speech, nor does it cause degradation of the simul-
ously recorded acoustic signal, which is critical to the further

lysis and enhancement of acoustic signals of disordered speech.
We carried out an experiment designed to verify the valid-

of the device. The obtained signals reflect various VP events
h as nasals, nasalized vowels, and nasal emissions. We expect

ake further use of this device in analyzing VP-related prob-
s in dysarthric speech and enhancing the intelligibility of such
ech.
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