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Abstract

This article presents a 16-channel microphone-array recorder/processor that allows for a simultaneous

and non-invasive detection of oral, oronasal and nasal segments in speech. Such devices and methods

have not been used in the research on the articulation of sounds in the world’s languages. In this pa-

per analysis of Polish nasal vowel was presented. Adaptive beamforming method used for rendering

three-dimensional acoustic fields of the recorded audio data has been shown.
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Introduction

There are a plenty of instrumental techniques ded-
icated to examine nasality in speech. You can get
familiar with them not only from phonetics and
phonology publications [1], but also those from
engineering and technical fields as well as clinical
ones [2].

R.A. Krakow and M.K. Huffman [1] divide
techniques of assessing nasality in speech for
three groups depending on: 1) the source of vel-
opharyngeal movements, 2) their characteristics
and 3) the effects of such movements.

The examination on assessment of the source of
velopharyngeal movements refer to muscles en-
gaged in the control of work of soft palate. One of
techniques is electromyography (EMG), in which
electrical activity connected to muscle cramps is
measured [3].

The investigation of characteristics of velo-
pharyngeal movements is made through tech-
niques of illustrating and tracing the outlines.
There are a few techniques of illustrating the area
of cramp and throat among which are: fiberoptic
endoscopy [4], where during the investigation an
endoscope with a camera registering the dynam-
ics of work of structures observed is introduced
into nasal cavity, radiography (in the tradition of
Polish phonetic studies the most important publi-
cations are those of H. Koneczna and W. Zawad-
owski [5] as well as B. Wierzchowska [6]); cur-
rently the technique of radiography is used in CAT
scans [7], nuclear magnetic resonance (MRI) [8]
and ultrasonography [9]. The outlines of speech
organs are created thanks to extraction of dynam-
ic data on the basis of localization of previously
marked points. Thanks to use of velotrace de-

vice one can monitor in mechanical way and get
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analog record of position of soft palate [10]. In the
examination using X-ray microbeam [11] or elec-
tromagnetic articulography [12] special sensors
are attached to the area of soft palate or tongue.
Nasometer uses the technique of photodetection
during the examination [13].

The last group of examination methods refers
to the effects of velopharyngeal movements. They
give aerodynamical effects as well as acoustic
ones. Aerodynamical signals can be assessed
thanks to masks that enable to estimate a medi-
um value of the flow of air from the nose [14, 15].
Acoustic signals are registered via microphones.
In TONAR-based [15] nasometers, acoustic signal
is registered parallely through two miscrophones
— oral and nasal [17]. During examination there
is a special hoop inserted on the head of speak-
er, which divides the oral and nasal canals. There
are also two separate microphones attached to it.
Currently the most modern way of registering
acoustic signal and analysis of its spacial area
during speaking is examination with microphone
matrix using beamforming technique [18, 19]. In
the contrary to above mentioned ways of exam-

ination, this one is uninvasive teqchinque (e.g.

endoscopes, myography, nasometers, Rothenberg
mask, ultrasonography), not using direct contact
with examined organ — soft palate (e.g. EMA, Vel-
otrace, myography), not requiring huge financial
resources (see MRI, X-ray microbeam) and is
based on natural position of examined person dur-
ing speech (see MRI).

The article presents the possibilities of using
the technique of adaptive beamforming in the ex-
amination and analysis of oral, oronasal and nasal

articulation.

Method

Analysis was carried out with the use of a 16-chan-
nel microphone-array recorder specially designed
and built for the purposes of the experiment. An
analysis of the spatial distribution of the acous-
tic fields in the recordings with the beamforming
technique allowed for rendering three-dimension-
al acoustic fields in the articulation of the nasal
vowels. The 16-channel circular microphone-ar-
ray and recorder/processor (MARP-16) has been
designed and built (Fig. 1).

Figure 1. Sixteen-channel microphone array recorder/processor MARP-16
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In analog section was used low noise ampli-
fiers and analog-to-digital converters with suc-
cessive approximation register (SAR), dedicated
to measuring equipment. The superiority of the
SAR technique over the sigma-delta technology
is presented in the literature [20, 21], [22]. The
acquisition and pre-processing of the recorded
audio data was realized by 32-bit floating point
digital signal processor (DSP) with Cortex M4F
core. After preprocessing stage the acquired audio
data were stored on an SDHC/SDXC memory card
in 16-channel WAV format. The multichannel re-
corder was controlled from the main computer by
opto-isolated interface for minimize noise. Com-
bining the 16-channel circular microphone array
with the adaptive beamforming method used for
rendering three-dimensional acoustic fields of the
recorded audio data. Preliminary research results
using fixed beamforming have been presented in
[18, 19]. A basic problem of fixed beamforming
is poor directivity factor in low frequency range
and undesirable side lobes [24]. The novel render-
ing method using an adaptive beamforming based
on LCMV (Linearly Constrained Minimum Var-
iance) algorithm, proposed by Frost [23]. Figure 2
show a block diagram of the LCMV beamformer
where the filter coefficients h0-hN-1 are adapted
using a constrained version of the LMS algorithm
(CLMS) [24].

¥n]
—

Figure 2. Block diagram of LCMV algorithm with
separate time alignment block

The LCMV algorithm minimizes the noise
power at the output with a constraint on the filter
response in look direction. Beampattern compar-

ing of fixed (delay-sum) and adaptive (LCMV)
beamforming for a few selected frequencies have
been shown in Figure 3. The geometry of micro-
phone array were based on the size and shape of
the Carsten’s AG500 articulograph cube in which
it was installed. The array was placed in the fron-
tal wall of the cube, in front of the speaker’s face
(Fig. 4).

The circular microphone array scanned, with the
use of the beamforming technique a 250250 mm
square plain with the resolution of Smm. In result,
a matrix with dimension 50x50 of the acoustic
field distribution was obtained. The sampling
frequency in the recorder connected to the micro-
phone array was set to 96 kHz for increase the an-
gular resolution of the beamsteering [25].

Speakers

One of the major assumptions of the experiment
was a precise selection of speakers, who, in the
opinion of a team of experts, used the careful style
of the standard variety of contemporary Polish.
To this end, it was made an attempt to extract the
relevant criteria in diagnosing normative speech
(phonetic and orthophonic criteria as well as those
deriving from the theory and practice of norma-
tive linguistics, it is also necessary to take into
account biological criteria: anatomical, functional
and perceptual) [26]. The selection of the partic-
ipants was therefore special: in accordance with
established specific normative criteria mentioned
above, 20 adult speakers of Polish (10 women and
10 men) were chosen out of a pre-selected group of
200 candidates.

Speech material

The realisation of variants of basic vowels of Pol-
ish language were examined in word-medial po-
sition, in the syllable of two-syllable words with
accent — always in the same context. Assessed
vowels were foregone with unvoiced plosive con-
sonant [p]. Due to the possibility of realisation of
Polish nasal vowels [3] and [€], a voiceless frica-
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Figure 4. Scanning of the acoustic field distribution (50x50 points) by the circular microphone array
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tive consonant [s] was a context proceeding after
analysed vowels, therefore there were connections
of the type [p'Vs], such as in the word pgsy ‘crim-
sons’ [p'3i] and peset ‘tweezers’ [p'&set]. Exam-
ined vowel was expected to be realized three times
by each speaker. Nasal vowels were assessed in
a three-time-repeat of each word, because no other
example of assumed phonetic structure was found.
Examined speakers remembered word presented
on the screen and were asked to speak out natural-
ly on the agreed signal.

Results and Discussion

Used algorithms let calculate the move of the
signal in time, as well as specify the frequency
characteristics of analyzed segments. Thanks to
that, each evaluated word got the picture of spatial
distribution of acoustic field. Figures 5a, 5b and 5¢
enable to take a look at possibilities, that analysis
with the use of acoustic camera gives.

The images illustrate the succeeding phases of
nasal vowel realization [3] in the word ‘pasy’. First
phase of articulation is realized with the use of
oral energy (Fig. 5a), the second one with simulta-
neous resonance of oral and nasal cavity (Fig. 5b),
and the last part goes exclusively in nasal cavity
(Fig. 5¢).

The diagram of spatial distribution of acoustic
field was correlated with oscillogram, spectro-
gram, 3rd order polynomial approximation and
histogram (Fig. 6). The position of articulograph
sensor fixed above the red part of the upper lip
(position 0 on the axis of spatial distribution of
acoustic field top-bottom on the diagram 6) was
taken as the point of division on the face of speak-
er. For the purpose of detection of stream of emis-
sion the threshold of decrease of acoustic pressure
which amounts to 3 dB was taken.

In each signal the vertical space was analysed
with the height of 61 mm and resolution of 1 mm.
It was divided into three areas corresponding to
different phases of articulation:

* Oral phase: acoustic signal was registered in the
area starting from -30 mm to -8 mm (22 mm), the
level of acoustic pressure was lower by at least 3
dB below 0 on the vertical axis (on the diagram
6 there is a section from 0 ms to around 70 ms);

* Oronasal phase (with simultaneous share of nasal
and oral energy): acoustic signal was registered
in the area from -7 mm to +7mm (15 mm, in-
cluding 0), the difference in pressure above and
below 0 was lower than 3 dB (on the diagram 6
there is a section from around 70 ms to around
140 ms and from around 250 ms to around 290
ms);

* Nasal phase: acoustic signal appeared in the area

Figure 5. Spatial distribution of the acoustic field synchronised with the image from video camera during realization
of nasal vowel [3] in the word pasy ‘crimsons’ in the different articulation phases: a) oral, b) oronasal c) nasal (speaker
ZK f, file 157)
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Figure 6. Spatial distribution of the acoustic field correlated with oscillogram, spectrogram, 3rd order polynomial
approximation and histogram of realization of nasal vowel [3] in the word pgsy ‘crimsons’ (speaker ZK f, file 157)

from +8 mm to +30 mm (22 mm), the level of Presented way of detecting of sources of sound
acoustic pressure was higher of around 3 dB  were used in interpretation of pronunciation of
above 0 on vertical axis (on the diagram 6 there ~ Polish nasal vowels in the onset of a word-medi-
is a section from 140 ms to around 250 ms and  al stressed syllable before consonant [s]: [3] in the

from 290 ms to 300 ms). word pgsy ‘crimsons’ and [£] in the word peset
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‘tweezers’. All together 161 realizations of both
vowels prepared by 20 speakers were examined.
The table 1 below presents the average percentage
and mean duration of distinguished phases (oral,
oronasal and nasal) in the total duration of exam-
ined vowels.

may be applied in speech therapy; in particular,
they may help diagnosticians and therapists of
dyslalia. A detailed normative description will
make it possible to accurately diagnose speech
disorders and to precisely design treatment. The
research results can be used in teaching phonetics

Table 1. The average percentage [%] and mean duration [ms] of distinguished phases (oral, oronasal and

nasal) in the total duration of examined vowels

Phase (mean)

Vowel Oral Oronasal Nasal
. 3541 % 42.86% 21.72%
bl 88.17 ms 106.72 ms 54.08 ms
. 65.09% 33.66% 1.25%
e 148.40 ms 76.74 ms 2.85 ms

The pronunciation of the Polish nasal vowels
consists of oral resonance combined with nasal
resonance. The results of the analysis clearly in-
dicate that the normative pronunciation of the
Polish nasal vowels is asynchronous in that nasal
resonance is delayed in relation to oral resonance
(such a claim appeared in certain earlier phonetic
accounts). Previous Polish instrumental phonetic
studies neither described the exclusive nasal reso-
nance phase nor provided information on the pro-
portion of particular phases in the total duration of
nasal vowels. In this light, the results presented in
the article are innovative.

Conclusions and future work

A kind of novelty in the experiment described here
was the use of microphone array, which allowed to
examine the distribution of acoustic energy during
articulation in a non-invasive way. The research
presented in the study constitutes an important
part of a normative description of contemporary
Polish pronunciation in light of numerous contro-
versies discussed over the last decades. The results

(both general and clinical), spoken word culture
at philology, pedagogy and journalism studies or
at acting departments at theatre and film schools.
They can also be applied in systems of automatic
analysis and synthesis of speech. The future goal
is a description of oral, oronasal and nasal seg-
ments in disordered speech.
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