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Measuring of the nonlinear distortion of microphones is affected by nonlinear distortion of the loudspeaker that
emits the measuring signal because of serial combination of these two nonlinear systems. This paper describes
an application of a method of nonlinear system identification in case of the series combination of two nonlinear
systems, where the first one represents the loudspeaker and the second one represents the microphone. The second
nonlinear system (microphone) is modeled by Hammerstein model, the coefficients of this model being identified
by the method. From these frequency dependent coefficients the frequency dependence of the total harmonic

distortion (THD) of the microphone is calculated.

1. Introduction

Knowing the nonlinear distortion of a microphone (total
harmonic distortion — THD) is useful in many applica-
tions. This work has been motivated by the use of low-cost
electret microphones in wireless sensor networks for noise
monitoring [1], where the nonlinear distortion can affect
the accuracy of the measurements in the higher range of
the noise level.

Measuring of the nonlinear distortion of microphones
is affected by nonlinear distortion of the loudspeaker be-
cause of serial combination of these two nonlinear systems
(see figure 1). This is the reason why we cannot consider
that measuring of nonlinear distortion of the microphone
is standard analysis of one nonlinear block with known in-
put signal z(t) a output signal y(¢) as it is presented in
[2] and [3]. The application of nonlinear system identifica-
tion in the case of the series combination of two nonlinear
systems based on method presented in [4] and using swept
sine method for identification presented in [2] and [3] is
proposed herein. Using these methods we can describe the
microphone (the second nonlinear system) by Hammer-
stein model and calculate coefficients of this model. Know-
ing this coefficients we can model the microphone output
voltage for every harmonic component using Hammerstein
coefficients and acoustic pressure at microphone input.
From the voltage amplitude of harmonic components we
can easily calculate frequency dependence of THD of the

X(t)

O—>

u(t) y(t)

%

NL,

NL,

Figure 1: Two nonlinear systems in series

Prijato 7. listopadu 2017, akceptovano 20. kvétna 2018.

microphone, which is not affected by the nonlinear distor-
tion of the loudspeaker [5, 6].

This Introduction is followed by section 2 where the
method used herein to obtain the frequency dependent
THD is briefly described. The section 3 presents the ex-
perimental setup and results. After the Conclusion the
method for identification of the coeflicient of the Hammer-
stein nonlinear model is shortly reviewed in the Appendix.

Figure 2: Two nonlinear systems in series, the second one
represented by a generalized Hammerstein model

2. Theoretical background

In this paper we propose an application of the method
of nonlinear system identification [4], which is shortly re-
viewed in Appendix, for identification of nonlinear distor-
tion of microphone. In this case, we can also use general
schema of nonlinear systems in series, as shown in figure 2,
where NL; is the loudspeaker and N L is the analyzed
microphone described by the Hammerstein model of non-
linear system in this application.
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For creating the Hammerstein model of the microphone
we need to know signals x(t), y(¢) and u(t), as shown in
Appendix. Signal z(t) (generated measuring signal sup-
plying the loudspeaker) is generally known, signal y(t) is
the signal from the analyzed microphone. In order to cap-
ture the signal u(t) we need to use a calibrated a reference
microphone whose nonlinear distortion is negligible com-
paring to the one of the measured microphone. The refe-
rence microphone is placed as close as possible to the mea-
sured microphone. This arrangement is necessary because
of minimization of acoustic pressure difference between mi-
crophones.

The exciting exponential swept-sine signal is used for
supplying the loudspeaker. The coefficients of the Ham-
merstein model are calculated from the signals captured
on both microphones using procedure described in the Ap-
pendix. However, these coefficients describe only transmis-
sion of harmonic components, so these coefficients can not
be used for comparison of nonlinear distortion between
microphones.

For comparison between the microphones we need
to calculate THD frequency dependence of the mea-
sured microphone. If the input signal x(t) is defined as
x(t) = P.sin(wot), where P is amplitude of the acoustic
pressure and wy is angular frequency, defined as wy = 27 f,
then the Fourier image of the output signal y(t) of mea-
sured microphone can be calculated using Hammerstein
model as

Y (w) = G1(w) P F(sin(wot)) + G (w) P? F(sin®(wot)) +
G3(w) P? F(sin®(wot)) + ..., (1)

where F(.) represent the Fourier transformation and
G, (w) are the coefficients of Hammerstein model as de-
scribed in the Appendix. The Fourier images of the sine
function and its second and third power are given by [7]

F(sin(wot)) = —j(s(w ;’ wo) jé(w ; w0)7 @)
]:(Si]fl2(o.)0t)) = — 5(&) —ZZWO) 5(;) _ 6(0‘} _42(*)0), (3)
f(sin3(wot)) = j%(S(w + 3wo) —jw +

s —w) 1 W

The amplitudes of the DC component and the first, second
and third harmonics can be expressed as follows

‘/0 = %GQ(O)P23 (5)
Vi(wo) = G1(wo)P + 2G3(wo)P3, (6)
Va(2wo) = 3iG2(2wo) P?, (7)

V3(3wo) = —2G3(3wo) P3. (8)

Now, we can use the amplitudes calculated using formulas
(5-8) for calculating THD, defined as

VIVaP + Vol 4+ Vo ?

THD =
Vi

9)

100,

respective the frequency dependence of THD, defined as

VIV @) + [VaBw) + - -+ [V (nw)

THD(w) = -100
[Vi(w)]
(10)
in percentages [8].
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Figure 3: Scheme of measuring setup

3. Experimental results

Whole measurement was performed using setup shown in
figure 3. The exponential swept-sine in range 15 Hz to
15 kHz, defined in [2, 4], generated in MATLAB soft-
ware was used as the exciting signal. The loudspeaker
Visaton K28WP 8 () was supplied by this signal through
the Steinberg audio interface UR22 and the power am-
plified TDA7233. Both the analyzed and reference micro-
phones were placed in a small cavity of volume 7.1-:107% m3
connected with the acoustic output of the loudspeaker by
a narrow hole in order to achieve spatially uniform and
relatively high acoustic pressure at the input of the mi-
crophones even with the small low-cost loudspeaker. The
measured microphone is the low-cost electret microphone
MCA 2500 with the circular membrane of the dimensions
similar to the standard 1/4” microphones. The signal from
this microphone is amplified by a preamplifier containing
the operational amplifier TS971 with gain of 11. Thus, the
nonlinear distortion of the serial combination of the mea-
sured microphone and the preamplifier is measured using
this setup. However, in most of applications the pream-
plifier is always present, therefore it is logical to measure
the distortion of the whole system containing the micro-
phone and the preamplifier. Moreover, the nonlinearities
caused by the preamplifier are supposed to be negligible
comparing to the nonlinearities originating in the mea-
sured microphone. The measuring calibrated microphone
B&K DeltaTron Pressure-field 1/4” type 4944B with B&K
amplifier 1704 (the gain being set to x10) was used as the
reference microphone. Note that this type of microphone
is well suitable for the measurements at high acoustic pres-
sures having an upper limit of dynamic range of 169 dB
with 3 % THD at this level. Therefore the distortion of
the reference signal path (reference microphone and the
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B&K amplifier) can be considered negligible comparing to
the distortion originating in the measured microphone sig-
nal path. Signals of both microphones were captured by
analyser Briiel Kjaer Photon+ (whose contribution to the
distortion of both signal paths is supposed to be negligi-
ble) and digitized using 96 kHz sampling frequency. Mea-
sured data, were imported to the MATLAB software and
processed using proposed method.

The coefficients of the Hammerstein model G,,(w) were
calculated using the method described in Appendix. The
frequency dependence of these coefficients in full range is
shown in figure 4 (the physical meaning of the coefficients
being equivalent to the acoustic pressure sensitivity, thus
the unit of the coeflicients being V/Pa). However, the coef-
ficients out of the range 100 Hz — 5 kHz are significantly
affected by noise. This can be caused by the following rea-
sons: i) the small loudspeaker is not able to emit suffi-
ciently high level of measuring signal at low frequencies,
ii) the measurement has been performed in standard room
with some level of background noise which is concentrated
at low frequencies and iii) the narrow hole connecting the
loudspeaker and the cavity containing both microphones
act as a low-pass filter, which causes an important at-
tenuation of the measurement signal at high frequencies.
Figure 5 shows the spectrum of the signal on the refe-
rence microphone (black line) compared with the spectrum
of the background noise (grey line). At the low frequen-
cies the signal seems to be high enough, but the signal to
background noise ratio is poor. The measurement signal is
highly attenuated above approximately 2 kHz. Therefore
it seems that the reason i) is not relevant here but the
reasons ii) and iii) play an important role.

From the coefficients of the Hammerstein model the
THD has been calculated according to the procedure de-
scribed in the section 2. Frequency dependence of THD,
modelled for incident acoustic pressure of 117,5 dB SPL,
is shown in figure 6 in the frequency range of 100 Hz to
5 kHz. Two curves in this figure represents the THD cal-
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Figure 4: Frequency dependence of the estimated first
three coefficients of the Hammerstein model G,,(w)

culated using G and G3 (grey curve) and using Go only
(black curve) owing to the fact that the coeflicient cor-
responding to the third harmonic G5 is more affected by
the noise then the one corresponding to the second har-
monic Go and that the second harmonic should theoreti-
cally predominate in the electrostatic transducers [5, 6].
Both curves are affected by the noise present in the es-
timated values of the coefficients G2 and G, this noise
being “amplified” by the multiplication with the second
and the third power of the amplitude of the input signal
P in the equations (7) and (8). However, it can be seen
that the estimated value of THD, regardless the noise, is
slightly above 10 %, which is realistic value for this type of
microphones. The method then shows a good potential to
yield useful results provided that a better signal to noise
ratio is reached. This can be achieved in future works by
the free-field measurements in acoustically controlled con-
ditions using the full-range powerful loudspeaker.
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Figure 5: Spectrum of the reference microphone signal
compared with the spectrum of the background noise

4. Conclusion

The application of the method of identification of non-
linear systems to the measurement of the nonlinear dis-
tortion of low-cost microphones is proposed herein. Using
this method the parameters of the Hammerstein model of
the microphone can be found. From this model the fre-
quency dependent harmonic components of the output
voltage and thus the frequency dependent THD of the
microphone can be calculated for various input acoustic
pressures. The requirement for high signal to noise ratio
is the partial disadvantage of this method. The presence
of the noise in the captured signal in the low and high fre-
quency range is also the reason why in our measurement
only the part between approximately 100 Hz and 2 kHz is
correct.

Improvement of the noise immunity and extension of
the frequency range of applicability of the method will be
studied in the future work.
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Figure 6: THD vs. frequency in range 100 Hz — 5 kHz
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Appendix — A brief description of general
method of identification of nonlinear sys-
tems in series [4]

Two nonlinear systems (NLS) connected in series are con-
sidered, as depicted in figure 1, where z(t) represents the
input signal of the system, u(t) represents the output sig-
nal of the first NLS and y(t) represents the output signal
of whole system.

The method of nonlinear identification [4] allows the
identification of the second NLS. The second NLS can be
described by N-th order generalized Hammerstein model
[2, 4], as depicted in figure 2. The identification of the
system is then equivalent to estimating the linear filters
transfer functions G, (f), which describe transmission of
n-th harmonic, n = 1,..., N. The estimating can be per-
formed using the known signals z(t), u(¢) and y(¢) and the
formula

[H ()

()|

L1 ()

(" (f) H"(f 1" (D] 16

HY" 2 (f) HE () e HY ()] | Galh)
(A1)

The components Hl(y’r), l=1,...,L, are the Higher Har-
monic Frequency Responses (HHFRs) [4] estimated be-
tween the signals y(t) and x(¢) using Synchronized Swept-
Sine Method [9], similarly components Hl(un’m) are the
HHFRs [4] estimated between the signals u(t) and x(¢).
Matrix of components G, (f) is the matrix of the coeffi-
cients of the Hammerstein model. The equation A.1 can be
solved using square matrix inversion under the condition
that N = L.
For more information about the method refer to [4].
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Environmental noise caused by road, railway and air traffic and industrial sources is an issue which is influencing
the well-being of many inhabitants in the EU member states. Numerical methods are suitable for modelling the
sound propagation in complex cases in which widely used empirical or semi-empirical methods fail. The boundary
element method (BEM) promises to converge to the solution of the Helmholtz partial differential equation. On
the other hand, the BEM is quite time demanding, especially in real-scale 3D cases. In this paper, the convenience
of two alternative methods, the fast multipole boundary element method (FMBEM) and the edge source integral
equation (ESIE) for the assessment of environmental noise levels is presented. Two test cases are studied with
different levels of discretization: a cube and a noise barrier. The computation time, the relative error convergence
and the method comparison are plotted for each test case. The paper demonstrates that while an accurate solution
is obtained easily for a small test case (a cube) with an ordinary computer and all methods agree well for this
test case, obtaining the solution of a large-scale test case (a noise barrier) with desired accuracy is excessively

time-demanding.

1. Introduction

Noise is considered to be a challenging problem both
by the European Parliament and local authorities of the
Czech Republic. An important legal document for the
noise mapping is the Directive 2002/49/EC [1] which
started the process of strategic noise mapping and conse-
quent preparation of action plans in member states of the
European Union. Directive 2002/49/EC is dealing with
the noise caused by road, railway and air traffic and in-
dustrial noise sources and recommends interim methods
of noise prediction.

Strategic noise mapping raised a question of choos-
ing a common method for predicting the sound pressure
levels caused by noise sources described in the Directive
2002/49/EC. The first developed method for this purpose
was Harmonoise [2]. Harmonoise was verified both by mea-
surements and a combination of numerical methods (Har-
monoise Reference model [3]). The Harmonoise Reference
model used the parabolic equation for modelling the atmo-
spheric refraction, a ray model for modelling the sound
propagation and the boundary element method for ana-
lyzing the sound propagation in cases of complex obsta-
cles.

Nevertheless, Harmonoise was not chosen as a common
method for the strategic noise mapping, probably because
of its excessive complexity. For this purpose, the method
CNOSSOS-EU was developed [4]. However, the strategic
noise mapping itself does not provide any noise mitiga-
tion. Particular measures should be stipulated by action
plans. Ref. [5] claimed that noise barriers belong among

Prijato 3. brezna 2016, akceptovano 13. ¢ervna 2018.

the most effective ways to decrease the influence of traf-
fic noise. Ref. [5] also categorized noise barriers among the
least cost-efficient measures. Methods described in this pa-
per are suitable for optimized noise barrier design as it is
demonstrated on a noise barrier case study.

2. Fundamental Theory

An overview of the fundamental theory for three numeri-
cal methods (BEM, FMBEM and ESIE) is given in this
section. All described methods are valid for homogeneous
conditions of the sound propagation, as governed by the
Helmholtz partial differential equation (PDE), which is
a second order PDE [6]:

p
02

0? 0?
T )

oyz 022 (1)

where k (m~!) is the wave number, p (Pa) is the acoustic
pressure and z, y, z (m) are axis coordinates.

This PDE can be reformulated into the Kirchhoff-
Helmholtz (K-H) integral, using Green’s theorem. This
K-H integral gives the sound pressure in a point P as an
integral over contributions by the sound pressure, p(Q)
and the normal velocity, v(Q), on an enclosed boundary

S [7]:

e = [ |
ikzov(Q) G(P, Q)} dS + 4np! (P), (2)

0G(P, Q)

n p(Q) +
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where C(P) (-) is a geometrical constant, P is a point
in the sound field, @ is a point on the boundary, G(P, Q)
is the Green’s function relating points P and @, n is the
normal unit vector on the boundary, i is the imaginary
unit, zo (Pa.s.m™!) is the characteristic impedance of the
medium and p’ (Pa) is the incident sound pressure.

The Green’s function, G(R), describes sound radiation
from a point source in a free field [7]:

e—ikR

G(R) = S,

3)

where R (m) is the distance between the point source and
the receiver.

The boundary element method (BEM) and the fast mul-
tipole method (FMBEM) belong to the category of wave-
based methods, which solve Eq. (2), while the edge source
integral equation (ESIE) is an extension of geometrical
acoustics, decomposing the sound field into direct sound,
reflected sound and diffraction of first and higher orders.

The FMBEM is based on the BEM approach but it
adds an element clustering algorithm and calculates the
interaction between element clusters. Speeding up the cal-
culation is also achieved by adding the expansion of the
Green’s function for the far field interaction, iterative
solvers, collocation points, etc. The ESIE uses the concept
of edge sources and studies the sound scattering for con-
vex 3D bodies. Analyzing concave bodies is problematic
due to a phenomenon called the slope diffraction [8].

A broadband sound spectrum can be decomposed into
a sum of pure tones. All the following methods are valid
for pure tones. The Fourier transform is written [9]:

Flk,) = /_ T (@) ekendg, (1)

where F'(k;) is the Fourier transform of a function f(x),
k. (m~!) is the wave number and z (m) is the distance of
the travelling sound wave.

2.1. Boundary Element Method

The BEM solves the Kirchhoff-Helmholtz integral for scat-
tering or radiating problems, Eq. (2), in two steps. Acous-
tic variables are found on the domain boundary in the first
step and in field points in the second step. The boundary
domain is discretized into elements and the sound pressure
is calculated in element nodes and integrated across the
element. In both steps, the Green’s function, Eq. (3), is
employed to calculate the incident sound pressure.

Eq. (2) expresses that the normal velocity and the sound
pressure on the boundary are related and therefore, only
one of them or their ratio can be independently defined.

After prescribing Egs. (2) and (3), the acoustic vari-
ables on the boundary are found as a solution of a matrix
equation [10]:

Cp = Ap + ikzBv + 47p’, (5)

where C is a coefficient matrix containing the geometrical
constant C(P), A and B are coefficient matrices resulting
from kernel Egs. (2) and (3). p and v are matrices con-
taining the sound pressure and the normal velocity and p!
is a matrix containing the incident sound pressure.

The second step of the BEM calculation, in which the
sound pressure in field points is found, is performed by in-
tegrating Eq. (2) again because Eq. (2) already defines the
sound pressure in field points when the acoustic variables
on the boundary are known.

In this paper, the implementation of the boundary
element method OpenBEM [11] is used. OpenBEM is
a collection of open-source Matlab codes for solving
acoustical problems in 2D, 3D or axi-symmetric settings.
OpenBEM makes use of the direct collocation method
which is operating directly with the acoustic variables
(acoustic pressure and velocity) [10]. Another option is the
indirect variational method which substitutes the acoustic
variables with parameters storing the variation of acoustic
variables across the boundary [10].

OpenBEM provides a mesh generator only for axi-
symmetric or 2D problems but a mesh for a 3D problem
can be generated by the open-source software GMSH [12].

OpenBEM is a practical tool as it was demonstrated,
besides other examples, by usage of the OpenBEM for the
design of the Briiel & Kjaer sound intensity calibrator Type
4297 [13].

2.2. Fast Multipole Boundary Element Method

The FMBEM is implemented as a part of the OpenBEM,
even though it is still an experimental package which is
not advertised on the OpenBEM webpage.

The fast multipole method is a relatively recent method
[14] which is speeding up obtaining the solution of the
Kirchhoff-Helmholtz integral. The FMBEM is based on
an assumption that the solution is needed only with cer-
tain accuracy and it is intended for large scale problems.
The FMBEM has its usage in electrostatics as well as in
acoustics.

Unlike the conventional BEM, the FMBEM demands
a lot of pre-processing before the sound pressure in colloca-
tion points is calculated. It is crucial for the pre-processing
to be performed in an efficient way [15].

The FMBEM calculation process might be split into
these steps [15]:

o The surface (i.e. the boundary) is divided into ele-
ments. This step is done in the same way as in the
boundary element method.

o Clustering algorithm — surface elements are grouped
together to constitute clusters.

o The multipole expansion is used to model the acoustic
interaction of clusters which are considered to be far
from each other.



Akustické listy, 24(1-2), ¢erven 2018, str. 7-14

© CsAS J. Slechta, U. P. Svensson: Numerical Techniques. . .

o If the clusters are considered close to each other, the
acoustic interaction is modelled with the ordinary
BEM.

o The system of equations is solved with an itera-
tive solver which is another tool for speeding up the
FMBEM calculation. The sound pressure is calcu-
lated in the element collocation points and not in the
nodes as by the ordinary BEM.

o The sound pressure in field points is obtained.

The fast multipole method is based on the multipole
expansion which is related to the Green’s function. This
function comes out from the Gegenbauer’s addition theo-
rem which can be written as [16]:

o—ikla+d]

o0
———— = —ik > (2 + 1)(=1) hi (k|a]) j, (k|d]) Pi(a - d),
a+ J‘ 1=0

) (6)
where |@ + d| is the distance between two points whose
acoustic variables are put into a relation, k (m~!) is the
wave number, @ and d are unit vectors of @ and CZ: hlz is the
spherical Hankel function of the second kind and order [,
j; is the spherical Bessel function of the first kind and
order [, P; is a Legendre polynomial of order L

Eq. (6) is a mathematically correct infinite sum and
works well when |@| > |d|. Unfortunately, this infinite sum
must be truncated in real calculations. Hence, an approxi-
mation in the calculation occurs and usage of the fast mul-
tipole expansion means that the result is always approxi-
mated.

The infinite sum is truncated after a specific number of
terms M which determines the speed of algorithm and pre-
cision. When the number of terms is low, the calculation
is running fast but the precision suffers.

Quite a popular semi-empirical equation was developed
to estimate the necessary number of evaluation terms My
[14]):

Md =2k ‘Jmax (7)

T (2
+ g (2 |dma

+7T),

where Jmax is the length of the largest d and 7 is the
demanded precision.

While the ordinary BEM makes use of classical Gauss
elimination, the FMBEM does not explicitly express ma-
trices which could be converted in a triangular shape. The
FMBEM is also intended to work with high speed and that
is why an iterative solver is needed.

Matlab contains an inbuilt function for the generali-
zed minimum residual method (abbrev. GMRes) which is
a suitable iterative solver for this task. The GMRes tries
to solve a system of linear equations in the shape Ax = b
where A is a square n by m matrix, b is a column vector
of length n and x is the result vector.

GMRes accepts these input parameters (except others):
the maximum number of iterations before the restart, the

maximum number of restarts and the predefined calcula-
tion tolerance. GMRes is restarted after an input number
of iterations.

The temporary result after the predefined number of
iterations is used in a new calculation cycle. A low number
of iterations before the restart means that the solver is
converging slowly but, on the other hand, a high number
of iterations demands a large amount of memory.

2.3. Edge Source Integral Equation

The ESIE is a numerical method and Matlab toolbox
published under the terms of GNU General Public License
(also noted as the edge diffraction toolbox [17]).

The ESIE is based on geometrical acoustics and does not
have non-uniqueness problems for the exterior domain as
the BEM in which the BEM demands so-called CHIEF
points (for further details see Ref. [18]). On the contrary,
the ESIE has problems at certain numerically challenging
receiver positions [19]. The ESIE also does not take into
account the phenomenon called the slope diffraction which
makes the ESIE inaccurate for non-convex shapes [8].

The edge source integral equation is based on the sound
field decomposition into geometrical acoustic components
(direct sound pg;; (Pa) and specular reflections p,er (Pa)),
the first order diffraction paig,1 (Pa) and the sum of n
higher orders of diffraction paig,, (Pa):

(8)

n
Psum = Pdir + DPref + Ddiff,1 + Zpdiff,ia
i=2

where psum (Pa) is the resulting sound pressure in a re-
ceiver.

The direct sound is calculated with the Green’s function
(see Eq. (3)), with an additional visibility factor, which
is 0 or 1. Specular reflections are modelled with mirror
sources, that are also subject to visibility factors. It is
possible to calculate scenarios with a Neumann boundary
condition.

The first order diffracted sound is specified by a line
integral over the set of edges T' [20]:

1 e—ikrR,z e—isz,s
Pai1 = — / v, VR:V.s
T Jr TR,z 72,8
B(R,z,S)ds., (9)

where v, () is the wedge index of a wedge containing
the point z, R is the receiver, S is the source, r, 4 is the
distance between points a and b, V,, is a visibility factor
between points ¢ and b and B(R,z,S) is the directivity
function.

Higher orders of diffraction are defined as [20]:

1 e—i}’crﬂ,z2 e_ikTR,zl
Pdiffn = ——7— / / Q(Zl,zz) : sVt
4 Jr Jr T21,22 TR,z1

B(R, 21, 22)ds,, ds.,, (10)
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where ¢(z1, 22) is the edge source signal which can be cal-
culated from an integral equation [20]:

e_ikrz%z

1
q(21722):qo(21,22)—ﬂ/q(2272)7"/2'
I

TZQ,Z
ﬁ(2’1,22,2) dSZ7 (11)

where go(z1, 22) is the term expressing a contribution from
the sound source [20]:

VQ e—isz,s

Cdr

ﬂ(zl,ZQ,S). (12)

qo(21, 22) = s
A sound source amplitude has been assumed in Egs. (9)
and (12).

3. Test cases

Two test cases are demonstrated to analyze properties of
three used numerical methods: a cube and a noise barrier.
Test case geometry, time convergence, relative-error con-
vergence and method comparison is plotted for each test
case.

Computation time is measured by Matlab stopwatch
functions tic and toc. The time is displayed as a function
of the number of elements to show how the computation
time increases. The computation time is also presented in
two tables.

Each method’s relative error is presented as a function
of the computation time. The relative error is calculated
in two receivers for both cases. The reference result is al-
ways the result computed with the same method, with
the highest number of mesh elements for the BEM and
FMBEM, or the highest number of edge points for the
ESIE. The relative error, €, (), is defined as:

(13)

where p (Pa) is the sound pressure in the receiver for the
relevant mesh and pof (Pa) is the reference sound pressure.

Methods are compared in the last figure for both cases.
The method comparison for the cube test case is supposed
to show that there are not significant differences in the
insertion loss obtained by the used methods. The insertion
loss is defined as the sound pressure level in the free field
relative to the sound pressure level with the obstacle.

The comparison for the noise barrier test case is sup-
posed to show that a convergence to the result with
the demanded precision in the large-scale test case needs
high amount of calculation time. The comparison between
methods is done with the mesh of highest density (10204
elements for the cube and 19092 elements for the noise
barrier) or the highest number of integration points (70 in-
tegration points per edge for the cube and 140 integration
points per longest edge for the noise barrier).

All calculations were carried out on a desktop computer
with an operating system Windows 10 and a processor
Intel(R) Xeon(R) 3.4 GHz and 8.0 GB RAM.

10

3.1. Cube

The modelled cube together with receivers is shown in
Fig. 1. The receivers are placed along a circle around the
cube with the diameter 2.0 meters in the plane z = 0. The
source is placed at coordinates 10° - [1, 1, 1]. The source
is situated far from the cube in order to approximate the
sound wave as a plane wave. The cube edge is 1.0 meter.
The frequency of the source is 500 Hz and the sound speed
is 344 m/s.

Cube

Figure 1: Geometry of the cube test case. Receivers are
placed in a circle and marked with blue color. The plotted
mesh has 624 triangular elements

The computation time which is needed for finding the
solution in field points for the BEM and FMBEM is shown
in Tab. 1 and plotted in Fig. 2.

Test Mesh Calc. time (s) Saved

case elements FMBEM BEM time (%)
624 27.2 37.3 27.0
744 35.1 47.1 25.6
1096 51.2 82.5 38.0

Cube 1480 74.5 130.0 42.7
3124 143.9 473.3 69.6
6260 308.4 1880.8 83.6
10204 545.5 4625.2 88.2

Table 1: Number of mesh elements for the cube test
case and corresponding calculation time for the BEM and
FMBEM and time savings for the FMBEM

The ESIE divides the edges into integration points
which are not uniformly distributed, like the nodes in the
BEM mesh, but rather follow a Gauss-Legendre discretiza-
tion scheme. That is why it is convenient to display the
ESIE convergence in a different graph with the number of
integration points on the z-axis. The calculation time for
the ESIE is shown in Tab. 2 and plotted in Fig. 3.

The relative error convergence (relative error as a func-
tion of the calculation time) is displayed in Fig. 4 for the
BEM and FMBEM and in Fig. 5 for the ESIE. The re-
ceiver R1 has coordinates [1.97, 0.36, 0] and the receiver
R2 has coordinates [—0.65, —1.89, 0].
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Figure 2: Computation time as a function of the number
of elements for the BEM and FMBEM for the cube test
case. The number of elements to the power of 2 and 3/2

Test Edge Calc. time (s):
case points ESIE

10 6.9

20 10.3

30 17.2
Cube 40 29.1

50 58.4

60 102.8

70 163.6

Table 2: Number of edge points for the cube test case and
corresponding calculation time

——ESIE

W)

q 5

100 1
d

10 20 30 40 50 60 70
Number of edge points per edge [-]

Computation time [s]

Figure 3: Computation time as a function of the number
of edge points per edge for the ESIE for the cube test case.
The number of edge points per edge to the power of 3

Fig. 4 compares the BEM and FMBEM relative error
and shows that the BEM needs more time for converging
with demanded precision. The ESIE lowest relative error
in Fig. 5 is of order 10~° while the BEM and FMBEM
lowest relative error in Fig. 4 is of order 1073. It is pre-
sented in graphs and tables that the ESIE converges sig-
nificantly faster than the other methods. The last relative
error value (for 10204 mesh elements or 70 edge integra-
tion points) is used as a reference result in Fig. 4 and Fig. 5
and it is not presented in graphs. It is worth to mention
that an analytical solution of the Helmholtz equation for
the cube case is not available.

107!
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—O—FMBEM: R1

: —O—FMBEM: R2

8 107
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103
10! 10 10° 10*

Computation time [s]

Figure 4: The relative error as a function of the compu-
tation time for the BEM and FMBEM and the cube test
case. Reference result is the sound pressure calculated with
the highest number of mesh elements
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Figure 5: The relative error as a function of the computa-
tion time for the ESIE and the cube test case. Reference
result is the sound pressure calculated with the highest
number of edge points

The method comparison is presented in Fig. 6. The in-
sertion loss is displayed as a function of the receiver num-

21 [—BEm
sl [T ruEm
z 15[ [——=sE
=2
2 1
L
g 0s
£
l@’ 0
0.5
1 . . . . .
0 1 2 3 4 5 6

Receiver angle [rad.]

Figure 6: The method comparison: the insertion loss as
a function of the receiver angle for the cube

11



J. Slechta, U. P. Svensson: Numerical Techniques. . .

© CsAS

Akustické listy, 24(1-2), ¢erven 2018, str. 7-14

ber (receivers are located along a circle with a step of
0.02 radians). The comparison is shown in Fig. 6 for the
densest mesh and the highest number of edge integration
points. Fig. 6 shows that there are minor differences in the
insertion loss obtained by the used methods for a small
scale test case.

3.2. Noise Barrier

The noise barrier is a very typical test case, even though
with the high source frequency and high dimensions, it is
time demanding to perform calculations for this test case.

The modelled noise barrier is shown in Fig. 7. Receivers
are placed in positions [X, 0, 0] where X goes from 0.15
to 20.15 with a step of 0.1 (i.e. in front of the noise bar-
rier). The sound source is placed in [—5, 0, 0] (i.e. be-
hind the noise barrier). Dimensions of the noise barrier
are 0.25 m (width), 10.0 m (length) and 2.0 m (height
above the ground). The modelled noise barrier height and
the sound source power is intentionally doubled to simu-
late a rigid ground. The frequency of the source is 500 Hz
and the sound speed is 344 m/s.

Noise Barrier

Figure 7: Geometry of the noise barrier test case. Receivers
are placed along a line and marked with blue color. The
noise barrier mesh has 1068 triangular elements

The number of elements in used meshes is shown in
Tab. 3 together with the calculation time for the BEM
and FMBEM. Time savings are increasing with the mesh

Test Mesh Calc. time (s) Saved
case elements FMBEM  BEM time [%)]
1784 96.7 159.6 39.4
2312 114.0 247.9 54.0
Noise 3340 164.2 480.3 65.8
barrier 4704 252.4 904.9 72.1
7764 420.6 2367.3 82.2
14428 1000.2 8336.5 88.0
19092 1511.5 14083.7 89.3

Table 3: Number of mesh elements for the noise barrier
test case and corresponding calculation time for the BEM
and FMBEM and time savings for the FMBEM

12

size. Fig. 8 demonstrates that the computation time of the
BEM is increasing with the power of 2 while the compu-
tation time of the FMBEM is rather increasing with the
power of 3/2 of the element number.

10°

=,

Q

£

=]

=]

2

=

é 10° O/e/e/e/e/e/e
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—&— Power of 3/2

10° 10*

Number of elements [-]

Figure 8: Computation time as a function of the number of
elements for the BEM and FMBEM for the noise barrier.
The number of elements to the power of 2 and 3/2

The ESIE calculation time is described in Tab. 4 to-
gether with the number of edge points. The computation
time as a function of the number of edge points for the
ESIE method is shown in Fig. 9. The calculation time
for the ESIE and this test case is increasing with the 3rd
power of the edge points number.

Test Edge Calc. time (s):
case points ESIE

20 13.1

40 28.8

60 97.5
Noise
barrier 80 225.5

100 428.0

120 707.9

140 1077.4

Table 4: Number of edge points for the noise barrier test
case and corresponding calculation time

—6— Power of 3

P_G:Si]ie/e/e/e/e/(
’/e/e/e/é/e/‘)

20 40 60 80 100 120140
Number of edge points per edge [-]

o,-.
Hf\

Computation time [s]
o

Figure 9: Computation time as a function of the number
of edge points per edge for the ESIE and the noise barrier.
The number of edge points per edge to the power of 3

The relative error is calculated with Eq. (13). The refe-
rence value is obtained with 19092 mesh elements for the
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BEM and FMBEM and 140 edge integration points for
the ESIE. The relative error convergence for the BEM
and FMBEM is shown in Fig. 10 and the relative error
for the ESIE is shown in Fig. 11. The receiver R1 has co-
ordinates [10.05, 0, 0] and the receiver R2 has coordinates
[20.05, 0, 0].

10°

—6—BEM: RI
—6—BEM: R2
—E— FMBEM: R1
—E— FMBEM: R2

Relative error [-]

Computation time [s]

Figure 10: The relative error as a function of the computa-
tion time for the BEM and FMBEM and the noise barrier.
Reference result is the sound pressure calculated with the
highest number of mesh elements

—O—ESIE: R1
0 —O—ESIE: R2
10° b :
£
=}
5107
[}
&=
=
21072
103
10! 10 10°

Computation time [s]

Figure 11: The relative error as a function of the compu-
tation time for the ESIE and the noise barrier. Reference
result is the sound pressure calculated with the highest
number of edge points

Fig. 10 shows excessively high calculation time for the
BEM. The last relative error seems to be reasonable since
it is lower than 0.05 for both BEM receivers. Convergence
of the FMBEM is quite scattered as it is also shown later
in the method comparison.

Both Fig. 5 and Fig. 11 show that the relative error
convergence of the ESIE is straightforward. The BEM for
a small test case converges also continuously even though
geometrical singularities which increase the relative er-
ror can be found. The trickiest method is the FMBEM
which converges dependently on the clustering process.
The FMBEM also needs more input parameters, e.g. the

number of iterations before truncating the infinite series
(Egs. (6) and (7)) and input parameters for the GMRes
solver.

The method comparison is shown in Fig. 12 for 19092
mesh elements for the BEM and FMBEM or 140 edge inte-
gration points for the ESIE. Maximum difference between
the ESIE and BEM is 0.86 dB and the maximum differ-
ence between the FMBEM and BEM is 4.55 dB. Maxi-
mum calculation time for the BEM is 3.9 hours compared
to 25.2 minutes for the FMBEM and 18.0 minutes for the
ESIE.
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Figure 12: The method comparison: the insertion loss as
a function of the receiver distance for the noise barrier

While the BEM and ESIE in closed proximity to the
noise barrier work well, the insertion loss obtained by
the FMBEM does not agree with other methods near to
the noise barrier and rapidly decreases very close to the
surface. Fig. 12 shows that the used FMBEM implemen-
tation lacks the near-singular integration. This behaviour
occurs when the receiver is very close to the calculated
element. The characteristic element length is 0.11 meters
which means that 6.25 characteristic element lengths per
wavelength are used.

4. Conclusions

Three numerical techniques have been demonstrated in
the paper in order to assess the environmental noise atte-
nuation. The first is an ordinary BEM which is very well
tested and implemented as the open-source Matlab codes
OpenBEM.

The second method is an experimental extension of the
OpenBEM for the FMBEM. Setting of the FMBEM is
very individual for each test case compared to the ordi-
nary BEM. It is an important and not a trivial issue to
carefully choose the right number of evaluation terms of
an infinite sum (see Egs. (6) and (7)) and also parameters
of GMRes solver (i.e. the number of iterations before the
restart, the maximum number of restarts and the calcula-
tion tolerance).

The last used method is the ESIE which is implemented
as the “Edge diffraction toolbox”. The paper has shown

13
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that it is the ESIE which has quite ambitious perspectives.
The presented research has indicated that the calculation
time necessary for the convergence of the ESIE is shorter
than the time of the FMBEM and significantly shorter
that the time of the BEM.

The ESIE or FMBEM does not have potential to replace
the boundary element method. The reason is that the
BEM claims to converge to the solution of the Helmholtz
differential equation. The ESIE also shows problematic
behaviour in several receiver positions as described in
Ref. [19]) and has issues for solving non-convex bodies [8].
The FMBEM is using several algorithms which are signi-
ficantly increasing the computational speed. On the other
hand, these algorithms are by their definitions approxi-
mate and the FMBEM converges to the result only with
certain accuracy.
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Alofonicka variabilita v ¢estiné z pohledu recové syntézy

Allophonic Variability in Czech from the Perspective of Speech Synthesis
Radek Skarnitzl

Univerzita Karlova, Filozoficka fakulta, Foneticky tstav — ndm. Jana Palacha 2, 116 38 Praha 1

This study examines the allophonic variability of the consonant system of Czech from the perspective of con-
catenative speech synthesis. Systematic variants exist for several Czech phonemes; these concern the place of
articulation (such as the alveolar and velar variant of /n/), voicing (the voiced and voiceless variant of the fri-
cative trill /§/), or the syllabicity of /r/ and /1/. So far, these variants were identified in the inventory of the
ARTIC synthesis system as separate units, but pooled before unit selection. In this study, an incorrect variant was
force-synthesized into target words (e.g., an alveolar [n] into the word banka instead of the velar [p], a voiceless
/T/ in Teka). The resulting synthetic phrases were auditorily analyzed to see whether this process would yield
intrusive artefacts. Recommendations were formulated and already implemented in the ARTIC system: in the

end, most of the systematic variants had to be split.

1. Uvod

Ackoli béhem poslednich ptiblizné deseti let nartusta obliba
fecové syntézy zalozené na skrytych Markovovych mode-
lech (HMM) [1] nebo hlubokych neuronovych sitich (DNN)
[2], pfipadné hybridnich systémi [3], redlnym aplikacim
prozatim stale dominuji systémy konkatenacni fecové syn-
tézy zaloZzené na dynamickém vybéru jednotek (dynamic
unit selection) [4]. Je dobfe znamé, ze konkatenacéni syn-
téza je preferovana predevsim diky celkové vysSsi priroze-
nosti [5]; stejné tak je vSak znamy jejich hlavni problém,
jimz je vyskyt nepfedvidatelnych slysitelnych artefakti ve
vysledné feci.

Konkatena¢ni syntéza feéi vyuziva fetézeni (konkate-
nace) fe¢ovych jednotek nachazejicich se v rozsahlém kor-
pusu, z néhoz jsou pro konkrétni syntetizovany text vy-
birany. Zakladnimi jednotkami jsou vétsinou difony a ze
sady potencialnich difont je vybran takovy kandidat, aby
byly minimalizovany dvé hodnoty nazvané cena cile a cena
tetézeni [4]. Cena cile (target cost) odpovida rozdilu mezi
vlastnostmi kandidata a idedlniho cile; kazdéa jednotka je
popsana pomoci priznakt, které vyjadiuji napfiklad jeji
poziéni vlastnosti. Oproti tomu cena Tetézeni (concate-
nation cost nebo join cost) se tyka hladkosti Fetézeni dvou
na sebe navazujicich difont; vychéazi se tedy z rozdilu jejich
akustickych vlastnosti.

Soucasné vyzkumy v ¢eském i svétovém méritku se pre-
vazné vénuji hledani efektivnéjsich zpusobu navazovani
jednotek, aby se pokud mozno zabranilo vyskytu vyse zmi-
nénych artefaktti, které kvalitu vysledné fecové syntézy
snizuji. Snahy jsou tedy upirdny na presnéjsi vyjadreni
ceny Tetézent. Jak ukdzal Matousek a kolegové [6], arte-
fakty mohou vznikat kvuli chybnému oznaceni fecovych
jednotek v databéazi; kvili tomu, ze zminéné ceny zcela
neodpovidaji lidské percepci; a proto, ze algoritmy prefe-
ruji nizsi celkovou cenu, coz vsak muze vést k lokalné vys-
$im cendm v konkrétnich konkatena¢nich bodech. Mnoho
vyzkumi ukazuje, Ze nejrusivéjsi artefakty jsou zpusobeny
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nespojitosti v zékladni hlasové frekvenci (F0) [7] a ve
spektralni oblasti [8].

V této studii se od témér vyhradniho zaméteni na cenu
retézeni odchylujeme a vénujeme se cené cile, nikoli vsak
z hlediska pozi¢nich ¢i jinych pfiznakt, ale z hlediska sa-
motného inventare fecovych jednotek. V feCové syntéze
nebyva duvod inventai jednotek zpochybnovat: jednotky
se stanovi na zakladé prevazné fonologickych vlastnosti
daného jazyka a déle se s nimi v fecové syntéze pracuje.
Detailni analyza feci syntetizované pomoci Ceského sys-
tému ARTIC [9] v8ak ukézala, ze by prehodnoceni in-
ventare uzivanych jednotek, zalozené na fonetické analyze
realnych syntetizovanych promluv, mohlo vést k efektiv-
néjsimu vybéru jednotek z databaze a ke kvalitativné lepsi
syntetizované feci. Navrzené a implementované zmeény se
tykaji vyhradné konsonantického systému; v dalsim popisu
se proto vénujeme pouze souhlaskam.

2. Konsonanticky systém cestiny

Zakladnim konstruktem pro popis zvukové stranky jazyka
je foném, nejmensi jednotka, kterd ma v daném jazyce
distinktivni platnost (tj. mize ménit vyznamy slov). Sou-
hlasky /t/ a /k/ jsou tedy bezpochyby fonémy, protoze je-
jich zdména vede ke zméné vyznamu (napt. tram — kram),
a prepisujeme je v lomenych zavorkach. Inventar ceskych
konsonantti predstavuje tabulka 1. Pro dnesni ¢estinu uva-
zujeme o 26 souhlaskovych fonémech; ty jsou v tabulce
vyznaceny cerné. Konsonanty tradi¢né délime podle zpi-
sobu artikulace (v tabulce jako jednotlivé fady), mista
artikulace (sloupce) a podle znélosti; v rdmci jednotli-
vych bunék jsou neznélé hlasky (nedoprovazené kmita-
nim hlasivek) vyznaeny nalevo, zatimco hlasky znélé
(pfi jejichz produkei hlasivky kmitaji) jsou vyznaceny na-
pravo. Je patrné, ze znélost je distinktivni pouze u prvnich
CtyT zptsobu artikulace: tyto hlasky souhrnné nazyvame
obstruenty. Hlasky ve spodnich ¢tyfech fadach se nazyvaji
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|| bilabialni | labiodent. | alveolarni |postalveol.| palatalni | velarni | laryngalni |

explozivy p b t d t d k g ?
frikativy f v S z § Z x ¥ h
afrikaty ts dz | t§  dz

frikativni vibranty I I

nazaly m ) n n Y
aproximativni vibranta r

lateralni aproximanta 1

aproximanta j

Tabulka 1: Inventat ceskych konsonantt

sonory a v zakladni podobé jsou pouze znélé. Detailnéjsi
popis Ceskych konsonanti poskytuje napiiklad [10].

Pro tuto studii je klicové, Ze fonémy se v souvislé reci
mohou systematicky ménit; takové systematické varianty
fonémt nazyvame alofony a v tabulce 1 jsou vyznaceny Se-
dou barvou. Jedna se o varianty pozi¢ni, protoze se vysky-
tuji v konkrétnich pozicich, v konkrétnich hlaskovych kon-
textech. Klasickym piikladem jsou varianty fonému /n/:
ve slové ven vyslovime jeho zdkladni, alveolarni variantu
[n], avSak ve slové venku dojde vlivem néasledujici hlasky,
velarniho /k/, k asimilaci mista artikulace a vyslovime ve-
larni [p]: [vepku]. VSimnéme si, Ze z hlediska fonetického
je vztah mezi /t/ a /k/ na jedné strané a [n] a [p] na
strané druhé shodny: jedné se o dvojice hlasek, které odli-
$uje pouze misto artikulace (alveolarni vs. velarni). Z hle-
diska fonologického je vSak situace odlisné: [g] je variantou
fonému /n/, ktera se vyskytuje pouze v kontextu pred ve-
larnimi explozivami.

Rozdil mezi [n] a [y] spocival v misté artikulace. Po-
dobny princip mtzeme uplatnit i v dalsim pripadé: foném
/m/, bilabidlni nazala, ma zakladni variantu [m], ale
v kontextech pred labiodentalnimi frikativami se vlivem
asimilace ¢asto méni na nazalu labiodentdlni, [m], napfi-
klad ve slovech nymfa [nimgfa] nebo tramwvaj [tramvaj].

Zdrojem alofonické variability mutze dale byt v Cestine
znélost. Jak jsme zminili, obstruenty obvykle vystupuji ve
dvojicich, které se odlisuji praveé znélosti. V nékterych pri-
padech se vSak nejedna o ,,plnohodnotné®, fonémické pro-
tiklady, ale o varianty jednoho fonému. Z tabulky 1 je pa-
trné, ze se to tyka t¥i hlasek — [y], [dz] a [f]. Prvni dvé vzni-
kaji v kontextech regresivni asimilace znélosti, tedy pred
znélym obstruentem, jako znélé varianty neznélého /x/
(Mach dal [may dal]) a /ts/ (moc dlouho [modz dlouhol).
Spojeni Mach dal lze rovnéz vyslovit s laryngalni frikati-
vou: [mah dal]. V piipadé ¢eského /¥/ je naopak zdkladni
variantou znélé [¥], které se v asimila¢nich kontextech méni
na variantu neznélou, [f]: ker [ket], t7i [tT1], narky [na:ki.
Poznamenejme, ze nékteré zdroje ¢eské /i/ definuji jako
hlasku alveolarni, v tabulce je uvedeno jako postalveolarni;
otazka presného mista artikulace této pro cestinu speci-
fické hlasky doposud nebyla uspokojivé zodpovézena.

Kromeé mista artikulace a znélosti je dalsim jevem, ktery
rozlisuje systematické varianty ceskych souhlasek, slabic-
nost ¢i slabikotvornost u /1/ a /r/. Ve slové Inéng tak vy-
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slovime bézné [1], [lfieni:], zatimco ve slové vinény bude /1/
vrcholem slabiky, [vlfieni:|; podobné i rty [rti] a vrty [vrti].
Slabi¢né varianty /1/ a /r/ nejsou uvedeny v tabulce 1,
protoze o nich bézné neuvazujeme jako o alofonickych va-
riantach, nicméné pro tcely této studie se jedné o kontrast
vyznamny. Se slabi¢nosti se nékdy setkame i pfi ortoepické
vyslovnosti ¢islovek sedm a osm ([sedm], [osm]) a jim pii-
buznych slov jako sedmdesdt ¢i osmndct.

Pro uplnost zminme posledni hlasku, kterd v cestiné
nema fonémicky status a kterd je v tabulce 1 definovana
jako neznéla laryngalni exploziva, [?]; jedna se o tzv. rdz
vyskytujici se pfed samohlaskami na zacatku slova (napf.
ve spojeni stdl u okna [sta:l ?u ?oknal). Ackoli rdz nepatii
mezi cilové hlasky primo analyzované v tomto vyzkumu,
bude v ném hrat dilezitou roli.

3. Systém ARTIC a jeho konsonanticky in-
ventar

Systém Tecové syntézy cestiny ARTIC (Artificial Talker
in Czech) je vyvijen na Zépadoceské univerzité v Plzni
[9]. Pro tuto studii byly vyuzity éty¥i hlasy, oznacované
podle kiestniho jména mluvcich: dva zenské (Iva, Kate-
fina) a dva muzské (Jan, Stanislav). Zakladni informace
o databazi fecovych jednotek nasich ¢tyr mluvcich shrnuje
tabulka 2.

Systém ARTIC ve své dosavadni verzi pracuje s kom-
pletnim konsonantickym inventafem, jak byl popsan
v predchazejicim oddilu. Jednd se o vSech 32 hlasek uve-
denych v tabulce 1 spolu se tfemi slabicnymi konsonanty.
Z naseho pohledu systém na trovni databéaze jednotek dis-
ponoval maximalni moznou mirou informace. Béhem pro-
cesu syntézy, konkrétné béhem samotného vybéru jedno-
tek, vSak doposud byly jednotlivé alofonické varianty shlu-

Tabulka 2: Zakladni tdaje o databazi ¢tyr zdrojovych

mluvéi veét trvani  primérné tempo
Jan 12277  17:39 13,6 hl/s
Stanislav 12306  15:40 12,3 hl/s
Iva 12151  15:04 12,2 hl/s
Katefina 12707 12:53 10,5 hl/s

mluv¢ich systému ARTIC
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kovany. To znamena, ze se ve slovnim spojeni dobry obr
teoreticky mohl vyskytnout tentyz difon <br>; podobné
i ve spojenich ja bych byl a jd bych pil by se mohl vyskyt-
nout stejny difon <ix>, ve slovech prichod a briza stejny
difon <fir> atd.

Je zrejmé, ze pii vytvareni systému konkatenacni syn-
tézy Teci je tfeba brat v potaz kompromis mezi fonetic-
kou presnosti popisu a realnymi moznostmi hlaskového in-
ventafre. Prosté rozdéleni popsanych alofonickych variant
i pro vybér jednotek nemusi byt optimalnim fesenim. Ci-
lem této studie proto bylo na zakladé analyzy zminénych
Gty hlasu uzivanych v fecové syntéze ARTIC urcit, zda
shlukovani alofonickych variant (resp. difonti z téchto va-
riant odvozenych) zpisobuje slySitelné a rusivé artefakty
ve vysledné syntetizované feci. Pokud by zaména nékteré
z variant Castéji vedla k pritomnosti percepcéné rusivych
jevi, bylo by vhodné je udrzet oddélené i béhem vybéru
jednotek pro syntézu.

4. Metoda

Aby bylo moZné ovérit percepéni rusivost umisténi ne-
spravné alofonické varianty, bylo tfeba pro ucely této stu-
die vysyntetizovat v systému ARTIC specidlné sestavené
véty a do cilovych kontextd vnutit nespravnou variantu.
Napft. pro vytvoreni spojeni dobry den by byla nejprve pro-
vedena syntéza pomoci dosavadniho systému a v druhém
kroku by do konkrétnich kontextt byly vnuceny nespravné
varianty, jak ukazuje obrazek 1; do slova dobry by tak na-
priklad byl vlozen difon <br> ze slova obr a do slova den
difon [ey] ze slova tenky.

hlésky: d o brirden
difony: §d do ob br ri: i:d de en n$
vnucené zmény: br en 98

Obrazek 1: Ukézka vnuceni slabi¢ného [r] do neslabi¢ného
kontextu a veldrniho [y] do alveoldrniho kontextu ve spo-
jeni dobry den

Takto bylo pro kazdou cilovou dvojici alofonickych va-
riant vysyntetizovano nékolik vét; priklady ukazuje ta-
bulka 3. Pti sestavovani vét a slovnich spojeni jsme se sna-
zili o reprezentativnost z hlediska segmentalniho okoli ci-
lovych alofont. Naptiklad znéla varianta /x/ se tak kromé
slov lth a hroch objevila ve slovech abych, nech, Bach
a puch, tedy v sousedstvi vSech vokalickych kvalit cestiny.
Podobné slabi¢né [r] se vyskytovalo i po dalgich konso-
nantech, nez jsou ty uvedené v tabulce 3 (napf. ve slovech
kapr, bagr, brzdy, frtan ¢ zrcadlo).

Jak jiz bylo zminéno, cilem samotné percepc¢ni analyzy
bylo zjistit, jestli popsanym zptisobem vnuceni nespravné
alofonické varianty — k ¢emuz pfi jejich shluknuti pred vy-
bérem jednotek pred samotnym syntetizovanim vystupu
muze dojit — budou vznikat rusivé artefakty. Percepcni
analyzu provedli nezavisle na sobé dva fonetici; jednim
z nich je autor této studie. Vzhledem k tomu, ze se v pri-
padé vzniku artefaktt jednd o zcela ziejmé vady vysledné

cilovy jev  pfiklady syntetizovanych spojeni

Petrovi svetr slusi.
Udrzel pudru hrst.

trsy travy

slabi¢nost
R

chrt chrape
Zmok] na kladiné.
Uhad] nedlouhou hadanku.

vlci v1aci

slabi¢nost
L

slzy slabosti

Srnka vinko vypije.
Srna panovi utece.
Vlnka venku potece.

alveolarni
a velarni 1

Lanem viny nesvazes.

e Lih by shofel snadno.
2 £ Lih snadno hot.
S g Hroch bé# rychle.

- Hroch utika rychle.
= o hotici kel
Z £ zufiva boutka
E’ % dfevéné kiidlo

> ttho¥ d¥ima

Tabulka 3: Priklady syntetizovanych spojeni

feci (viz vysledky v nésledujicim oddile), ovéfeni vétsim
poc¢tem posluchacii jsme nepovazovali za Gcelné. Zaroven
nas zajimalo, jestli se pripadné artefakty budou vyskyto-
vat systematicky u vSech ¢tyt mluvéich, nebo jestli se bude
jednat o jevy ndhodné.

5. Vysledky

Vysledky poslechové analyzy budou prezentovany zvlast
pro jednotlivé alofonické varianty, ackoli se nékteré pro-
blematické aspekty mohou opakovat.

5.1. Slabiénost /r/

Pro rozdil mezi béznym [r] a slabi¢nym [r] bylo vytvofeno
17 spojeni, pficemz kazdé z nich kanonicky obsahovalo mi-
nimalné dva zdstupce /r/ (viz piiklady v tabulce 3). Jiz
u tohoto prvniho jevu bylo zfejmé, Ze se syntetizovana
spojeni s vnucenou chybnou variantou u ¢tyt zkoumanych
mluvéich neprojevuji stejné: vysledky ukazuje obrazek 2.

Vnuceni neslabi¢ného [r] do slabi¢ného kontextu (napt.
do slova srnka) v 85 % piipadi nevedlo ke slySitelnému
problému. V 10 % pripadii byl vysledny syntetizovany kon-
sonant velmi kratky, p¥ip. [r] dokonce nemélo vlivem kon-
katenace dvou difonti zadny kmit. Nekdy byl konsonant
tak kratky, ze by takto v podstaté ani nebylo mozné jej
vyslovit. Slabiéné [r] mé v bézné feéi kmit vzdy a jeho ab-
sence piisobi rusivym dojmem. Jak naznacuje obrazek 2,
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B pridany vokal M riz
kratké / bezkmitné moc vyrazné
[] v potadku

TS a0
o0%H H H H HH H H H H
0% — = H A M M o on
0% H H H HH H H H H
0%

Jan Stan. Iva Kat.  Jan Stan. Iva Kat

chybnég neslabiéné R chybné slabi¢né R

Obrazek 2: Zastoupeni spravnych a chybnych realizaci po
vnuceni neslabi¢ného a neslabi¢ného /r/ do opacného kon-
textu u ¢ty mluvéich

kratkéd ¢i bezkmitna varianta se alespon jednou vyskytla
u vSech ¢ty mluvéich. Méné casta chybnd varianta je do
jisté miry podobna: kratka ¢i bezkmitna povaha vysled-
ného konsonantu mtize budit dojem, Ze se jedna o [r] s vo-
kalem (slovo chrt u mluvéi Iva znélo jako [xrut]) nebo
o samotny vokal (slovo drzg u mluvéiho Stanislav znélo
jako [duzii]).

Opacna situace, kdy do neslabi¢ného kontextu byla vnu-
cena slabi¢na varianta, zpusobila slySitelné artefakty jen
u dvou mluvéich. U mluvéi Iva se jednalo o problém mensi,
ktery neptisobi vyrazné rusivé: u 30 % jejich polozek mélo
vysledné [r] (konkrétné jeho vokalicky prvek) prilis sil-
jsou polozky mluvéi Katerina, u nichz doslo k chybnému
vlozeni razu; to se objevilo naptiklad ve slovech Petrovi
[petr?ovi] ¢ gril [grei].

5.2. Slabi¢nost /1/

Pro rozdil mezi bé&Zznym a slabi¢nym [l] bylo vytvoreno
celkem 13 spojeni, pricemz kazdé z nich kanonicky obsa-
hovalo jedno bé&zné [l] a jedno slabiéné [1] (viz piiklady
v tabulce 3). Vysledky poslechové analyzy ukazuje obra-
zek 3; jak je z obrazku patrné, jsou problematické aspekty
spojené s vnucenim Spatné varianty podobné jako v pri-
padé /r/.

Pfi vnuceni neslabi¢ného [I] do slabi¢ného kontextu
vznikl ve vice nez ¢tvrtiné pripadt dojem spojeni [1] a vo-
kalu, ptipadné samotného vokalu; z obrazku 3 je patrné, ze
se tato chyba objevuje u vsech mluvcich, ackoli v odlisné
mife. U mluvéiho Jan tak slovo slzy zni jako [suzi], u obou
zenskych mluvéich zni slovo slizl jako [sli:zlo], u Stanislava
zni slovo sezobl jako [sezoblo], a slovo odmdtl ma dokonce
dvé vkladnd schwa [Podmi:tels].

Pfi vnuceni slabi¢ného [1] do neslabi¢ného kontextu do-
chézi u dvou mluv¢ich k chybnému vlozeni razu, podobné
jako v pfipadé slabi¢ného [r], a to dokonce u nadpolovié-
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B piidany vokal B réz
[] v potadku
100%
80% — MM H
60%H —+ —H H HH H
40%H — M M HH =
20%H H H H HH H
0%
Jan Stan. Iva Kat. Jan Stan. Iva Kat.
chybn€ neslabi¢né L chybné slabiéné L

Obrazek 3: Zastoupeni spravnych a chybnych realizaci po
vnuceni neslabi¢ného a neslabi¢ného /1/ do opa¢ného kon-
textu u ¢ty mluvcich

niho poétu polozek. Jako piiklady uvedme slova kladiné
[kl?aditie] ¢i potlach [potl?ax], kterd byla s razem synteti-
zovana u obou zminénych mluv¢ich.

5.3. Alveolarni a velarni varianta /n/

Pro rozdil mezi zékladni alveolarni variantou [n] a asi-
milaci mista artikulace vzniklym veldrnim [g] bylo vy-
tvoreno celkem 10 spojeni, pificemz kazdé z nich obsaho-
valo dvé polozky /n/ (srov. tabulku 3). Jak ukazuje ob-
razek 4, slysitelné artefakty vznikaji v pripadé vynuceni
obou chybnych variant. P¥i vynuceni alveolarniho [n] do
kontextu, kde v ¢estiné vlivem asimilace vyslovujeme ve-
larni [g], se ve 20 % piipadt vyskytuje vyrazné vkladné
(epentetické) schwa. Rusivost epentetického schwa stoupd
zejména tehdy, pokud jeho pritomnost vyvolava dojem
pridané slabiky [11]. Kratky vokalicky prvek napt. ve slové
mamka [mam°ka| je tedy relativné pfirozenym diisledkem
prechodu z jedné hlasky na hlasku nasledujici, avsak ttisla-
bi¢né slovo [mamokal] jiz pfirozené nepiisobi. Ve zde zminé-

B vioZené schwa B slysitelné g
100 [] v pofadku
0

80%
60%
40%

20%

0%

Kat.
chybné alveolarni N

Jan Stan. Iva Kat.

chybné velarni N

Iva

Jan Stan.

Obrazek 4: Zastoupeni spravnych a chybnych realizaci po
vnuceni alveolarniho [n] a veldrniho [y] do opac¢ného kon-
textu u ¢ty mluvéich
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nych prikladech ptisobi vkladné schwa spisSe rusiveé, napt.
ve slovech Manka [manka] ¢ vinka [vin’ka] u mluvéiho
Stanislav.

Vnuceni velarni nazaly do alveolarniho kontextu zptiso-
bilo slysitelné zmény pouze u dvou mluvcich, u Ivy vsak ve
40 % vsech polozek. V téchto slovech je pak skutecné zie-
telné slySet velarni hldska, tedy naptiklad viny jako [vlyi,
poleno jako [polego] a podobné.

5.4. Neznélé a znélé varianty /x/

V tomto oddilu zminime zdménu neznélého [x] za zné-
lou veldrni frikativu [y] i za znélou laryngélni frikativu
[b] (viz oddil 2) a opa¢né. Pro tento kontext bylo vytvo-
Feno 12 spojeni, vzdy s jednim /x/, jak ukazuji piiklady
v tabulce 3.

Dulezité je, ze zdména [x] a [y] nevedla ani v jednom pii-
padé ke vzniku slysitelného artefaktu, vétsinou proto, ze
ve skutecnosti vysledna syntetizovana hlaska nebyla sto-
procentné znéla ani neznéla.

Jako zajimavéjsi se ukazuje vnuceni znélého [h] do kon-
textu neznélého [x]; tato zména vedla ke slySitelnym a rusi-
vym jevum celkové presné u poloviny polozek. Jak je vsak
patrné z obrazku 5, zadny z nich se neobjevil u mluvéiho
Jan; naopak u ostatnich tii mluvcich byla syntetizovana
slySitelné chybné varianta ve vice nez 60 % jejich poloZek.
Rusivost skuteéné znélého [h] ve spojeni jako nech Petra
[neh petra] nebo Bach se hraje [bah se hraje] jisté neni
prekvapiva. Obrazek 5 ukazuje, ze u dalsi skupiny pripadi
zpisobil vynuceny vybér znélého [h] ve vysledné synteti-
zované Te¢i asimilaci znélosti. Spojeni lih snadno tak zni
[lizh znadno).

[ asimilace zné&losti

B rusivé
[] v pofadku
100%
80% [
60%
40% H
20% H
0%
Jan Stan. Iva Kat.

Obréazek 5: Zastoupeni spravnych a chybnych realizaci po
vnuceni znélého laryngalniho [h] do kontextu neznélého
veldrniho [x] u étyf mluvéich

5.5. Varianty /¥/

Poslednim jevem, na ktery se tato studie zamétuje, je zné-
lost u alofonickych variant /¥/. Pro tento jev bylo vy-
tvoreno 10 spojeni, pficemz kazdé z nich obsahovalo dvé

hlésky (viz piiklady v tabulce 3). Vysledky poslechové
analyzy ukazuje obréazek 6.

Jiz na prvni pohled je zfejmé, Ze vynuceni nespravné va-
rianty /¥/ vedlo k vysokému poctu slySitelnych artefaktii.
Co se tyfe umisténi neznélého [f] do znélého kontextu,
v 25 % pripadt byl neznély charakter /¥/ slySitelny (napt.
ve slové dvefe [dvere]), ale tato zdmeéna zaroven nebyla vy-
razné rusiva. Vzhledem k tomu, Ze [i] je hlaskou, kterd i ve
znélém kontextu nejéastéji ztraci znélost [12: kapitola 9],
je nizk4 ruSivost neznélé varianty ocekavatelna. Ve 23 %
laci znélosti: vynuceni neznélé varianty ve vysledku zpuso-
bilo chybnou regresivni asimilaci, takze napt. prvni slabika
ve slové drevéné byla u tif ze ¢yt mluvéich te- [tFevjene:].
Podobny vysledek byl zaznamenan napiiklad u slov za-
drend, které zni jako zatrend, ¢i drimd, kde zdména do-
konce vede ke zméné vyznamu slova na trimd.

Umisténi znélé varianty do neznélého kontextu bylo vy-
razné rusivé v 43 % vSech polozek: zde vétSinou nedo-
slo soucasné k asimila¢ni zméné (tedy z kiidla se nestalo
[gii:dlo]), ale pfitomnost skuteéné znélého [f] (tedy vy-
slovnost [kii:dlo], kterd se vyskytla u vSech ¢tyf mluvéich)
rusivé piisobila. Casta chybnd zédména byla i ve slovech
skripou [skiiipou] ¢i triska [t¥imskal.

B asimilace znglosti

mald rusivost B rusivé
[] v potadku
100% NN
80% H
60% H &
40% H
20% H
0%
Jan Stan. Iva Kat. Jan Stan. Iva Kat.
chybng nezn&lé R chybng zn&lé R

Obrazek 6: Zastoupeni spravnych a chybnych realizaci po
vnuceni neznélého a znélého /¥/ do opacéného kontextu
u ¢tyt mluvcich

6. Diskuse a zavér

Cilem této studie bylo zjistit, jestli systematické varianty
Ceskych fonémid mohou byt naddle shlukovany pied vy-
bérem jednotky pro konkatenacni syntézu, nebo jestli je
vhodné nékteré z nich drzet i pro findlni krok syntézy po-
moci dynamického vybéru jednotek zvlast. Protoze oddé-
leni jednotek (resp. odpovidajicich difonti) mze vyrazné
omezit inventar, z néhoz je dany difon mozné vybirat, ne-
jedna se o rozhodnuti trivialni a bylo nutné jej dukladné
podlozit.

19



R. Skarnitzl: Alofonické variabilita v ¢eStiné. ..

© CsAS

Akustické listy, 24(1-2), ¢erven 2018, str. 15-20

Rozhodnuti se zd4 byt jednoznac¢né v ptipadé slabi¢né
a neslabi¢né varianty /r/ a /1/. Divodem chyb je ziejmé
nedokonalé anotace fe¢ového korpusu, ktera byla v ivodu
zminéna jako jeden z hlavnich faktort pfitomnosti arte-
faktd v syntéze Teci [6]: informace o rdzu neni optimélni.
Pokud tedy vnutime do slova Petrovi slabi¢né [r|, po-
uzije se napiiklad difon [ro] ze spojeni Petr odpovédél,
které vSak obsahuje rdz: [r?o]. Domnividme se, ze pokud
je mozné, ze bude vlozen raz do kontextu, do néjz vibec
nepatii, je vhodné slabi¢né a neslabiéné varianty /r/ a /1/
oddélit i pro samotnou syntézu.

Hlavnim problémem u zamény alveoldrniho a velar-
niho alofonu /n/ bylo vkladné (epentetické) schwa (napt.
[len’ka]). Pokud vloZenim schwa vznika nova, dodateéna
slabika, jedna se o jev rusivy, ale k tomu zdaleka nedoslo ve
vSech ptripadech. Nase analyza proto nevedla k jednoznac-
nému zaveéru: pokud by rozdéleni obou variant pro syntézu
vedlo k pfilisSnému omezeni inventafe, je mozné obé va-
rianty (resp. jim odpovidajici difony) ponechat shluknuté.

0ddil 5.4 se vénoval znélym variantam velarni frikativy
/x/. Za zakladni znélou variantu neznélého /x/ povazu-
jeme velarni [y] a pfi zdméné téchto dvou hldsek se zadné
artefakty nevyskytly; obr. 5 se tykal pouze vynucené za-
mény [x] a [h], k niz by vSak v redlném kontextu syn-
tézy pomoci dynamického vybéru jednotek nejspis nedo-
slo. Bylo tedy moZné uzavtit, Ze alofonické varianty /x/
mohou byt ponechany shluknuté; nakonec byl systém AR-
TIC modifikovén tak, ze znélé velarni [y] je mapovano na
laryngalni [h].

Zaména znélostnich variant /¥/ vedla k relativné vel-
kému poctu rusivych polozek; jejich oddéleni pro fazi vy-
béru jednotek se proto ukazalo jako jednozna¢né doporu-
Ceni.

Vsechna doporuceni zalozena na tomto vyzkumu byla
prijata a jiz implementovana do vSech hlasi v systému
ARTIC, ac¢koli z prezentovanych vysledkd vyplyva, ze sly-
Sitelné artefakty nevznikaji u vsech mluvcich stejnou meé-
rou. Zaroven vsak vysledky nenaznacily jednoznacné idio-
synkratické tendence — nelze tedy tict, Zze by napiiklad
muzské hlasy mély k chybam vétsi sklon nez zenské. Jedi-
nou vyjimkou je mluvéi Jan, u néjz vzniklo rusivych chyb
nejmeéne.

Podékovani

Tento vyzkum byl podpofen projektem Grantové agentury
CR, ¢islo GACR 16-044208S.
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