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This article deals with the identification of sound powers and absorption surface coefficients in multi-
source industrial buildings from the knowledge of the sound pressure levels (SPLs) at several monitoring
points. This inverse problem is formulated as one of optimisation in which the objective function is the
difference between the measured and predicted SPLs. The methodology combines the use of a simplified
acoustic diffusion model with the simulated annealing optimisation technique. The former is a recently
developed model for estimating the SPLs in a fast and sufficiently accurate form. The low computational
cost of the model constitutes the major advantage for the optimisation procedure due to the great number
of simulations required. Numerical examples are given to show the efficiency of the proposed approach.
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1. Introduction

Noise control is an activity of great importance in
almost any industrial building. For this purpose, it is
essential to use an acoustic prediction model to esti-
mate the sound field in order to assess the effect of dif-
ferent technical solutions (VER, BERANEK, 2006). This
model will be realistic if the acoustic power levels of the
sources and the surface absorption properties are prop-
erly known. In some cases, these magnitudes are not
sufficiently well characterised (i.e., a prioriinformation
related to the acoustic characteristics of the sources
can be obtained from machinery manufacturers, but
the modification of equipment could change the real
sound power spectra. Also, the absorption properties
of surface materials could not be the original ones
due to natural wear over time). Then, these properties
should be identified in situ. In this sense, the best way
to identify the sound powers is by stopping all noise

sources, except the one to be analysed. This proce-
dure should be repeated for every source with unknown
power. However, this methodology is not generally ap-
plicable in factories because of the great economic cost
associated with a shutdown of the production process.
Accordingly, the development of procedures for esti-
mating acoustic power levels of the sources and the
surface absorption properties of multi-source industrial
buildings in their normal operating conditions is very
useful.

In the last two decades, an interesting approach for
the identification of the mentioned magnitudes from
measurements of sound pressure level (SPL) values at
several monitoring points, in combination with a the-
oretical acoustic model, has been developed. In fact,
a theoretical acoustic model allows to estimate the SPL
field when the sound power levels (SWLs) and the ab-
sorption coefficients (a’s) of the interior surfaces are
known. The present identification problem is the in-
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verse one. That is to say, the SPLs are known from
measurements and the SWLs and «’s constitute the
unknowns of the problem. Obviously, the theoretical
model may be used with different trials for the val-
ues of these unknowns. Then, the actual SWLs and
«’s will be obtained when the calculated SPLs coin-
cide with the measured ones. However, considering the
unavoidable uncertainties associated to both the mea-
surements and theoretical model, it is difficult to ob-
tain a perfect agreement between measured and calcu-
lated SPLs and, then, it is more convenient to require
the minimisation of the differences between them. This
difference may be evaluated by means of a least square
function. From this point of view, the identification
problem is formulated as one of optimisation. A de-
tailed explanation of this problem for source power
identification in enclosed spaces was presented by Luz-
ZATO and LECOINTRE (1986). Different versions of this
approach have been implemented by several authors
in order to obtain the SWLs in different industrial en-
vironments (GUASCH et al., 2002; LAN, CHIu, 2008;
MuN, GEEM, 2009; PiEcHOWICZ, 2009). This method-
ology was generalised to the identification of the acous-
tic impedance of interior surfaces for low frequency
sound field (NAvA et al., 2009; PIECHOWICZ, CZAJKA,
2012).

Considering the great number of trials necessary to
find the searched unknowns, the solution of the present
identification problem is based on two fundamental as-
pects: a) the theoretical acoustic model and b) the op-
timisation technique to direct the search of the actual
values of the SWLs and absorption coefficients. The
acoustic model should be sufficiently accurate but also
of low computational cost. On the other hand, an ap-
propriate optimisation technique should be used in or-
der to minimise the number of trials to reach the solu-
tion. The existing studies related to the present identi-
fication problem differ in one or both of the indicated
aspects.

Diverse acoustic models should be used for obtain-
ing the SPL values. An obvious choice is the exact
linear model based on the solution of the Helmholtz
equation. This kind of methodology was employed to
identify acoustic impedance for surfaces in enclosed
spaces (PIECHOWICZ, CZAJKA, 2012). However, for the
range of mid and high frequencies and non-coherent
signals, typical of industrial environments, this ap-
proach is difficult to apply. For these cases, an alterna-
tive is the use of models based on energy magnitudes
(Hopason, 2003; KERANEN, HONGISTO, 2010). The
simplest and most widely used model is the one based
on the classical Sabine’s theory for sound fields. This
approach provides an explicit, analytical formula to
estimate the reverberant noise levels assuming unifor-
mity of sound energy at every point in the enclosure
(KUTTRUFF, 2000). A generalisation of this formula
has been incorporated in a methodology for identi-

fying sound power in an enclosure of simple geome-
try (LuzzATO, LECOINTRE, 1986). Despite its great
success in acoustic engineering, Sabine formula may
lead to inaccurate results when the enclosure dimen-
sions become disproportionate or the acoustic absorp-
tion becomes non-uniform. A more accurate approach
is given by the geometrical methods because of their
ability to consider complex geometries and different
acoustic conditions in the range of mid and high fre-
quencies (KERANEN et al., 2003; PIECHOWICZ, 2007;
HORNIKX et al., 2015). This technique has been used
in connection with the sound source powers identifica-
tion in a complex room (LUZZATO, LECOINTRE, 1986).
However, the calculation time increases as the com-
plexity of the room shape becomes greater and/or sev-
eral sources are considered.

In this paper, a new methodology for the identi-
fication of the sound power levels of each source, in
the range of mid and high frequencies, and the ab-
sorption coefficients of the interior surfaces from the
measurement of sound pressure levels at several moni-
toring points is developed. The methodology combines
the use of the recently proposed simplified acoustic dif-
fusion model (SADM), with the simulated annealing
(SA) optimisation technique. The adopted prediction
model constitutes an approximate two-dimensional
simplification of the acoustic diffusion model (ADM),
developed some years ago (VALEAU et al., 2006; BIL-
LON et al., 2012; KRASZEWSKI, 2012). SADM along
with the finite element method allows to determine
sound pressure levels in enclosures with an accuracy
similar to those given by the ADM and the geometri-
cal models although by employing much less computa-
tional time (SEQUEIRA, CORTINEZ, 2012). Moreover,
in order to reduce the number of required SADM sim-
ulations, a simple and robust optimisation technique
known as simulated annealing is employed to direct the
optimal search (CHIU, 2012; SEQUEIRA, CORTINEZ,
2016). This stochastic and iterative method of global
search avoids to get trapped in a local minimum. This
property is important because this identification ap-
proach leads to a non-convex optimisation problem
(it can present several local minima). The present
methodology allows to identify the SWLs and a’s vari-
ables for multi-source rooms with complex geometries
with a reasonable accuracy and employing low com-
putational burden in comparison with previously de-
veloped approaches. This study is complementary to
a previous paper by the authors related to an optimal
acoustic design methodology (SEQUEIRA, CORTINEZ,
2016).

This paper is organized as follows. In Sec. 2,
the identification problem is formulated. In Sec. 3, the
theoretical basis of the simplified diffusion model is
presented. In Sec. 4, the computational solution is ex-
plained. In Sec. 5, the accuracy of the diffusion model is
checked by comparing simulated data with experimen-



M.E. Sequeira, V.H. Cortinez — Identification of Sound Power Levels and Surface Absorption Coefficients. .. 95

tal results. Later, a numerical example for the iden-
tification problem is presented to show the efficiency
of the proposed approach. Finally, the conclusions are
given in Sec. 6.

2. Formulation of the identification problem

An industrial building with multiple sources emit-
ting sound in stationary conditions is considered.
Noise-related problems in this kind of enclosures are
described by the sound pressure levels which depend
on the source power levels, the absorption coefficients
and the geometry of the enclosure. This relationship
may be expressed mathematically as follows:

SPLf(I‘) =F (SWLjf, I‘j, Ozkf, AA) , (1)

where F is a general function and SPL(r) is the sound
pressure level at a position r = (x, y, z) which de-
pends on the sound power level SWLj; for the source
J, the coordinates of the source j (r;), the absorption
coefficient ayy of each interior surfaces k, and the ge-
ometrical features of the enclosure symbolised as AA.
Sub-index f means that the magnitudes correspond to
the frequency f. Expression (1) represents an acoustic
model. The explicit form of the function F depends
on the kind of the theoretical model (Helmholtz equa-
tion, geometrical methods, etc.) and numerical tech-
nique used. This acoustic model allows one to obtain
SPLs if the variables of the argument given are known.
This is known as direct problem.

The inverse problem corresponds to the determina-
tion of the sound power levels, SWL, and the absorp-
tion coefficients, ayy, from the knowledge of the SPLy
values at a number of monitoring points ¢. The latter
are obtained by means of direct measurements. This in-
verse problem (identification task) can be formulated
as follows (LUzzATO, LECOINTRE, 1986):

(SWLjf, Qe )

Popt = argmin OF, (2)

where (...)opt indicates the set of the optimal variables
(to be identified) and OF is the objective function de-
fined as the following root mean square error function:

1L - 2

OF = N; [SPL;; — SPLy(r;)] ", (3)
where N is the total number of monitoring points,
SPL; ¢ is the measured sound pressure level and SPL
is given by expression (1). According to this formula-
tion, the actual values for the sound power levels and
absorption coefficients are those that minimise the dif-
ference between the measured and calculated SPLs.
From the mathematical point of view, expressions (2)
and (3) constitute an optimisation problem. Accord-
ingly, the identified magnitudes will be mentioned as
optimal values.

The OF minimisation is subject to the following
constraints:

[min] [max]
SWLI™ < SWLjy < SWLE, "

[max]

[min]
Qs < Qkf < QXpr

where SWLJ[-}mn], SVVLJ[-}MX]7 aggc’m], and aLmaX] repre-
sent the minimum and maximum sound power levels
and absorption coefficients, respectively. It has to be
noted that the formulation takes into account point
sources assuming they are of small dimensions.

3. Acoustic model

The diffusion model allows one to estimate the
SPLs in rooms with non uniform reverberant condi-
tions. It is based on an analogy between the sound
propagation in enclosures with diffusely reflecting sur-
faces and particles propagation in a diffusing medium.
In this section, a brief explanation of both the
full diffusion model and the corresponding simplified
two-dimensional version is given. Detailed theoreti-
cal foundations can be found in the cited references
(VALEAU et al., 2006; BILLON et al., 2012; SEQUEIRA,
CORTINEZ, 2012).

3.1. Acoustic diffusion model

The stationary and reverberant sound energy den-
sity ws(r) in a room of volume V., is obtained as the so-
lution of the following equations (VALEAU et al., 2006):

—DV?wy(r) + opwy(r) = gz (r) in V., (5
—Dalgrfr):Afcwf(r) on JV., (6)

where V2 is the Laplace operator, D is a diffusion co-
efficient, oy is a coefficient of volumetric absorption,
gf(r) is the source power per unit volume, n is the ex-
terior normal to the boundaries, Ay is an absorption
factor, and c is the speed of sound. The diffusion co-
efficient D = K - 4¢V,./(35,.), depends on the volume
of the room, the inner surface area S,, the speed of
sound, and the function K = 2.2381n(s) + 1.549. This
function allows to include mixed specular and diffuse
reflections on room surfaces, with s being the scat-
tering coefficient used to determine the proportion of
sound energy that is reflected in a specular manner and
the proportion that is scattered (FoyY et al., 2009). In
particular, for s = 1 (completely diffuse reflections),
K = 1. Moreover, the coefficient oy = my x ¢, depends
on the atmospheric attenuation in the room, being m
the absorption coefficient of air (BILLON et al., 2008).
In addition, the mentioned expression can be modified
to take into account the possible presence of fittings
(VALEAU et al., 2007).
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Equation (6) corresponds to the boundary condi-
tions, where the absorption factor Ay is given in terms
of the surface absorption coefficients by means of the
following expression (JING, X1ANG, 2008):

ar
Ay = —————. 7
f 2(2— af) ( )

The total sound pressure level is obtained by adding
the direct sound field contribution to the reverberant
one (VALEAU et al., 2006):

SPL;(r)=10logy, I_fTC / qf(r)st—l-cwf(r) . (8)

472

s

ref

where 7 = |[r — r;|| is the distance from a monitor-
ing point to an arbitrary source point rj, p is the air
density, and P,e = 2-107° Pa. In this paper, only om-
nidirectional point sources with a constant power Wsy
are adopted. Then, ¢¢(r) = Wssé (r —r;).

8.2. Simplified acoustic diffusion model

The simplified two-dimensional diffusion model
(SADM) is obtained from the full model by making use
of the Kantorovich method (SEQUEIRA, CORTINEZ,
2012). Accordingly, the reverberant energy density (w)
is approximately represented as the product of two
functions, one corresponding to the variation on the
plane domain and the other considering the variation
in height:

wy(r) = wy(r) = Pz, y) x Z(2), (9)

where Py is an unknown function and Z is a prese-
lected function constructed from a second order poly-
nomial Z = 1+ a1z + as22. The latter represents the
simplest way to characterise the vertical energy vari-
ation. The idea behind this simplification is that the
vertical distribution of the reverberant field is assumed
to be much simpler than that of the plane variation.
The corresponding polynomial coefficients are deter-
mined from the boundary conditions defined in both
floor and ceiling planes:

dz
D P =3AsZ. (10)
Substituting the expression (9) into Egs. (5) and
(6), multiplying by Z, and integrating along the ver-
tical direction, the following system of equations, cor-
responding to the simplified acoustic diffusion model
SADM, is obtained (SEQUEIRA, CORTINEZ, 2012):

H H dQZ
2 2 2
_ vppf/DZ dz — Pf/ {D(dz2 X Z) —0Z ] dz
0 0

H
:/qudz in 2, (11)
0

H H
,?/DZde:Pf/Achde on 602, (12)
n
0 0

where Vf) is the Laplace operator in the plane (z, y),
H is the height of the room, {2 symbolises the plane
domain, and 92 is the perimeter.

Equations (11) and (12) can be conveniently solved
by means of the finite element method. For this task
the commercial software FlexPDE was employed. The
total sound pressure level is obtained by means of ex-
pression (8), once the approximated reverberant en-
ergy density is achieved as the solution of the previous
equations. That is to say, in this paper the specific form
for the acoustic model (1) is given by (8) along with
Egs. (9) to (12).

4. Optimisation technique: Simulated Annealing
method

In order to solve the identification problem
(Egs. (2)—(4)), it is first necessary to determine SPLj
by means of the SADM along with the finite element
method, as described above, for different trials of the
admissible values (verifying inequalities (4)) for the
variables to be indentified X = (SWLj;, agy). Then,
the objective function may be evaluated. This proce-
dure is repeated iteratively according to the Simulated
Annealing SA algorithm.

The latter is a probabilistic technique for finding
quasi-optimal solutions to global optimisation prob-
lems (KIRKPATRICK et al., 1983). The algorithm starts
by defining an initial trial for an array having the de-
sired variables (sound power levels and absorption co-
efficients) Xy within the feasible domain of the prob-
lem. Then, it successively generates, in a reduced do-
main of the neighbourhood of the actual array X,
new trials X’ which are accepted as current accord-
ing to the change in the objective function AOF =
OF (X') — OF (X). If this change is negative, the new
trial is accepted as the new current array. If the change
is positive, the acceptability is decided according with
the probability of Boltzmann distribution. The lat-
ter depends on a parameter T, known as temperature
(due to the physical analogy between the technique
and a thermodynamic process), which directs the con-
vergence of the algorithm, as it approaches to zero.
So, initially, when the parameter T is high, there is
a large probability of accepting configurations with
a greater OF value, but as the procedure advances
and T decreases, the probability of acceptance be-
comes considerably smaller, until it finally converges to
the optimal solution. The conventional cooling scheme
Tot+1 = B X Ty is used here, where 3 is the decreasing
rate (DREO et al., 2006).

The identification procedure is computationally im-
plemented in Matlab by linking finite element solu-
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tions of the SADM, using the software FlexPDE, with
the simulated annealing (SA) technique in an iterative
manner (SEQUEIRA, CORTINEZ, 2016).

5. Study of the SADM accuracy

Considering the fact that the identification proce-
dure depends especially on the appropriate accuracy
of the SADM, a comparison of SADM results against
values obtained with other acoustical models and ex-
perimental determinations is performed. In particular,
the sports hall 1, depicted in Fig. 1, is analysed. This
existing unoccupied enclosure was previously studied
by HORNIKX et al. (2015) who obtained sound pressure
levels at different points by means of the commercial
software CATT-Acoustic and by direct measurements.
Calculations and measurements are presented for the
octave-frequency band of 500 Hz. The estimated ab-
sorption coefficient values of the hall are (HORNIKX
et al., 2015): 0.02 (surface 1, 2, and 5); 0.65 (surface 3);
0.06 (surface 4); and 0.57 (surface 6).

For the described situation, the SADM predictions
of sound pressure levels are compared with the follow-
ing values:

e SPLs determined by means of finite element so-
lution of the ADM (three dimensional equation
system (5), (6), and (8)).

e SPLs determined by means of the well-known ray
tracing (RT) technique (HORNIKX et al., 2015).

e SPLs obtained by means
(HORNIKX et al., 2015).

To apply SADM and ADM approaches, reflections
on the surfaces are considered mixed specular and dif-
fuse. The scattering coefficient value of 0.1, as proposed
by HORNIKX et al. (2015), is chosen (this value leads to
D = 5813.9 m?/s for the diffusion coefficient). More-
over, the coefficient of volumetric absorption takes the
value o = 0.17 s~ (with ms00 5z = 5-107* m~1). The
comparison study is performed for the sound pressure
level related to the level at 1 m from the sound sources
in free field, SPLy¢, free, 1 m-

Figure 2 shows this comparison for the SPL
distribution along the receiver lines 1 and 2 generated
for each of the considered sources (S1, S2, and S3)
at height z = 1.5 m. A finite element mesh of about
580 triangular elements and 7700 tetrahedral elements
were used to solve the SADM and ADM, respectively.
A general good agreement between predicted and mea-
sured values is observed. The SADM presents an aver-
aged mean absolute error of 1 dB, while the RT shows
an averaged mean absolute error of 0.7 dB. In parti-
cular, a very close similarity is found between results
from the SADM and ADM (with a maximum error
of 0.2 dB). From this example, it can be concluded that
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Fig. 1. Scheme of the Sports hall 1 (units in m). Left figure: calculation and measurement grid used at a height of 1.5 m

above the floor. Source positions are marked by S1, S2, and S3, receiver positions by lines 1 and 2. Right figure: surface

dimensions: (upper) side wall at y = 0 m; (middle) side wall at © = 28.64 m; (lower) cross wall at x = 0 m; and y = 42.16 m.

Material distribution: (1) sports floor, (2) smooth concrete blocks, (3) open lath construction on a 0.14 m deep cavity,

filled with 0.03 m mineral wool at the position of the laths, (4) lightweight partition wall with windows, (5) soft pad,
(6) open lath ceiling construction on 2.0 m deep cavity, filled with 0.03 m mineral wool (HORNIKX et al., 2015).
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Fig. 2. SPLye, free, 1 m results of the hall. Solid black: experimental (HORNIKX et al., 2015); dashed black: ADM; dashed
grey: SADM; and solid grey: CATT-Acoustic (HORNIKX et al., 2015).

the proposed simplified diffusion model has an accept-
able precision for predicting the SPL variations in the
identification approach.

6. Identification example
6.1. Analysed enclosure

The 5-m high coupled workroom shown in Fig. 3
is studied. Ten omnidirectional point sources with

a height of 1.2 m are considered. The locations and
actual power level values of the sources are given in
Table 1. The actual absorption coefficients of the sur-
faces are: 0.45 for ceilings 1, 0.70 for ceiling 2, 0.02
for floor, 0.25 for the partition, and 0.05 for all the
remaining walls.

For this example, the SPL values are not obtained
from measurements but simulated with the help
of a theoretical acoustic model (ADM in this case,
with the diffusion and volumetric absorption coeffi-
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Fig. 3. Scheme of the workroom (units in m) with locations of the sources (S).
Two sets of monitoring points are considered: set 1 (O) and set 2 (®).
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Table 1. Actual sound power levels and coordinates
of the sources.

Sound source Coordinate m] SWL [dB re 10~'2 W]
T Yy
S1 6 6 102
S2 4 7 105
S3 4 9.5 114
S4 5.5 14 101
S5 9.5 13.5 117
S6 13.5 14 100
S7 27.5 14 106
S8 29.5 15 102
S9 32 14.5 100
S10 33.5 15.5 110

cients given in the following sub-section). Moreover,
in order to consider the unavoidable errors existing in
the theoretical model or the measurement techniques,
random errors are added over the theoretical predic-
tions. These pseudomeasured values will be mentioned
as “measured” values. Thus, two classes of SPL mea-
sured values are considered:

A. The “measured” SPLs are assumed to be coinci-
dent with those determined by means of the acous-
tic diffusion model (ADM) as a function of the ac-
tual sound power level and absorption coefficient
values. In fact, no errors are involved.

B. The “measured” SPLs are assumed to be related,
just in an imperfect (although approximate) form,
with the acoustic model (ADM) predictions be-
cause of errors in modelling or measuring. Accord-
ingly, random errors of +0.50 dB over the theo-
retical SPLs are added in order to obtain the mea-
sured SPL values.

6.2. Identification procedure

The SWLs of every source and the absorption co-
efficients of the ceiling 1 (tceiling1), ceiling 2 (ceiling2),
and the partition (partition), described above, are the
variables to be identified. Only the octave-frequency
band of 1000 Hz is considered. However, it is clear
that the same methodology can be applied to any oc-
tave band within the range of mid and high frequen-
cies where the diffusion model is valid (BILLON et al.,
2006).

To perform the procedure, an appropriate number
of monitoring points should be used. However, in or-
der to show the robustness of the present methodology,
two monitoring point configurations from sets 1 and 2
are selected (see Fig. 3): configuration I, with 28 moni-
toring points (set 1 + set 2) and configuration II, with
13 monitoring points (set 1). These configurations are

used for the two kinds of measured sound pressure lev-
els defined above. Accordingly, four cases are studied:
Cases A.I and A.II, considering configurations I and II,
respectively, without errors in the “measured” SPLs
and Cases B.I and B.II, considering configurations I
and II, respectively, taking into account random in-
herent errors in the SPL values.

Considering the fact that the present example in-
volves a coupled enclosure, it is first necessary to de-
termine the diffusion coefficient D for each sub-volume
(BILLON et al., 2006). Accordingly, assuming com-
pletely diffuse surface reflections, the following values
are determined: Dy = 2019.4 m? /s (for the sub-volume
with the ceiling 1) and Dy = 1563.3 m?/s (for the
sub-volume with the ceiling 2). The coefficient of volu-
metric absorption takes the value o = 0.24 571 (with
mi000 oz = 7 - 1074 m™1).

On the other hand, before implementing the iden-
tification procedure, it is mandatory to define the vari-
able limits to obtain the feasible search region. Gener-
ally, in real situations, a priori knowledge of the sound
power ranges is possible (i.e., by using manufacturer
approximate information), so a reasonable bounded
limit set can be considered. Then, a range variation of
=+ 8 dB relative to the actual SWLs is selected. More-
over, the absorption coefficient variables are limited to
values from 0.05 to 0.9. Due to the heuristic nature of
the SA algorithm, the entire procedure has been car-
ried out ten times (with a total of 10000 iterations)
for each case and the best results have been accepted.
The decreasing rate used in the cooling scheme in SA
algorithm was § = 0.98.

Table 2 shows the results of the proposed identi-
fication methodology. For Cases A.I and A.II, predic-
tions are acceptable, having mean errors of 0.43 dB
(configuration I) and 0.88 dB (configuration II), for
the SWL values and 0.04 (configuration I) and 0.09
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Fig. 4. Evolution of the objective function as a function of
the number of iterations for Case A.lL
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Table 2. Results from the identification approach. Cases A.T and A.II consider configurations I and II, respectively, without
errors in the SPL values. Cases B.I and B.II consider configurations I and II, respectively, taking into account random
inherent errors in the SPL values.

Variable Actual value Identified value Identified value
Case A.I Case A.II Case B.I Case B.IT
SWLg; [dB] 102 101.4 100.5 100.3 101.8
SWLs, [dB] 105 104.0 104.9 106.5 106.9
SWLs3 [dB] 114 113.9 114.0 113.2 113.4
SWLs4 [dB] 101 101.1 98.7 100.8 103.9
SWLg5 [dB] 117 116.9 117.1 116.8 116.8
SWLse [dB] 100 100.5 101.2 98.0 101.2
SWLs7 [dB] 106 105.9 106.4 103.3 104.9
SWLgs [dB] 102 102.1 101.7 103.1 102.3
SWLgo [dB] 100 98.7 102.8 101.3 103.5
SWLs10 [dB] 110 109.6 109.9 108.4 108.2
Qlceiling 1 0.45 0.42 0.42 0.39 0.42
Qceiling 2 0.70 0.74 0.62 0.63 0.50
Qlpartition 0.25 0.30 0.41 0.40 0.40
OF [dB] 0.064 0.024 0.148 0.102
Mean absolute SWL error [dB] 0.43 0.88 1.31 1.37
Max absolute SWL error [dB] | 1.30 (SWLgo) | 2.80 (SWLso) | 2.70 (SWLs7) | 3.50 (SWLgg)
Mean absolute « error 0.04 0.09 0.09 0.13
Max absolute a error 0.05 (apartition) | 0.16 (ctpartition) | 0-15 (<partition) | 0.20 (Qtceiling 2)

(configuration II), for the a values. As expected, re-
sults for configuration I (with the greatest number of
monitoring points) are the most accurate. For Case B,
general results are also satisfactory. Again, calcula-
tions for configuration I (Case B.I) are the most ac-
curate. The mean errors for the SWL and « values are
less than 1.4 dB and 0.13, respectively. As it can be
seen, the majority of the variables are identified with
a good accuracy from the practical point of view, ex-
cepting for the sound power level of one of the sources
(SWLgg, for Case B.II) for which the estimation error
is greater than 3 dB. Figure 4 illustrates, for Case A.I,
the evolution of the objective function as a function
of the number of iterations until the optimal solution
(OF = 0.064 dB) is reached. Similar graphical reports
can be obtained from the rest of the cases studied.

6.3. Reconstruction of the acoustic field

Once the source powers and the surface absorption
coefficients have been identified, it is possible to es-
timate the acoustic field with the SADM. Obviously,
this calculation should reproduce with acceptable ac-
curacy the “measured” SPLs. In order to illustrate this
fact, Fig. 5 shows the noise map generated by means
of SADM with the identified variables for Case A.I.
In the same figure, one can observe a comparison be-
tween the “measured” SPLs and predicted SPLs. The

former corresponds to discrete numerical values (lo-
cated near each symbol O and ®), while the latter are
represented by the noise map. A good correspondence
is observed.

Finally, to confirm the efficiency of the proposed
acoustic diffusion model for the workroom adopted in
the example, the SPL values predicted by the SADM
are compared with those obtained by the RT technique
with the same identified values for the sound power lev-
els and absorption coefficients. Software Catt-Acoustic
was employed by the authors for the RT calculations
considering 10 - 10* sound rays (for each source). Com-
parison shown in Table 3, for Case A.I, provides a satis-
factory agreement, with a mean and maximum error of
about 0.8 dB and 1.9 dB, respectively. Similar results
were found for the rest of the cases.

It is important to mention that the use of the
SADM for the example presented, involved computa-
tion time of less than 1s for each trial. On the other
hand, the corresponding times, when using the ADM
and RT technique, are approximately 22 s and 1200 s,
respectively. In this way, the overall elapsed time to
perform 10000 iterations, in order to complete the
identification, would be of about 2.6 h (10000-1 s),
60 h (1000022 s), and 3300 h (10000 - 1200 s), when
using SADM, ADM, and RT technique, respectively.
This fact represents an important advantage in the
context of the identification methodology proposed.
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Fig. 5. “Measured” and predicted SPL distribution for Case A.I. The former corresponds to discrete numerical values
(located near each symbol O and ®), while the latter are represented by the colour noise map.

Table 3. Comparison of SPL at the monitoring points for Case A.I (units in dB).

Point 1 2 3 4 5 6 7
SADM 101.5 101.9 102.4 102.1 103.1 103.3 105.4
RT 100.9 101.4 101.7 101.6 102.8 103.6 105.8
Point 8 9 10 11 12 13 14
SADM 102.9 100.7 104.2 101.2 102.8 103.3 105.5
RT 102.3 99.5 104.0 100.2 102.8 103.4 105.0
Point 15 16 17 18 19 20 21
SADM 102.0 101.9 100.2 98.6 97.2 96.7 97.3
RT 101.4 101.3 99.3 97.3 96.3 95.4 95.4
Point 22 23 24 25 26 27 28
SADM 99.2 97.8 97.6 98.1 98.8 99.6 99.7
RT 97.7 96.9 96.5 96.9 97.4 98.5 98.9

7. Conclusions

The important problem of estimating the sound
source powers and the absorption coefficients of in-
terior surfaces in multi-source industrial workrooms,
from acoustic pressure measurements, was studied.
A simple and effective approach for this problem,
based on a combination of the simplified acoustic dif-
fusion model (SADM), the finite element method, and
the simulated annealing optimisation algorithm, has
been presented. The methodology has demonstrated

to be accurate and robust enough for its applica-
tion in industrial environments. The improvement of
the SADM over the ADM and RT techniques, in
terms of the computation time, has been verified.
This fact is the major advantage in the identifica-
tion procedure because of the large number of itera-
tions needed before an acceptable convergence may be
found.

Other important aspects, such as the study of large
scale sound sources with directivity and the problems
of determining the optimal location and number of
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monitoring points to employ, will be presented in a fu-
ture research contribution.
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