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ABSTRACT

Past research has shown that virtual sensing techniques
can enhance the performance of active noise control sys-
tems by projecting the control points towards remote lo-
cations of interest. However, accurate sound field estima-
tion using virtual sensing is critical to the performance of
such active control systems and depends on both signal
processing and the physical microphone array. Typically,
microphone placement is determined by practical consid-
erations such as convenience, spatial constraints and cost,
resulting in limited exploration of optimal microphone po-
sitioning. The current study employs a genetic algorithm
to identify optimal microphone array configurations for
accurate estimation of the pressure in a diffuse sound field,
utilising the Remote Microphone Technique. The opti-
mality criterion is defined as the estimation performance
or the robustness of the derived topologies to practical un-
certainties. The resulting optimal configurations are eval-
uated against a conventional uniform linear microphone
array, which consist of sub-array elements capable of util-
ising both pressure and pressure gradient information for
enhanced estimation accuracy.

Keywords: Virtual sensing, Remote Microphone Tech-
nique, Microphone arrays

1. INTRODUCTION

Virtual Sensing (VS) has been effectively integrated in to
local Active Noise Control (ANC) systems such as the ac-
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tive headrest and has been shown to improve control per-
formance [1, 2].However, this is reliant on accurate esti-
mation of the sound field at the remote location of in-
terest [1, 3]. In general, VS studies have focused on the
use of physical microphone arrays with rather straightfor-
ward geometries, such as linear or circular arrays [4, 5].
Additionally, in many practical applications, microphone
placement is dictated by constraints in the system such as
limited space availability and convenience. Thus, limited
research has been undertaken investigating more complex
or flexible microphone positioning that is solely based on
providing optimal estimation performance. The problem
of finding the optimal combination of sensor positions, in
the ANC context, has been investigated in the past [6] with
the use of Genetic Algorithms (GAs) providing promising
results [5]. However, in most of the studies presented in
the literature the optimal configuration was generated by
selecting the combination of microphone positions out of
a predefined set. The current work constitutes a prelimi-
nary study to investigate the suitability of using a GA to
calculate the optimal microphone configurations from a
continuous set of available positions. The Remote Micro-
phone Technique (RMT) is used as the VS method em-
ployed for the estimation. The estimation error over a grid
of virtual microphones and the robustness to uncertainties
are used as performance metrics for the calculated micro-
phone configurations and the solutions are compared to a
uniform linear array consisting of sub-arrays capable of
incorporating pressure and pressure gradient for the esti-
mation of the pressure at the virtual microphones [7-9].
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2. REMOTE MICROPHONE TECHNIQUE
2.1 Virtual sensing formulation

The block diagram of a generalised virtual sensing system
using the RMT is shown in Fig. 1. The sound field is gen-
erated by [V, primary sources with complex strengths v =
T . T . -
[v1,v2,...,0x,] , with [-]" denoting transposition. The
source strengths correspond to realisations of uncorrelated
wide sense stationary random processes. The signals at

the monitoring microphones, d,, = [ml, Mo, ... ,mNm] T
and at the virtual microphones, de. = [e1, €2, ..., eNJT,
are given by
d, = Pyv (1a)
d. = P.v, (1b)
. Nm X Ny Ne XNy .
with P, € C and P, €¢ C~ denoting the fre-

Figure 1. Block diagram of a generalised virtual
sensing system. The sound field at the error micro-
phones, d., is estimated by applying the observation
filter O to the signals measured at the monitoring mi-
crophones d,.

quency response functions from the sources to the mon-
itoring and virtual microphones respectively. The sound
field at the virtual microphone positions is estimated by
applying the observation filter O to the monitoring micro-
phone signals. The estimation error is then given by

e=d.—d.=d. — Ody =P.v—OPyv. (2
The optimal filter, in the least squares sense, is calculated
by minimising the cost function [3]

J» = E[d'd.]

. . R R 3)
o — SpO" —OS" osmmoH} :
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where E[ -] denotes the expectation operator, [ -] denotes
Hermitian conjugation, the quantities S, and Sy, cor-
respond to the monitoring and virtual microphone power
spectral density matrices respectively and Sy, is the cross
spectral density matrix between the monitoring and vir-
tual microphones. These matrices can be calculated with
the help of the power spectral density matrix of the source
signals, Sy, as

=E[d.d]| = P.S,P! (4a)
Sum = Eldndy| = PySw Py (4b)
=E[d.d,] = P.S\ Py (4c)
=E[vo"]. (4d)

The unconstrained solution to (3) is then given by [3]
Ot = SmcSih = P.Sw PP (PSP (5)

where [~]71 denotes matrix inversion. The assumption of
uncorrelated sources with equal strengths simplifies the
source power spectral density matrix to a scaled iden-
tity matrix which can be omitted without loss of general-
ity. This formulation enables the calculation of the filter’s
expected performance without generating multiple sound
field realisations, making it suitable for repetitive calcula-
tions, such as those required for the optimisation with a
GA used in the this study.

2.2 Performance metrics

The monitoring microphone array configurations calcu-
lated with the GA are evaluated based on two metrics,
the estimation performance and the robustness to uncer-
tainties. The metric used to evaluate the performance of
the estimation is the normalised mean squared estimation
error. For a single virtual microphone this is given by

E [ee*
L. = 10log,, <E[c[l d*]]) ,

(6)

where [-]" denotes complex conjugation. The estima-
tion error gives negative values for good estimation per-
formance with —oo denoting perfect estimation.

The robustness of the configurations is reported by the
condition number of the monitoring microphone power
spectral density matrix, % (Smn,). Higher condition num-
bers signify higher sensitivity to uncertainties with the
theoretical maximum value being oo for singular matrices
and the lowest is unity, for a scaled identity matrix.
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3. GENETIC ALGORITHM

A GA is used in this work to perform a search of the mi-
crophone positions that will provide optimal estimation
performance under certain constraints. The search is per-
formed over a constrained two-dimensional continuous
spatial domain with MATLAB’s built-in GA algorithm.
When non-linear constraints, such as those used in this
study are included, the underlying algorithm used is the
Augmented Lagrangian Genetic Algorithm (ALGA) [10].
A Lagrangian consisting of the fitness values of the in-
dividuals complemented by the sum of a scaled transfor-
mation of the constraints is minimised in each generation,
and the original problem is approximately solved. The
high level flowchart diagram describing the algorithm is
shown in Fig. 2, and the steps and their associated param-
eters are described below.

Initial population |—>| Fitness evaluation |—’

Constrained 4—| Mutation H Crossover H Selection

No

Yes

—| New generation II

Figure 2. Flowchart diagram describing the genetic
algorithm used in the current study.

Elites

Population and coding scheme The parameters to
be optimised are the positions of the monitoring micro-
phones. The number of microphones is fixed to eight and
their z and y coordinates are interleaved in a vector of
the form x = [xl, Y1, T2,Y2, - - -, TN, me] which consti-
tutes one individual in the population, with one generation
consisting of 100 individuals. The population of the first
generation is drawn at random from a uniform distribution
scaled and shifted to satisfy any imposed constraints.

Fitness function The fitness function defines the per-
formance of each individual. In the current study, two
distinct fitness functions are used. The function evaluat-
ing the performance of the configurations is defined as the

5

sum of the estimation error values over a spatial virtual
microphone grid, given by

Ne
Jaa =Y Le,.
=1

For the optimisation of the robustness of the configura-
tions, the condition number is used as the fitness function
and is directly calculated using the corresponding built-in
function in MATLAB. Smaller values denote better per-
formance for both functions so the optimisation is formu-
lated as a minimisation problem.

)

Selection After the fitness of each individual in a gen-
eration has been evaluated, the individuals are ordered
based on a scale associated with their performance rank
instead of their fitness score. The values are proportional

1
to —, where r is the rank of each individual. Ordering
r

the individuals based on their rank removes the effect of
the spread of the score values on the convergence of the
search [11].

Elitism To ensure useful information is not lost from
one generation to the next, the notion of elitism is used.
The five individuals that scored highest are passed directly
to the next generation. This ensures that the best fitness
value of each generation cannot be worse than the previ-
ous and facilitates convergence to an optimal solution.

Crossover To traverse the search domain, individuals
in new generations are created by combining elements of
the parameter vectors of solutions in the current gener-
ation. After initial trials the percentage of the individ-
uals in the new generation resulting from crossover was
set to 80% which provides a good tradeoff between do-
main search and variability of solutions. For each indi-
vidual created by crossover five candidates are picked at
random and the two with the highest fitness score are cho-
sen as the “parents”. To decide which part of the vector
will be picked from each parent two integers, n and m in
the range from zero up to the number of parameters are
picked at random. Elements with indices less than n and
greater than m are picked from the first parent and the rest
from the second parent.

Mutation The new generation individuals that are not
created through crossover result from mutation, which is
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the process of applying random changes to some of the
values in the parameter vectors of current generation indi-
viduals. To perform the mutation, a direction in the space
of the parameter vector is picked and scaled at random. If
any imposed constraints are not satisfied the direction and
scale are adapted.

Constraints and bounds The minimum value of the
estimation error given by Eq. (7) has been constrained to
be great than —30dB for each virtual microphone, which
aims to discourage solutions that achieve effective esti-
mation on average across all positions by achieving ex-
tremely low error at a small number of microphone posi-
tions.

The values describing the coordinates of the micro-
phones have been constrained to satisfy two conditions.
Firstly, the microphones must not be located outside of a
specified area to avoid overly favourable positioning over-
lapping with the virtual microphone grid. Secondly, the
minimum allowed distance between the microphones is
constrained to be approximately 0.0354m. This constraint
serves a twofold purpose: first, to avoid overlapping mi-
crophones, and second, to ensure comparability with the
“conventional” array against which the solutions are com-
pared.

Termination conditions The optimisation is per-
formed until 300 generations are evaluated, or the best fit-
ness value change is smaller than 10~! for 100 successive
generations. At this point, the parameter vector associ-
ated with the best fitness values is returned as the optimal
solution.

4. SIMULATIONS
4.1 Simulation setup

The GA was used in a scenario where monitoring micro-
phones could be positioned over a rectangular spatial do-
main with side equal to 0.5m. A rectangular 0.5m x0.25m
grid of 10 x 10 virtual microphones was used to evaluate
the fitness function of Eq. (7). The complete geometry of
the optimisation problem is presented in Fig. 3.

To facilitate comparison with a past study [9], a two
element Uniform Linear Array (ULA) of inter-element
distance of 0.1m was implemented and positioned paral-
lel to the = Cartesian axis, as shown in Fig. 3. Each array
element consists of a sub-array with two pairs of micro-
phones, one orientated parallel to the x-axis and one to

‘oVirtual microphone « Optimisation area ®Reference array

-0.2 0 0.2
x [m]

Figure 3. Geometry of the optimisation problem.
Virtua microphones are denoted with blue dots and
the microphones of the reference linear array with
red dots. The grey square denotes the area the al-
gorithm uses for the candidate monitoring configura-
tions.

the y-axis. The distance between the two microphones of
each pair is 0.05m.

A diffuse sound field was generated by a constella-
tion of 501 ideal point sources on the surface of a sphere
with radius of 10m arranged on a Fibonacci lattice. At
low frequencies, the impact of the microphone topology
is obscured by the increased performance due to high co-
herence between the monitoring and virtual microphones
[2,4]. For this reason, the optimisation was performed at
a frequency of f = 1kHz, although the performance has
been assessed over a broader frequency range.

4.2 Optimising estimation performance

First, the GA was used to calculate microphone configu-
rations that provide optimal performance by minimising
the fitness function of Eq. (7). The optimisation was per-
formed five times and the spatial distribution of the esti-
mation error over the virtual microphone grid at the opti-
misation frequency is presented in Fig. 4, along with the
performance of the reference ULA. The black line indi-
cates the area over which the estimation error is less than
—10dB.
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Figure 4. Spatial estimation error distribution for the microphone configurations calculated with the GA at the
frequency of 1 kHz. The solid line (-) indicates the area over which the estimation error is less than —10 dB.

The configurations obtained with the GA yield sig-
nificantly lower fitness values than the reference design.
For the GA setups, areas with estimation errors below
—10 dB consistently extend further from the microphone
array, and the lowest error achieved is consistently lower
than that of the reference arrangement.

Distinct patterns are observed in the topologies of the
solutions. The configurations with the best fitness scores,
solutions 1 and 2, consist of linear sub-arrays oriented to-
ward the estimation area, extending the —10 dB error zone
along their axes [5,9]. The other configurations utilise the
same mechanism, to a lesser extent, combined with mi-
crophone placement near the virtual microphone grid to
achieve a low fitness value, resulting in slightly worse es-
timation spread over a larger area.

The performance gain achieved with the calculated
configurations comes at the cost of increased sensitivity
to uncertainties, which is reflected in the condition num-
bers associated with the arrays. Fig. 5 presents the condi-
tion numbers for the calculated arrays at frequencies from
50 Hz to 2 kHz. The condition numbers range from about
106 for the reference array to approximately 2.5 x 107 for
the solution with the lowest fitness score at the optimisa-
tion frequency, with the span increasing significantly at
lower frequencies. Additionally, it is important to high-
light the large range of the fitness scores being 42 dB at
the frequency of 1 kHz.

4.3 Optimisation with constrained condition number

An additional constraint on the upper bound of the con-
dition number was introduced to control the sensitivity of

7

Condition number
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Figure 5. The condition number for the arrays calcu-
lated with the genetic algorithm for frequencies from
50Hz to 2kHz.

the calculated arrays. Additionally, solutions 2 and 3 of
Fig. 4 were included in the initial population. The optimi-
sation was performed five times for each of the condition
numbers from 103 to 10® with a geometric step of 10. The
spatial distribution of the estimation error for the configu-
rations associated with the lowest fitness score from each
trial are shown in Fig. 6.

Even with the condition number constrained to low
values, the optimised arrays achieve lower function scores
than the reference array. The spacing between micro-
phones is larger under strict condition constraints and de-
creases with more relaxed bounds. The topologies exhibit
significant similarities; for condition bounds up to 10°, the
primary difference between configurations is the micro-

11™* Convention of the European Acoustics Association
Milaga, Spain * 23" — 26" June 2025 *

SOCIEDAD ESPAROLA

SEA DE ACUSTICA



FORUM ACUSTICUM
ails EURONOISE

K (Spm) < 10° £ (Smm) < 10
Ref. (J,, ~ —247) J,, ~ —267 J,, ~ =301
0 0 0 0
I~ P == |
-0.2 -0.2 0.2 0.2
= 2o o2 = R =
- — L] L] — =
= = ) =
-0.4 ¢ -0.4+ -0.4 . -04
-0.6 -0.6 | -0.6 | -0.6
-0.2 0 0.2 -0.2 0 0.2 -0.2 0 0.2 -0.2

% (Sm) < 10° % (Spm) < 10° % (Spm) < 107 £ (Spm) < 108
~ -317 J,, ~ =320 J,, ~ —349 J,, ~ —349
0 0 0

A N [
02 000 02 e 02 oo
= o = ) = )
£ ° £ ° o = o o
= L] = L] L] = L] [}
-0.4 -0.4 -0.4
-0.6 -0.6 -0.6
0 0.2 -0.2 0 0.2 -0.2 0 0.2 -0.2 0 0.2

z [m] z [m] [m)] z[m]

Figure 6. Spatial estimation error distribution for the microphone configurations associated with the lowest
fitness score when the condition number is constrained. The solid line (-) indicates the area over which the

estimation error is less than —10 dB.

phone spacing. At higher condition constraints, the opti-
mal configurations resemble those calculated without any
constraint on the condition, indicating that further relax-
ation of the bound is unlikely to yield significant perfor-
mance benefits.

Fig. 7 presents the condition numbers of the micro-
phone configurations of Fig. 6. The conditioning of the
arrays is consistent with the imposed constraints up to
approximately the optimisation frequency. For constraint
values of 10° and higher, the configurations with the best
fitness scores are those introduced in the initial population,
and their condition does not reach the bound. Notably,
among the two configurations, only the one returned for
K (Smm) < 106 satisfies this constraint. When the con-
straint is relaxed, the configuration that achieves the best
score is returned instead.

Condition number

0
1050 100 250 500 1000 1500
Frequency [Hz]

Figure 7. Conditioning of the microphone configu-
rations associated with the lowest fitness score when
the condition is constrained.

It is important to investigate the consistency of the GA
in calculating the optimal arrays presented in Fig. 6. Fig. 8
presents the spread of the fitness scores for the calculated
arrays at each constraint value, revealing a score range of
the order of 40 dB for all configurations, consistent with
the range for the unconstrained optimisation. The vertical
overlap of the boxes indicates that, for a specified con-
straint, a calculated array may perform worse than those
derived with more relaxed condition bounds, which con-
tradicts the purpose of the optimisation.

-220

-240

h g
-320
-340

10° 10 10° 106 107 10%
Condition constraint

Figure 8. Fitness score spread for the calculated ar-
rays for each condition constraint value.

4.4 Optimisation with constrained estimation error

An alternative approach to the optimisation is to con-
strain the estimation error to be lower than a specified
bound and minimise the condition number. Five trials
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were performed with the total estimation error over the
virtual microphone grid being upper bounded by values
from —100 dB to —400 dB in steps of 50 dB. The same
two arrays were included in the initial population for these
trials too.

The spatial distribution of the error for the arrays as-
sociated with the lowest condition numbers is shown in
Fig. 9. The titles indicate the constraint and the actual
value achieved by the array. It can be seen that when the
bound was set very low, no feasible solution was found
and the array that was closest to satisfying the constraint
was returend. The minimisation of the condition number
leads to distinctively different arrays compared to those
acquired by minimising the error, with inconsistencies in
the performance. The array associated with the J,, <
—300 dB has a condition number of about 3.4 x 10%,
while the array in Fig. 6 associated with a condition num-
ber bound of 10* achieves an error of .J,, ~ —301.

The range and median of the condition number asso-
ciated with the calculated arrays for each constraint value
are presented in Fig. 10. The spread of the values is signif-
icant when the consistency in the estimation error is taken
into account. The results suggest that the same error val-
ues can be achieved with arrays whose conditioning dif-
fers significantly from each other. In contrast to the results
obtained for the error minimisation, no significant overlap
is observed between the condition numbers of the arrays
calculated for each constraint bound.

5. SUMMARY

In this study, the applicability of a genetic algorithm for
the calculation of optimal microphone configurations used
to estimate the pressure in a tonal diffuse sound field at
some location remote from the array was investigated.
The sum of estimation errors over a spatial grid of
virtual microphones was used as the optimisation crite-
rion. Microphone arrangements with similar topological
patterns demonstrated performance gains compared to a
reference linear array composed of sub-arrays capable of
incorporating pressure and pressure gradient information
into the estimation process [9]. However, the performance
gains were accompanied by increased sensitivity to uncer-
tainties, as assessed via the numerical conditioning.
Further optimisation trials were conducted with con-
straints on the condition number or the sum of estimation
errors over the grid. Significant inconsistencies were ob-
served in the results, with similar error metrics resulting
from distinctly different array topologies. Overall, the
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range of the fitness values associated with the calculated
configurations was found to be excessive with significant
overlap for different constraint values in certain situations.
Further refinement of the algorithm and its parameters is
required if the method is to be used for the calculation of
optimal microphone configurations.
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