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question that has not yet been widely investigated in previous research, numerical
simulations are undertaken in this paper to optimize the microphone deployment for
both far-field and near-field arrays with the latter being the main focus. In the
simulation, a recently introduced near-field equivalent source imaging (NESI) technique
is employed for the near-field imaging. Global optimization techniques including the
simulated annealing (SA) algorithm and the intra-block Monte Carlo (IBMC) algorithm
are exploited to find the optimal microphone position efficiently. The combined use of
the SA and the IBMC algorithms enables efficient search for satisfactory deployment
with excellent beam pattern and relatively uniform distribution of microphones. In the
near-field optimization, a special kind of beam pattern and cost function definition is
used for the multiple-input-multiple-output (MIMO) imaging problem. As indicated by
the simulation results, random deployment of microphones is necessary to avoid
grating lobes in far-field imaging. In the near-field simulation, all results suggest that
the optimal near-field array is the uniform rectangular array (URA) and the random
deployment presents no particular benefit in near-field imaging.

© 2010 Elsevier Ltd. All rights reserved.

1. Introduction

Array technology has been used in many diverse areas including radar [1], sonar [2], radio astronomy [3],
telecommunications [4], and so forth. Its application encompasses purposes including signal enhancement, spatial
filtering, direction of arrival (DOA) estimation, etc. Early development of arrays or beamformers was primarily based on the
far-field assumption that the source is far away and the waves become spherical or planar at the array position. Far-field
beamforming algorithms such as the delay-and-sum algorithm [5], the minimum variance distortionless response (MVDR)
algorithm [6], and the multiple signal classification (MUSIC) algorithm [7] have been suggested in the past. Recently, array
technology has found application in noise source identification (NSI) with the use of microphones. Microphone arrays
serve as a powerful tool for acoustic field visualization that enables effective estimation of the positions and strengths of
noise sources [5,8-10]. In comparison with the far-field arrays that are particularly useful for long-distance and large scale
sources such as trains and aircrafts, near-field arrays represent a more recent and independent development of source
imaging technology. With the advent of the near-field acoustical holography (NAH) [11,12], many near-field acoustic
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imaging techniques including the inverse boundary element method (IBEM) [13], the Helmholtz equation least squares
(HELS) [14], the near-field equivalent source imaging (NESI) [15], etc., are introduced. These near-field techniques are well
suited for imaging small-scale sources such as cars and computers by virtue of high resolution focusing schemes.

In array implementation, transducer deployment has been one of the key issues. It is well known that, for uniform linear
arrays (ULA) and uniform rectangular arrays (URA) [16], array deployment must comply with the A/2-rule to avoid the
spatial aliasing and the grating lobe problems [12]. Consequently, a large number of microphones are required to cover
the source area, which can render the array configuration impractical for sources at high frequencies. This prompts
the development of non-uniform arrays that are capable of achieving high resolution and aliasing-free imaging with sparse
sensors [17].

Given the fact that random deployment can be useful to far-field arrays, a question arises naturally. Can this idea of
random deployment be carried over to near-field arrays? This interesting issue is relatively unexplored in the literature of
the past. The 4/2-rule—a well accepted criterion in deploying NAH arrays—can lead to undesirable high channel count. It is
then tempting to “randomize” the sensor positions like in the case of far-field arrays and achieve comparable performance
with sparse deployment. To explore this conjecture, numerical simulation is undertaken in this study with the aid of
optimization techniques for microphone deployment.

Several global optimization techniques are employed to deploy microphones for planar arrays used in far-field and
near-field imaging. Monte Carlo (MC) simulation [18-22] is based on straightforward random search. Despite its
simplicity, the MC method can be very time-onsuming. A more efficient technique, the simulated annealing (SA) algorithm
[23-25] is also used in the simulation. The SA algorithm relies on a search principle resembling the annealing process in
the metallurgy. The search process follows an annealing schedule dictated by a temperature-dependent probability. The
probability of accepting “worse” solutions in the initial high-temperature stage lends the SA method an effective approach
for problems with many local minima [24]. Several researchers have applied the SA algorithm to optimize far-field arrays
[26,27]. In this paper, modifications are made to enhance the search for optimal deployment. The intra-block Monte Carlo
(IBMC) method conducts the random search only in the pre-partitioned local regions. This approach enhances search
efficiency and often results in relatively uniform sensor deployment. A hybrid approach combining the SA and the IBMC
methods is also presented to improve the search performance. Optimization of microphone deployment was carried out for
both far-field and the near-field arrays. Near-field imaging is based on the results obtained using NESI and rectangular
planar arrays. The main objective of the present study is to find the optimal deployment of the near-field array, while the
far-field results are used as a means of testing the diverse optimization algorithms and contrasting the near-field results
with the conventional wisdom in far-field imaging. Results are discussed and summarized in the conclusion section.

2. Near-field imaging algorithm
In this paper, the recently introduced NESI algorithm [15] is employed for near-field imaging. The idea of NESI is
depicted in Fig. 1, where the sound pressures picked up by the microphone array and the source strengths are related by
Pux1 = Gmxy Q1 (1)

where | and M denote the numbers of virtual sources and microphones, respectively, p,,.; denotes the microphone
pressure vector, Gy, denotes the propagation matrix and q,; denotes the source strength vector. The source strengths
q,,; are estimated using the inverse filters C, that fulfill C;, yGp .« ~ I, with I being a J x J identity matrix, as

qjxl = CmPux1 = CuxmGmxbyx1 = Qjx1- (2)
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Fig. 1. The arrangement of the near-field URA used in the simulation of the NESI algorithm.
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This problem can be recast into a multiple-input-multiple-output (MIMO) model matching problem [15]. The ill-posedness
involved in the inverse filter design must be properly dealt with using regularization methods such as singular value
decomposition (SVD) [28] and Tikhonov regularization [29]. The resulting frequency response matrix of the inverse filters
is converted to the time-domain filters. In what follows, however, we are content with the frequency-domain formulation
in Eq. (3) in discussing array optimization.

Using the source strengths estimated by Eq. (2), we can reconstruct the sound pressure on a plane nearby [30], as shown
in Fig. 1, by

P, =Gq, (3)

where G, denotes the propagation matrix between the focal surface and the reconstruction surface. For more details of the
NESI array, one may consult Ref. [15].

3. Beam patterns and cost functions

In this section, the beam patterns and the cost functions are defined to facilitate the following array optimization
formulation. Since our focus is the near-field array, we only briefly review the far-field array as follows.

3.1. Far-field beam pattern and cost function

For a far-field array, the beam pattern can be defined in the wave number domain [5]
1M "
_ 2 : elkrn 4
b= M 4 ’ (4)

where k = w/c is the wave number, w is angular frequency, c is the speed of sound, and r, is the position vector of the mth
microphone and k = —kk is the wave number vector of a plane wave incident from the direction represented by the unit
vector K, as shown in Fig. 2.

In optimizing far-field performance, the aim is to minimize the maximum side-lobe level (MSL) of the beam pattern [5].
First, a circle with radius r; is drawn on the k,—k, plane to define the scope of the main-lobe, which is a judicious choice
based on the beam pattern observations. The exterior of this circle is considered the side-lobe region. The cost function for
far-field arrays is defined as

, (5)

where m and § denote the maxima of the main-lobe and the side-lobes, respectively. Because 1 = 1, maximizing the cost
function Q amounts to minimizing the MSL.

3.2. Near-field beam pattern and cost function

Due to the fact that the source is in the near-field and the focal points are multiple in numbers, the definition of
near-field beam pattern is not as straightforward as in the far-field case. This paper suggests a procedure to calculate the
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Fig. 2. A plane wave incident from the direction k to a far-field array.
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Fig. 3. Flowchart demonstrating the procedure of near-field beam pattern calculation.

near-field pressure field beam pattern by scanning on the focal surface using a test point source. The procedure is depicted
in Fig. 3 and described as follows:

(1) Design the inverse matrix C for the given array configuration. The inverse matrix C is calculated using the propagation
matrix G = {G(Xm,y;, )}. The entries in the propagation matrix G consist of the free-space Green’s functions:
eqmm
GXm, Yj @) = ——, (6)
jm
where rj, = [Xn—Y;| is the distance between the source point y; and the field point X,.
(2) Position the test source at a grid point on the focal surface. Calculate the sound pressure vector p received at the
microphones.
(3) Calculate the source strength vector at the focal points using the inverse matrix C:

q=Cp (7)
(4) Calculate the pressure field p? by propagating the spherical waves emitting from the point source at the zth grid point
on the focal surface to the reconstruction surface by Eq. (3).
(5) Move the test source to next grid point on the focal surface and repeat steps (2)-(4). Superimpose the magnitude of the
calculated pressure field for all Z test source positions to get the following near-field beam pattern vector:

z z z T
b=|>"pi1, DI > 2Dl ... > PRI (8)
z=1 z=1 z=1

where I' is the number of pixels on the reconstruction surface. Often, Z < I is selected.

With the beam pattern obtained above, a cost function is defined for the near-field array. Instead of the maximum
main-lobe and side-lobe ratio as in the far-field array, the near-field cost function focuses on the number and positions of
the main-lobe peaks. The desired focal points are located right underneath the microphones, whereas the synthesized
beam pattern is calculated according to the procedure detailed above.
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In the following, a near-field cost function is devised to ensure that the resulting beam pattern has well defined
main-lobe at all focal points. First, the maximum of the beam pattern has been normalized to unity such that the regions
with the value greater than 0.707 (—3 dB) are taken as the main-lobes. Second, define the interior of the circle centered at
each focal point with the radius r,,; as the scope of the main-lobe. The circle is used not only to define the main-lobe but
also to check if a main-lobe is defocused. For the jth focal point, find the maximum of a main-lobe m; that is greater than
0.707 (—3dB). The cost function of the near-field array is defined as

J
Q= Z m;. 9)
j=1
The objective of the present array optimization is to find the deployment that maximizes the cost function above.

4. Optimization algorithms

In this section, global optimization methods for microphone deployment are presented.

4.1. Intra-block Monte Carlo (IBMC) simulation

The basic MC algorithm is based on straightforward random search. For M microphones to be allocated to (m+1) x
(n+1) rectangular grid points, the number of possible combination is C,(V’,””)X(““), which is known to be an NP-complete
problem [31]. Due to the blind search nature, the MC algorithm can be very inefficient and result in non-uniform
distribution of microphones that concentrate at certain areas. To address these problems, a modified method IBMC is
proposed. By “intra-block”, we mean the localized region designated to each microphone on the surface, as shown in
Fig. 4(a). The MC search is only conducted within each block with random positions generated inside this designated
region. The M microphone elements will be designated to M localized regions. Hence, each region necessarily contains one
and only one microphone. The flowchart of IBMC is shown in Fig. 5. Initially, m x n divisions of a rectangular grid are set up
on the microphone surface. Next, M localized search regions are designated to microphones, as shown in Fig. 4(a). Each
localized region in Fig. 4(b) has the dimensions dmx = dmy = d, whereas the inter-element spacing of the grid points is
chosen to be dy =4d/m and dy, = 5d/n, respectively. The localized regions are centered at the microphone positions of the
uniform rectangular array (URA) that is selected to be the initial configuration in the optimization. The associated data
including the microphone positions x;, the beam pattern b;, and the cost function Q; are calculated. Next, each of the M
microphone positions x is randomly assigned to one of the search points on the localized region. The new beam pattern b
and the cost function Q are calculated for the assigned microphone positions X. The optimal solutions Xept, bopt and Qqpt are
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Fig. 4. Schematic diagram of localized regions and grid points. (a) The localized regions (dashed lines) on the microphone surface with the inter-element
spacing d=0.6 m. The symbol “J” indicates the microphone position. (b) The grid on a localized region. The microphone is constrained to move to one of
nine grid points (including the central one) in the far-field optimization. The microphone is assigned to any grid point in the localized region in the near-
field optimization for the SA search.
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Fig. 5. Flowchart of the IBMC optimization algorithm.

then replaced by the new solutions X, b and Q if Q > Qopt; otherwise the solutions are discarded. The simulation is
continued until the number of iterations I exceed the preset value Iigyc.

The IBMC algorithm is more efficient than the MC algorithm in that the search area for each microphone is far smaller.
In addition, the IBMC algorithm generally results in microphone positions that are more uniformly distributed than those
of the MC algorithm.

4.2. Simulated annealing (SA) technique

The MC algorithm can be very time-consuming and result in deployment that is far from optimal. Instead of blind
search like the MC method, another efficient SA algorithm is used in this study. SA is a generic probabilistic meta-algorithm
for the global optimization problem, namely locating a good approximation to the global optimum of a given function in a
large search space [23-26]. SA is well suited for solving problems with many local optima. Each point in the search space is
analogous to the thermal state of the annealing process in metallurgy. At high temperatures, atoms with high internal
energy are free to move to the other positions. As temperature drops, the internal energy is decreased to a lower state to
gradually form a crystalline structure. The objective function Q to be maximized is likened to the internal energy in that
state. One important feature of the SA approach is that it allows the search to move to a new state that is “worse” than the
present one in the initial high-temperature stage. It is this mechanism that prevents the search from being trapped in a
local maximum. The probability of accepting bad solutions decreases as temperature is decreased according to the
Boltzmann distribution and the algorithm finally converges to the optimum solution.

Fig. 6 illustrates the flowchart of SA. For the problem of maximizing the array cost function, the array is initially set to be
the URA with microphone positions x;. The corresponding beam pattern b; and cost function Q; are calculated. The
microphone surface is partitioned into m x n divisions in a rectangular grid. The localized regions and the associated grid
points are defined in the same way as the IBMC. Accordingly, each microphone can be assigned to any position within the
localized region in the simulation. The initial temperature T;, the final temperature Ty, and the annealing factor a are
selected accordingly. A typical value of a is in the range of 0.8 and 0.99. Initially, set Xopt = X, bopt = b; and Qqpe = Q;. Next, M
microphone positions x are tentatively assigned. Each microphone is randomly assigned to one of the grid points with
respect to the localized region. The beam pattern b and the cost function Q are evaluated for a new microphone positions x.
Calculate the difference between the present and the optimal cost function,

AQ = Q—Qup. (10)



M.R. Bai et al. / Journal of Sound and Vibration 329 (2010) 2809-2824 2815

Set mxn grid on the microphone surface. Initial array = URA,

microphone positions x; , beam pattern b; , cost function Q;.

M localized regions are divided on the microphone surface.

!

Choose initial temperature T, final temperature 7, and
annealing coefficient a

T= aXTi’ Xopl =X bopl = bi’ Qopt: Qi

v

Randomly allocate M microphones to nine grid points for

far-field arrays or to any grid points in the localized

regions for near-field arrays

v

Compute beam pattern b and

the cost function O

Fig. 6. Flowchart of the SA optimization algorithm.

If T>T; and AQ > 0, replace the optimized solutions Xept, Bopt and Qop: With the new solutions x, b and Q. Otherwise,
if AQ <0, evaluate the following probability function:

P(AQ,T) = AT, (11)

The above probability will be compared with a random number 0 <y < 1 generated subject to the uniform distribution. A
tentative solution is accepted when the probability function P is greater than the random number ); otherwise, the
solution is rejected. Namely,

{ P(AQ,T) >y, accepted (12)

P(AQ,T) <7y, rejected -

Note that the larger the cost function difference AQ or the higher the temperature T, the higher is the probability to accept
a worse solution.

As the search proceeds, the temperature is decreased according to an exponential annealing schedule that begins at
some initial temperature To and decreases the temperature in steps:

TkH:aka, (13)
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where 0 < a <1 is the annealing coefficient. The annealing process will be terminated if the temperature is lower than a
preset final temperature Ty As the annealing process proceeds and T decreases, the probability of accepting a bad move
becomes increasingly small until it finally settles to a stable solution.

5. Numerical simulations

In this section, array optimization is conducted in the context of far-field and near-field imaging. Simulations with and
without the intra-block (IB) constraint are carried out. The MC and SA algorithms are exploited to optimize microphone
deployment with no IB constraint. On the other hand, the SA, IBMC and a combined SA-IBMC algorithm with 5 x 6 URA and
random arrays with 30 microphones as the initial settings are employed to optimize microphone deployment with the IB
constraint. Numerical simulations are all based on ten randomly generated starting points.

5.1. Optimizing far-field array deployment by the MC and SA simulation

The MC and SA algorithm are exploited to optimize the microphone deployment. Initially, m x n divisions (m=24 and
n=30) of a square grid are set up on the microphone surface, as shown in Fig. 7(a). Each side of the square grid measures
0.1 m. The source frequency was considered as f=1.7 kHz and the speed of sound as c=340 m/s, yielding the wave number
k=27nf/c=31.4m~'. In addition, a URA of 5 x 6 (M=30) deployment with inter-element spacing d=0.6m is used as a
benchmark in the following simulations, as shown in Fig. 7(a). Its beam pattern calculated by Eq. (4) is shown in Fig. 7(b).
As expected, the grating lobes are clearly visible because the microphone spacing violates the //2-rule (d=3/ at f=1.7 kHz).
The cost function calculated by Eq. (5) is only 1.0261 because of the grating lobes. This prompts the use of random
deployment of microphones as follows.

In the MC simulation, the 30 microphones can freely occupy any 30 positions of the 25 x 31 grid points on array surface.
Exhaustive search would require 16* x 28!* x 49'? combinations for a 30-element array, while only 10° iterations are
carried out using this MC search. The MC search attains the optimal cost function 2.6532 at the 27596th iteration. The
learning curve of the MC search is shown in Fig. 8(a). The corresponding microphone positions and beam pattern
are shown in Figs. 8(b) and (c), respectively. Apart from the extremely time-consuming MC search, the SA approach is
employed next. The annealing parameters of the SA for array deployment are chosen to be T;=10°C, T;=10~8°C and
a=0.95 [23,25]. The learning curve of the SA search (405 iterations) is shown in the left portion (denoted as 1st SA) of
Fig. 8(d). The curve fluctuates initially and then converges to a constant value 2.5767 between the 351st and the 405th
iteration. The optimal microphone deployment and beam pattern are shown in Figs. 8(e) and (f). In addition to optimizing
the microphone positions, optimizing the microphone weights can further improve the value of the cost function.

On the basis of the configuration found previously by the SA, we continue to optimize the weights of microphones again
using the SA algorithm. The number of iterations is increased to 1000. Starting from unity weights, the microphone
weights are adjusted in each iteration with a random perturbation within the range of —0.1 to 0.1. The learning curve is
shown in the right portion (denoted as 2nd SA) of Fig. 8(d). The cost function is further increased to 2.7561 at the 1283rd
iteration. The resulting beam pattern is shown in Fig. 8(g), where a unique main-lobe is clearly visible.
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Fig. 7. The URA with inter-element spacing 0.6 m (34 at the frequency 1.7 kHz) for far-field imaging. (a) Array deployment, (b) beam pattern.
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5.2. Optimizing far-field array deployment by the SA and IBMC simulation

In this section, the SA, IBMC and a combined SA-IBMC algorithm are exploited to optimize microphone deployment
with the IB constraint. Both microphone positions and weights are to be optimized using the SA algorithm. Specifically, the
combined SA-IBMC method proceeds with three stages—the 1st SA stage, the IBMC stage, and the 2nd SA stage. The
parameters of the two SA stages are identical to those in Section 5.1. The learning curve of the 1st SA stage (405 iterations)
is shown in the left portion of Fig. 9(a). The curve fluctuates initially and then converges to a constant value 2.5328
between the 208th and the 405th iteration. The resulting microphone deployment and beam pattern are shown in
Figs. 9(b) and (c). Being able to avoid local minima by accepting “bad” solutions in the initial SA search can be a benefit and
a shortcoming as well. A shortcoming of the SA algorithm is that it can miss the optimal solution in the initial stage and
converges prematurely to a suboptimal one. A hybrid SA-IBMC approach is used in an attempt to address this problem.

The previous deployment obtained by the SA search is used as the input to the IBMC simulation. The microphone
position can be randomly chosen from the nine grid points in the localized region. Each region necessarily contains one and
only one microphone. Exhaustive search would require prohibitively 93° combinations for a 30-element array, while only
100 iterations are required in the IBMC search. The learning curve of the IBMC (iteration 406-505) is shown in Fig. 9(a). By
the IBMC search, the cost function is further increased to 2.5465 at the 482nd iteration. Figs. 9(d) and (e) show the optimal
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Fig. 8. The far-field array optimized using the MC and the SA algorithms without the IB constraint at the frequency 1.7 kHz. For the MC simulation,
maximum cost function Q=2.6532 is attained at the 27596th iteration. For the SA simulation, maximum cost function Q=2.7561 is attained at the 1283rd
iteration. The circle indicates the main-lobe. (a) Learning curve of the MC search, (b) optimal array deployment obtained using the MC search, (c) beam
pattern obtained using the MC search, (d) learning curve of the SA search, (e) optimal array deployment obtained using the SA search, (f) beam pattern
obtained using the SA search, (g) beam pattern with weights optimized.
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Fig. 8. (Continued)

microphone positions and beam pattern obtained at the 482nd iteration. Next, in the 2nd SA stage, the microphone
weights are optimized based on the configuration found previously by the SA-IBMC approach. The microphone weights
initially set to unity are adjusted in each iteration with a random perturbation within the range of —0.1 to 0.1. The learning
curve in 506 iterations is shown in Fig. 9(a). The cost function is further increased to 2.6602 at the 1429th iteration. The
resulting beam pattern is shown in Fig. 9(f), where a unique main-lobe is clearly visible.

Apart from the URA, the random array deployment is also used as the initial setting in the simulation. For brevity, the
results of MC, IBMC, SA and SA-IBMC simulations are summarized in Table 1. The highest value of the cost function
obtained with these ten randomly generated starting points is regarded as the optimal Q in Table 1. The simulation results
obtained with and without the IB constraint are compared in terms of number of iterations and the maximum cost function
values. Although the MC approach has reached the highest cost function (Q=2.6532), it takes 27 596 iterations to achieve
this value. By comparing the results of the MC and IBMC (with the URA as the initial setting), we found that the IBMC
approach can attain comparable cost function value to the MC approach with far less amount of computation (Q=2.5638 at
the 7662nd iteration of IBMC vs. Q=2.6532 at the 27 596th iteration of MC). In comparison with the results obtained using
the SA algorithm with the IB constraint (Q=2.6602 for the URA as the initial setting and Q=2.6573 for a random array as the
initial setting), the SA approach with no IB constraint has attained a slightly higher cost function (Q=2.7561) with
comparable computational complexity. It all boils down to the tradeoff between search time and optimality.

Incorporating the IB constraint could potentially have the following benefits. First, the IBMC algorithm is
computationally more efficient than the plain MC algorithm because of smaller search areas. Second, in the hybrid
SA-IBMC approach, the IB constraint could possibly improve the SA results when the SA algorithm converges prematurely
to a suboptimal result. Third, the IB constraint normally results in uniform distributions of microphones. By “uniform”, we
simply mean that microphones would not concentrate at only a few areas, which should not be confused with the
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Fig. 9. The far-field array optimized using the MC algorithm and the combined SA-IBMC algorithm with the IB constraint at the frequency 1.7 kHz.
Maximum cost function Q=2.6602 is attained at the 1429th iteration. The circle indicates the main-lobe. (a) Learning curve, (b) optimal array deployment
obtained using the SA search, (c) beam pattern obtained using the SA search, (d) optimal array deployment obtained using the SA-IBMC search, (e) beam
pattern obtained using the SA-IBMC search, (f) beam pattern with weights optimized.
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Table 1
The search performance of different optimization methods for far-field array deployment with the inter-element spacing d=0.6 m.

Constraint Method Find best Q iterations Best Q (linear)
Without IB (initially random array) MC 27596 2.6532
SA 351 2.5767
SA+wW 1283 2.7561
With IB (initially URA) IBMC 7662 2.5638
SA 208 2.5328
SA+IBMC 482 2.5465
SA+IBMC+w 1429 2.6602
With IB (initially random array) IBMC 23285 2.5617
SA 222 2.5224
SA+IBMC 406 2.5224
SA+IBMC+w 1352 2.6573

The letter “w” indicates that weight optimization is performed.

Table 2
The comparison of converged cost function Q of the URA and the optimized far-field random arrays at three different frequencies.

Array f=500Hz f=1kHz f=1.7kHz
URA 4.0216 1.0192 1.0261
Random array (without IB, initially random array) 1.5961 2.5451 2.7561
Random array (with IB, initially URA) 2.5048 2.3324 2.6602
Random array (with IB, initially random array) 2.6573 2.4305 2.6573

deployment of the constant-spacing uniform arrays. In summary, it is fair to say that the IB constraint significantly reduces
the computation complexity at the risk of converging to a suboptimal solution which may not be far from the global
optimum. This is generally sufficient in practical applications.

Apart from the source frequency of 1.7 kHz, we also run the simulation for the frequencies of 500Hz and 1kHz.
For brevity, we only summarize the results in Table 2. Random arrays yield unique main-lobe and higher cost function than
the URA at 1kHz. For the lower frequency of 500 Hz, no grating lobes are seen in the beam pattern of URA, while a higher
side-lobe level is found in the beam pattern of the random array. This leads to a higher value of cost function for the URA
than the random array at low frequencies. In the next section, we will examine whether the same idea of random array
applies to near-field imaging as well.

5.3. Optimizing near-field array deployment

In this simulation, the MC, SA, IBMC algorithms and a combined SA-IBMC algorithm are exploited to optimize
microphone deployment for near-field imaging. The 5 x 6 URA and random array with 30 microphones are used as the
initial setting for the simulation of near-field imaging. With reference to Fig. 1, the array parameters are chosen as:
microphone spacing d=0.6m, focal point spacing dp=0.6m (3. at the source frequency of 1.7kHz), and distance of
reconstruction L=0.1m. The focal points are collocated underneath with the microphones on a conformal plane
(the number of focal points is equal to the number of microphones). Thus, finer 25 x 31 grid points are set up on the
microphone surface. The microphone is free to move to any grid point inside the assigned localized regions.
The dimensions of the localized regions (see Fig. 4(b)) are dy,x=dmy=0.6m and the spacing of the grid points is
dy=dy,=0.1m. The main-lobes are defined as the interior of the circles centered at each focal point with the radius
m=0.02 m (the minimal distance between two adjacent grid points). The iteration limit Iyyc and Ijpyc are chosen to be 5000
and 1000, respectively. Figs. 10(a) and (b) show the cost function history of the MC search and the IBMC search with the
URA as the initial setting, respectively. The maximum value of the cost function Q=27.3 corresponds to the initial URA
deployment cost function at the frequency of 1.7 kHz. Apart from the time-consuming MC algorithm and the IBMC
algorithm, another attempt was made to find the optimal deployment using the more efficient SA algorithm. The annealing
parameters are chosen to be: T;=10°C, T;=10"8°C and a = 0.95. After 405 iterations, we obtained the learning curve with
the URA as the initial setting, as shown in Fig. 10(c). This learning curve converges to a stable value 3.8502 at the low-
temperature stage, as a typical SA behavior. This Q value is apparently suboptimal since it is smaller than the initial Q=27.3
of the URA. The maximum cost function remains the initial cost function (Q=27.3 at the frequency 1.7 kHz) corresponding
to the URA deployment. Finally, the hybrid approach SA-IBMC is employed to optimize the near-field array with the URA as
the initial setting. Fig. 10(d) shows the learning curve (405 SA iterations+100 IBMC iterations). The maximal cost function
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Fig. 10. The cost function history of near-field array optimization with inter-element spacing 0.6 m (341 at the frequency 1.7 kHz). Maximum cost function
value is Q=27.3 for the initial URA deployment. (a) All Q values, including those rejected during the random search by the MC algorithm, (b) all Q values,
including those rejected during the random search by the IBMC algorithm, (c) only the legitimate values accepted by the SA algorithm, (d) only the
legitimate values accepted by the SA-IBMC algorithm.

remains to be that of the initial URA deployment. Table 3 summarizes the search performance of near-field optimization
methods for three different frequencies 500Hz, 1kHz and 1.7 kHz with the URA and the random array as the initial
settings. As concluded from the table, even though the other initial setting is used for optimizing the random array,
the optimal deployment with the maximal cost function remains to be the URA. These results suggest that the optimal
near-field array is the URA when the number of focal points is equal to the number of microphones. The near-field beam
patterns defined in Section 3 calculated for the URA in Fig. 7(a) at the frequencies 500 Hz, 1 kHz and 1.7 kHz are shown in
Figs. 11(a)-(c). Thirty main-lobes with equal height centered at the focal points are clearly visible. The beam pattern of a
non-optimized near-field array at the frequency 1.7 kHz by the SA and SA-IBMC algorithms is shown in Fig. 11(d). Clearly,
the converged pattern is a dramatic departure from the URA and the associated beam pattern is quite ugly with quite a few
“defocused” points. To see the contrast, we also show an example of random deployment that corresponds to the
optimized far-field deployment obtained previous using the SA-IBMC method (the near-field cost function). Figs. 12(a)-(c)
show the beam patterns of the deployments at the frequencies 500 Hz, 1kHz and 1.7 kHz. It can be seen from the quite
smeared beam patter that many main-lobes are defocused or even missed. These observations lead to a conclusion that
contradicts the far-field experience—random deployment degrades the multi-focusing performance and the URA is the
optimal array. In addition, Table 4 summarizes the performance of different numbers of focal points using the same 5 x 6
URA with the inter-element spacing d=0.6 m (corresponding to 34 for the frequency 1.7 kHz) at the frequencies 500 Hz,
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Table 3
The search performance of different optimization methods for near-field array deployment with the inter-element spacing d=0.6 m at three different
frequencies.

Method Frequency (Hz) Best Q (linear)
Initially URA Initially random array
MC 500 28.2 8.5
1000 26.9 8.3
1700 27.3 8.2
IBMC 500 28.2 9.1
1000 26.9 9.5
1700 273 10
SA 500 28.2 4.2
1000 26.9 5.6
1700 273 4.7
SA+IBMC 500 28.2 4.2
1000 26.9 5.6
1700 27.3 4.7
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Fig. 11. The beam pattern of the optimized near-field array (URA). The inter-element spacing is 0.6 m (3 at the frequency 1.7 kHz). (a) At the frequency
500Hz, Q=28.2, (b) at the frequency 1kHz, Q=26.9, (c) at the frequency 1.7 kHz, Q=27.3, (d) the beam pattern of a non-optimized near-field array at the
frequency 1.7 kHz by the SA and SA-IBMC algorithms, Q=3.8502. The circles indicate the main-lobe. The symbol “-” indicates the focal points.
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Table 4
The performance obtained using different numbers of focal points in a 5 x 6 URA with the inter-element spacing d=0.6 m at three different frequencies.

Frequency (Hz) Q (linear)
5 x 6 focal points 9 x 11 focal points 13 x 16 focal points
500 28.2 28.8 26.7
1000 26.9 27.2 21.8
1700 273 283 16.6

1 kHz and 1.7 kHz. The cost function for 5 x 6 focal points (the number of microphones) is 27.3 at the frequency 1.7 kHz. It
increases to 28.3 when the number of focal points is increased to 9 x 11. However, for 13 x 16 focal points the cost function
decreases to 16.6, showing that it does not increase indefinitely with the number of microphones.

6. Conclusions

Optimized planar array deployment for source imaging is investigated in this paper. The outcome of the work is
twofold. First, global optimization algorithms have been developed to facilitate the search of the optimized microphone
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deployment. Second, whether or not randomization is necessary in near-field imaging is explored with the aid of these
optimization techniques. The SA algorithm and the combined SA-IBMC algorithm proved effective in finding the optimal
deployment for far-field imaging. For far-field array with sparse deployment in which inter-element spacing is large,
random deployment with optimal weights is crucial to avoiding grating lobes. As predicted by the conventional wisdom,
the optimized random sparse array provides excellent beam pattern with a unique main-lobe.

To answer the question whether the idea of random deployment acquired in far-field imaging applies to near-field imaging as
well, simulation employing the MC, IBMC, SA and SA-IBMC optimization techniques were conducted. Due to its complicated
near-field and multi-focusing nature, a special kind of beam pattern alongside the cost function is defined. It was observed that all
optimization approaches lead to suboptimal solutions with Q values far less than that of the URA. The maximum cost function is
always the initial cost function corresponding to the URA deployment. All results of simulations suggest that the optimal
near-field array is the URA and random deployment presents no particular benefit in near-field imaging.

As a limitation of the present study, the conclusion above concerning near-field imaging is based on the results obtained
using rectangular planar arrays. Whether the same conclusion applies to other array geometries remains to be explored in
the future.
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