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1 INTRODUCTION

Sound Field Control (SFC) is a topic that lies in between Acoustics and Signal Processing (SP) where
the aim is to design systems capable of controlling, managing, and manipulating a sound field in a
region (or several regions) of the space using an array of secondary sources driven by purposefully
designed input signals (i.e., complex source strengths).

In order to design the input signals, methods for SFC have been proposed, such as optimal beam-
forming, time-reversal signal processing and the pressure-matching method'~* as well as methods
based on control of the acoustic energy, such as the acoustic contrast maximization®® and the energy
difference maximization methods 8.

For a given array geometry, techniques for SFC differ between each other based on, for example,
the theoretical model and assumptions they rely upon, and on the expressions for the complex source
strengths which may depend on various parameters. Due to the aforementioned differences, a “fair”
comparison between SFC techniques is not straightforward.

Methods for SFC have been compared in different settings and applications, such as in reflective
environments®, personalized audio in vehicles %, and generation of warning signals for the safety of
pedestrians .

In this paper, four SFC methods, i.e. the Delay-and-Sum beam-former, the Pressure-Matching,
the Acoustic Contrast Maximization, and the Energy Difference Maximization, have been compared
under given constraints on directivity performance and maximum input power to the array by means
of computer simulations using a linear array of monopole sources radiating in free-field.

The remainder of the paper is as follows. Section 2 introduces the theoretical background of the
four methods for SFC considered in this work. The algorithm for fair comparison of the SFC methods
is proposed in Section 3. The simulations and the conclusions are reported in Section 4 and Section
5, respectively.

2 THEORETICAL BACKGROUND

All the acoustical quantities introduced in this section have a time dependence of ¢/?', where j = /—1
is the imaginary unit, o is the angular frequency, and ¢ is time.

With reference to Figure 1, let us consider an array of L sources of coordinates y,, £ =1,...,L,
driven by the complex source strengths q” (©) = [g1 (@), ..., qr ()], where []7 indicates the operation
of vector (or matrix) transpose. The SFC problem in this work is formulated for a control area with a set
of M control points of coordinates x,,, m=1,--- M located in the control zone V. The vector of complex
sound pressures measured at the control points is p” (©) = [p (x1,®),..., p Xy, ®)]. Assuming that the
superposition of the effects holds in the control zone, the relationship between the sound pressures p
and the source strengths q can be written as?

p(0) =Z(0)q(0), (1)
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where
Z(x1,y1,0) -+ Z(X1,yL,0)
Zyxr(0)= : f ()
Z(Xnylaa)) Z(XM7yL7w)
is the plant matrix, whose m-th, ¢-th element is the electro-acoustical transfer function between the
sound pressures and source strengths. Hereafter, the dependence on the angular frequency o will
be omitted to simplify the notation. The acoustic potential energy density E, hereafter referred to also
as acoustic energy, averaged over the M control points is defined as®”’

1 , 1 ¥ > U yon H
E=—|pl>=— DIF = —q'217q = q"'Rq, 3
77 1Pl Mm;llp(xn)\ 279 q=q"Rq (3)

where ||-|* and |-| indicate the operations of /,-norm squared and absolute value, respectively, and R =
iZHZ represents the spatial correlation of the transfer functions®’, and [-]¥ indicates the operation
of complex conjugate transpose. Similarly, the input energy E, of the array of sources, also referred
to as array effort, is defined as

E,=||q||*=q"q (4)
and it is used as a measure of the input power required by the array to control the sound field®.

For the SFC problem under consideration, a given control point could be either acoustically bright
or acoustically dark, depending on where the sound pressure level is to be maximized or minimized,
respectively. The coordinates of the bright and dark points are denoted with xE,B), b=1,---,Mp and
xflm, d=1,--- Mp, where My and Mp are the number of bright and dark points in the control area,
respectively, and Mg + Mp = M. Using the above notations, the sound pressure pg, the plant matrix
Z;g, and the acoustic potential density energy Ez measured at the control points in the bright zone can
be represented as

[ 2Py ez )
ps=72Zpq, Zp= : : . Eg=q"Rgq, (5)
| Z(gov1) e Z(x4gve)
and the same quantities measured at the control points in the dark zone are described by
[z oy oz )
Pp =Zpq, Zp= : : ) Ep=q"Rpq, (6)
| Z(xi)y1) e Z(xy) v

where R and Rp are the spatial correlation matrices of the bright and dark zones, respectively.

The expressions of pp, Zp, ps, and Zz relate to p and Z through the relationships p = [pgpg]T and
Ty7178

Z=[2}7}) 8.

2.1 Methods for Sound Field Control

In this section, the theoretical models of the SFC methods considered in this work are reviewed.

The Delay-and-Sum (DAS) "2 is an algorithm that makes use of delay lines to focus sound in space,
wherein the input signals to the array are aligned in time so that they undergo constructive acoustic
interference at the bright point. Assuming one control point in the bright zone and by defining z5 =

[Z(X(IB),yl),~~- ,Z(x(lB),yL)] as the vector of the transfer functions between the sources and the bright
point, the expression for the complex source strength calculated with the delay-and-sum method can
be written as "

Z*

(7)

dpas =
zyzp’

where [-]* indicates the operation of complex conjugate.
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Figure 1: Example of a SFC control problem.
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Figure 2: Control zone setup for the linear array - The green, blue, and red circles indicate the sources,
the dark points, and the bright point, respectively.

The Pressure-Matching (PM) method 2134 is based on the minimization of the complex error epy =
P—p=pP—Zq, in a least-squares sense, between the desired and arbitrarily chosen target sound
pressures P’ = [p(x1),...,p(xy)] (also called target signal) and the reproduced pressure p, both
defined at the control points?'4. The cost function Jpy to be minimized is defined as the sum of the
squared reproduction complex error term epy;, and of an effort penalty term Bqq, that is 4

Jpm = epvepm + Brva’ q, (8)

where Bpy € [0,0) is the Tikhonov regularization parameter, which can be frequency dependent?'4.
The cost function Jpy is convex with respect to the imaginary and real parts of the q and it has a
unique global minimum'3. The source strength vector gpy that minimizes the cost function Jpy is
found by setting to zero the complex gradient of Jpy; with respect to q and then solving with respect to
q'*. Assuming M > L, the complex source strength qpy is given by 1314

apm = [ZHZ + Bem1] ' 27D, (9)
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where []~! indicates the operation of matrix inversion. In this work, the target signal at the control
ot ; AT _ [aTAT AT _ [5((B) Al BN 5By AT _ (D) )

points is defined as p* = [pppp], where py = [p(xy),..., p(xy,,)], P(x, ) =1,and Py, = [p(x; ), ... p(xp, )],

ﬁ(xEID)) = 0, are the target signals in the bright and dark zone, respectively.

The Acoustic Contrast Maximization (ACM) method was introduced by Choi et al. and it aims at

the maximization of the acoustic contrast (AC), which is defined as the ratio between the averaged

energy density in the acoustically bright and dark zones, that is®

_Ez_ q"Rgq

AC=2 = :
Ep qRpq

(10)

The cost function to be maximized is Jacyy = AC and the source strength vector that maximizes Jacy
is given by the following eigenvalue problem®6

lnqn: (RBIRB) qQn, (11)

where 4, is the n-th eigenvalue of matrix RI;IRB.The optimal source strength qacy is calculated by
selecting the eigenvector corresponding to the maximum eigenvalue of the matrix [Rp +ﬁACMI]’1R35,
where the regularization factor Bacm € [0,9] is introduced due to the presence of the operation of
matrix inversion.

The Energy difference Maximization (EDM) , proposed by Shin et al., aims at maximizing the acous-
tic energy difference between the bright and the dark zones. The cost function Jgpy to be maximized
is defined as”’

Ep— aEp N qH (RB — OCRD) q

E, q“q

where « is a positive real-valued factor used to adjust the relative importance between acoustic en-
ergy difference’ and the control effort for the energy in the dark zone®. The source strength vector is
obtained from the following eigenvalue problem?:8

Jepm (q) = ; (12)

)~nqn = (RB - aRD) qn (1 3)

by selecting the eigenvector corresponding to the maximum eigenvalue of the matrix Rz — aRp. ltis
important to emphasize that the solution of the EDM method does not involve the operation of matrix
inversion.

2.2 Performance evaluation

In this work, performance of the SFC algorithms are evaluated in terms of Acoustic Contrast (defined
in Eqn. (10)), Array Efficiency (AE), and directivity patterns.

Let pp be the sound pressure measured at the bright point due to the array driven by the complex
source strength q. Let Eryon be the input energy required to L monopoles, co-located at the acoustic
center of the array and operating in phase, to generate pp at the bright point. The Array Efficiency
(AE) is defined as the ratio between E;y0n and the input energy E,, that is

. E 4mrp)? |psl®
AE = 1010g10 ( LMON) = 1010g10 M , (14)
Eq Eq

where rp is the radial coordinate of the bright point given in polar coordinates. The performance
parameters have been averaged in six frequency bands with uniform frequency spacing defined by
the following ranges [177,355]Hz, [355,710]Hz, [710,1420]Hz, [1420,2840]Hz,

[2840,5680]Hz, [5680,11360]Hz. The center frequencies corresponding to the given frequency bands
are [250,500,1000,2000,4000,8000]Hz.
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3 STRATEGY FOR FAIR COMPARISON OF ALGORITHMS FOR
SFC

For a given array geometry and a given set-up of the control zone, the considered algorithms for SFC
require to set the values of tuning parameters, such as the regularization factors fpy and Bacwm in the
PM and ACM methods, and o in the EDM method. Those parameters have, in general, a significant
impact on the performance of algorithm for SFC. For example, the regularization factor fpy in the
PM method controls the trade-off between the directional performance and the input power required
by the array whereas the regularization factor Bacym in the ACM method does not control the input
power®. The tuning factor a controls the energy difference between the bright and the dark zones?.

In order to compare the algorithms, two performance constraints - on the maximum input power to
the array and to the reconstructed pressure at the bright point - are introduced. The tuning parameters
are then used along with a compensation filter to satisfy the performance constraints.

Magnitude and phase compensation of the pressure at a chosen bright point The first constraint
is set to ensure that the calculated complex source strengths q provide for the perfect reconstruction
of a target signal p,, where b is the index of a bright point chosen from the set of Mp points in
the bright zone. Whilst the PM method allows for the control of the magnitude and phase of the
reconstructed pressure at the control points, methods based on the control of the acoustic energy do
not allow to control the phase of the sound pressure at the control points®. Due to this fact, Shin et al
have proposed a “phase-compensation” filter applied to the source strengths obtained with the EDM
method to match the phase of the reconstructed pressure at a given point in the bright area with that
of the target pressure at the the same point8. In principle, the compensation filter can also be applied
to the ACM method. Using a similar concept as the “phase-compensation” filter, a filter Wypc for
compensation of the magnitude and phase of the reconstructed pressure p,, with respect to a desired
target signal p, is proposed to implement the constraint on the reconstructed pressure at the bright
point. The filter is applied to the q designed with a given algorithm, thus giving the compensated
source strengths q defined as

4 = Wwpcq, (15)

where Wypc is the MPC (Magnitude and Phase Compensation) filter and it is defined as

Wype = 22— Db, (16)
Py 7,9
The constraint can be written as
Constraint 1 : p,(q) = pp. (17)

Limit on the Input Power The second constraint is set to ensure that the input power to the array
|d]1> = X%, |4¢|* driven with the compensated source strengths does not exceed a given maximum
value ||q|[3;sx- This can be written as

Constraint 2 : [[§[|* < [l q{ax - (18)

In this paper, ||q||§,[AX is expressed in terms of the input power required by L monopoles radiating
in free-field and operating in phase that are focusing sound at one bright point located at xz and
producing the sound pressure pg = 1. Let the distance between the bright point and each monopole
be equal to r,. By assuming r, ~ R, the reference input power ||q||fef can be written as

» & (4nR\?  [4nR\’
k=% (F) = (%) (19)

However, for a given SFC method, the above value for the reference input power might be quite a
restrictive limit, especially at low frequency. Therefore, ||q||§4AX has been defined as

2 2
lallmax = O-Hquef’ (20)
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—_

. INPUTS = &4, 0, g%/, 0hax.

—_

. INPUTS = g3, 0, lql%/, Buin.

2: Calculate ||q[|3;,x (Eqn. (20)) 2: Calculate ||q[|3;,x (Eqn. (20))
3: Initialize ﬁ = ﬁMIN 3: Initialize o = onviax

4: Calculate q using PM or ACM 4: Calculate q using EDM

5. Calculate § = Wwvpcq 5. Calculate § = Wwvpcq

6: while |d]” > [|qllax do 6: while [d]” > [|qllyax & @ >0 do
7. B=B+¢gp 7. a=0—¢&

8:  Calculate q using PM or ACM 8: Calculate q using EDM

9: Calculate § = Wypcq 9: Calculate § = Wypcq

10: end while 10: end while

11: 11:

12: return 3, § 12: return a, q

(a) Procedure to compute 8 and g for PM and ACM (b) Procedure to compute a and § for EDM method
methods.

Alg. 1: Pseudo-code of the algorithms for the implementation of the performance constraints.

where o is a positive real-valued safety factor. In all the simulations, the safety factor is set to o = 2.25.
Furthermore, it is assumed that the maximum hard-bound limit to the input power to the array is
constant over frequency and equal to [|q||yax (@) =2.25||q||%, ;. The value of [|q||y;xx can be expressed
in dB with respect to the unitary input voltage to the array of sources.

Implementation of the constraints Having introduced the two performance constraints, an algo-
rithm that makes use of the tuning parameters of the methods along with the MPC filter is introduced
and used for fair comparison of the methods. For a given algorithm and a tuning parameter, the
approach is to iteratively increase (or decrease) the tuning parameter and calculate the compen-
sated complex source strengths ¢ using Eqgn. (15) until they meet the constraint on the maximum
input power in Egn. (18). As a result of this procedure, the compensated source strengths, the com-
pensation filters, and the tuning parameter are obtained. The algorithms to implement the given
performance constraints for the PM and ACM methods and for the EDM method are reported in the
form of pseudo-codes in Algorithm 1a and Algorithm 1b, respectively. The compensation filters for the
Delay-and-sum can be applied directly by substituting Eqn. (7) into Egn. (15). Although the domain
of the regularization factor  for both PM and ACM (i.e., Bpm and Bacm) is [0,0), in order to ensure a
faster convergence of the algorithm, the domain is chosen as [Bu, <), where By is the minimum
value for the regularization set by the user. The regularization factor is updated, at each iteration
i, using the rule B; = B;_| + &g, Where gg is the step size. Instead, the EDM tuning parameter « is
updated using the rule o; = o;_; — g4 from o = aypax to a = 0, where g is the step size of the EDM
parameter. Both the step sizes &3 and &, are set by the user and the role of the choice of a given
value for the step size in the calculation of the compensated source strengths is not discussed in this
paper. The values of the step sizes and the input parameters to the algorithms used in this paper are
defined in the next section.

4 SIMULATIONS

The control zone considered in this set of simulations consists of M = 37 control points uniformly
arranged on a semi-circle of radius R =2m. The angle between adjacent control points is 5°. A single
bright point is chosen, located at 6 = 90°, where 63 is the angle of the bright point given in polar
coordinates. The other Mp = 36 control points are set as dark points. The array of sources consists
of L = 16 equally-spaced sources arranged in a linear geometry. The spacing between adjacent
sources is d = 3.86cm. The coordinate of the ¢-th transducer of the array is given by y, = [¢d/2,0],
where ¢ € [-(L—1),L—1]. Figure 2 shows the sound field control setup considered in this paper and
indicates the location of the sources and of the bright and dark points. The sampling frequency is set
to fy = 48 kHz. If the sources of the array radiate sound as ideal monopole sources in free-field, then
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Figure 5: Calculated regularization factors. Figure 6: Calculated a.
the elements of the plant matrix can be expressed as
eij%‘xmfyk‘ 21
Z(x 0)=———"——
( ms Y5 ) 47r|xm_y'é|, ( )

where |x,, — y(| is the distance between the two vectors x,, and y,.
The values of the parameters used in Algorithm 1a for the PM method are egM =10"% and

M. =1072°, Those used for the ACM method are 4™ = 10~° and B4SY = 10-2°. The step size
MIN B MIN

for Algorithm 1b is &, = 1072. The value of amax has been calculated as described next. Figure 3
shows the acoustic contrast (in dB) as a function of 0 < o < 200 and the MPC filter at five frequencies
[125,250,500,1000]Hz. As shown by these results, the AC increases quite smoothly up to a certain
value of o and then it starts decreasing and becomes more erratic. Assuming that the AC increases
smoothly up to a given value of alpha, then aymax is selected as the value of a for which the second
derivative of AC in absolute value does not exceed a given threshold in dB, which, in this simulations,
is set to 0.01 dB. The circles in Figure 3 show the value of ayax selected with the proposed procedure
at the frequencies considered and Figure 4 shows the selected EDM amax as a function of frequency.

Figure 7 shows the perfect overlap between the responses of the reconstructed pressure at the
bright point due to the compensated source strengths for all the algorithms considered. This indicates
that the second constraint is fulfilled in all the cases.
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The regularization factors for the PM and ACM methods and « calculated with the proposed al-
gorithms are shown in Figure 5 and Figure 6, respectively. The magnitude and phase responses
of the compensation filters for all the algorithms are shown in Figure 8 and Figure 9, respectively.
The compensation filter for the DAS has constant magnitude whilst the Wypc for the PM method is a
frequency-dependent gain. The Wypc for the ACM can be almost regarded as a low-pass filter with
cut-off frequency at 3 kHz and linear phase response. This is similar to the compensation filter for the
EDM, although the magnitude response after 8 kHz becomes more erratic and the phase response is
not linear and this might lead to non-constant group delay.

The frequency-averaged directivity patterns for six

Reconstructed pressure at the bright point frequency bands for the four algorithms considered
°r ‘ — obtained with the proposed strategy are shown in Fig-
A pv | | ure 10. At low frequencies, the DAS method shows

oM the poorest performance in terms of directivity. The

PM and ACM are quite similar at all frequencies. The
EDM also shows the same performance as PM and
ACM for all the frequency bands apart from frequency
band number 6, wherein the level of the side-lobes is
higher than the other algorithms.
The Acoustic Contrast averaged in frequency
Ll | bands is shown in Figure 11. The DAS method shows
lower AC with respect to the other equalized complex
. _ . source strengths designed with PM, ACM, and EDM.
10 Frequenay, [H2] 10 The Array Efficiency averaged in six frequency
bands is shown in Figure 12. The DAS exhibits the
Figure 7: Reconstructed pressure at the highest efficiency. Apart from low frequency, where
bright point. the PM, ACM, and EDM methods show similar values
of efficiency, at high frequency the EDM has lower

SPL, [dB]

2+

performance with respect to the PM and ACM.

5 CONCLUSIONS

In this paper, four widely used methods for Sound Field Control have been compared by means
of computer simulations under free-field conditions. For a given array geometry and control zone
set-up, the performance of these methods depend on tuning parameters. In order to enable a fair
comparison between methods, a signal processing strategy to implement performance constraints on
maximum input power to the array and on the reconstructed pressure at the bright point has been

Magnitude of the Compensation filters
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Figure 8: Magnitude FRF response of compen- Figure 9: Phase FRF response of compensation
sation filters filters
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Figure 10: Directivity Patterns of the compensated source strengths averaged in frequency bands.
The radial and angular coordinates are given in dB re 1 [Pa] and in degrees, respectively.
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Figure 11: Acoustic Contrastin frequency bands.  Figure 12: Array Efficiency in frequency bands.

proposed and applied to the considered SFC methods. The strategy allows for the calculation of the
tuning parameters and of a filter for the perfect reconstruction of a target signal defined at the bright
point, thus returning the compensated source strengths which fulfill the performance constraints.
The compensated source strengths have then been compared in terms of acoustic contrast, array
efficiency, and directivity patterns. For the given array and control zone setup, simulations have shown
that, at low frequencies, the compensated source strengths of the PM, ACM, and EDM methods can
reach almost identical performance in terms of all the parameters considered. The compensated
DAS shows the lowest contrast and poorest directivity performance but the highest efficiency. At
high frequencies, the compensated source strengths calculated with the PM and ACM methods show
slightly higher acoustic contrast than the ones calculated with the EDM method. Differences in array
efficiency between the compensated PM, ACM, and EDM are more significant at high frequencies,
where the efficiency of the PM and ACM method is higher than that of the compensated EDM.
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