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ABSTRACT

Reproduction of a desired sound field over the target region is a hot topic in the
research area of the spatial audio. For multi-zone sound field reproduction (SFR),
I) an algorithm integrated a Least-Square (LS) criteria with Acoustic contrast
control (ACC) constraint is proposed, which tunes the balance between the acoustic
contrast and the spatial average error, II) two time-domain ACC methods based on
response variation and differential constraints are introduced, respectively, which
can avoid the causality problem and maintain a flat frequency response in the
“bright” zone. Moreover, the issues around ensuring robust performance in SFR
systems are investigated. A framework for robust SFR technique is developed,
which allows a physical perspective on the regularization required for a system,
increases robustness of the SFR systems against perturbations, and simplifies the
SFR system design. For single-zone SFR, a time-domain SFR approach using the
group Lasso is presented, which achieves an accurate SFR performance over the
target region using a small number of activated loudspeakers.
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1. INTRODUCTION

The Ambisonics [1], wave field synthesis [2] (WFS), and LS [3] techniques in
SFR focus on the reproduction performance of large-scale sound field regions, that is,
the similarity between the reproduced sound field and the target sound field, which
is generally defined as the normalized mean square error (MSE). These technologies
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is mainly used in large venues and aim to provide better listening experience to more
listeners, so larger listening area is preferred and the performance of the sound focusing is
omitted. In contrast, the ACC method concentrates on the acoustic contrast performance,
and reproduce the sound field only in a local area by maximizing the ratio of the average
acoustic energy [4]. The optimization cost function of the ACC method indicates that it
only focuses on the contrast performance rather than the MSE, resulting in poor sound
quality. However, in practice, spatial average error should be considered together with
acoustic contrast in the design of a local sound field that produces high-quality sound
around the user. Wu and Abhayapala proposed a multi-zone reproduction technique [5]
for reproducing sound in bright zone while limiting the acoustic potential energy in dark
zone, taking into account two performance metrics. Chang and Jacobson proposed the
acoustic contrast control pressure matching (ACC-PM) method and introduced weighting
factor parameters to adjust the trade-off between the two performance indicators [6].
However, the relationship between weighting factors and acoustic contrast is still unclear.
This paper proposes a method that combines LS-based SFR with ACC constraints and
introduces constraint parameters that represent minimum acoustic contrast [7]. The
spatial average error is minimized only when the acoustic contrast is greater than the
value of the constraint parameter.

Traditional ACC method is typically designed on a set of discrete frequencies and
transformed to the time domain using an inverse discrete Fourier transform. The resulting
design cannot avoid causality problems and it is not possible to obtain satisfactory
acoustic contrast over a broad frequency range, especially when the filter length is
short. To solve these problems, Elliott and Cheer first designed ACC in the time domain
and proposed the broadband acoustic contrast control (BACC) method [8]. Although
the BACC method can solve broadband contrast problems and causal problems, the
frequency response of bright zone cannot be controlled; this may cause frequency
response distortion. In this paper, the response variation (RV) and response differential
(RD) terms are introduced in the BACC-RV method and BACC-RD method to overcome
this problem [9]. The improved methods have good contrast performance over a wide
frequency range and reproduce a flat frequency response in the bright zone.

SFR systems are susceptible to the interference of the acoustic transfer functions
(ATFs) between the loudspeaker array and the control microphones, which may be
due to the sensitivity of each source, the complexity of the spatial response or the
mismatch of the source location. In order to prevent performance degradation under
real conditions, the robustness should be carefully considered. In this paper, a robust
acoustic modeling-based SFR framework is developed [10–12]. The acoustic modeling
describes the ideal radiation from the loudspeakers to the control microphones, and uses
the estimated error model to represent the amplitude and phase variations in the ATFs. In
addition, a simplified model-based estimation of regularization parameters is proposed,
which makes robust ACC more practical.

SFR systems using LS methods usually activate all candidate loudspeakers to minimize
MSE between desired and reproduced sound fields, which may result in blurred spatial
sound images [13]. Although the least-absolute shrinkage and selection operator (Lasso)
can be used to limit the number of active loudspeakers [14], this algorithm is designed
in the frequency domain. In this paper, we present a time-domain SFR method based on
the framework of the group Lasso [15] (GL) which is an extension of the Lasso to select
grouped variables in linear regression models [16]. The proposed method is first described
as an optimization problem with mixed-norm constraint and then iteratively solved using



the block coordinate descent [17] (BCD) algorithm. In addition, the GL method can also
be used to optimize the loudspeaker arrangement of the SFR system.

2. MULTI-ZONE SOUND FIELD REPRODUCTION

A multi-zone sound field reproduction(SFR) is proposed to generate desired sound in
a bright zone while maintaining silence in a dark zone as shown in Fig. 1. One common
used multi-zone sound field reproduction method is acoustic contrast control (ACC). In
this sections, several methods is proposed to improve the performance of the acoustic
contrast control.

Figure 1: The diagram of the multi-zone sound field reproduction system

2.2.1. Least-squares approach with acoustic contrast control constraint

Acoustic contrast and the spatial average error are usually used to evaluate the
performance of the multi-zone sound field reproduction method. In [7], we proposed
the SFR-ACC algorithm which minimized the spatial average error when the acoustic
contrast is larger than the value of constrained parameter

min
w
‖GBw-d‖22 (1)

s.t. 10 log10C ≥ 10log10Ccon (2)

where
GB(ω) = [g(rb1|rs,ω),g(rb2|rs,ω) · · · g(rbM|rs,ω)]T (3)

g(rbi|rs, ω) = [g(rbi|rs1, ω), g(rbi|rs2, ω) · · · g(rbi|rsL, ω)]T (4)

ω is the angular frequency; g(rbi|rs j,ω) denotes the transfer function between the
jth loudspeaker element and the ith control point; w(ω) = [w1(ω),w2(ω) · · ·wL(ω)]T

is the weight vector of the loudspeaker array, || · ||2 represents the `2 norm, and
d(ω) = [pd(rb1, ω), pd(rb2, ω) · · · pd(rbM, ω)]T is the desired sound field,

C =
wHRBw
wHRDw

(5)



denotes the acoustic contrast, and Ccon is the constrained parameter which denotes the
minimum allowable acoustic contrast in the sound reproduction system. RB = Gb

HGb is
the spatial correlation matrix in the bright zone, and RD is the spatial correlation matrix
in the dark zone. The cost function of SFR-ACC method defined in Equation 1 and
Equation 2 can be converted to a semi-definite program problem and solved through using
the convex toolbox [18].

To evaluate the performance of the SFR-ACC method, experiments are carried out in
the anechoic chamber. The linear loudspeaker array consists of eight moving-coil speaker
units spaced 12 cm apart. The bright zone and dark zone are located at the −45◦ and
45◦ direction deviated from the loudspeaker array center, respectively. Fig. 2 shows the
acoustic contrast and spatial average error when Ccon is set to different value. For SFR-
ACC(MAX) and SFR-ACC(10), Ccon are set to 10log10Cmax and 10dB, respectively. It can
be seen that the proposed SFR-ACC method allows a trade off between acoustic contrast
and spatial average error. For SFR-ACC(MAX), the maximum acoustic contrast can be
achieved. By reducing acoustic contrast, SFR-ACC(10) can have a lower spatial average
error compared with SFR-ACC(MAX). Since Ccon is set to 10 dB, the acoustic contrast of
SFR-ACC(10) is always larger than the level of 10 dB as expected.

200 1000 2000 3000 3600

Frequency, Hz

10

20

30

40

50

A
co

u
st

ic
 c

o
n
tr

as
t,

 d
B

real-time SFR-ACC(MAX)

real-time SFR-ACC(10)

(a)

200 1000 2000 3000 3600

Frequency, Hz

-40

-30

-20

-10

0

N
o

rm
al

iz
ed

 s
p

at
ia

l 
av

er
ag

e 
er

ro
r,

 d
B

real-time SFR-ACC(MAX)

real-time SFR-ACC(10)

(b)

Figure 2: (a) Acoustic contrast for SFR-ACC(MAX) and SFR-ACC(10) and (b) Spatial
average error for SFR-ACC(MAX) and SFR-ACC(10)

2.2.2. Time-domain multi-zone sound field reproduction method

The traditional multi-zone sound field reproduction approach is usually designed in
frequency domain. However, when the length of w is short, the performance at frequencies
without control is seriously degraded. Time-domain acoustic contrast control (BACC)
method is proposed to solve this problem. The structure of BACC is illustrated in Fig. 3,
where each of the L loudspeakers is driven by the output of a finite impulse response
(FIR) filter wl(n). All of the filters have the same length M. The contrast problem can be
alleviated by the BACC approach. However, the frequency response in the bright zone
may be serious distorted. To tackle this problem, we propose two time-domain acoustic
contrast control methods denotes as BACC-RV and BACC-RD in [9].



Figure 3: The structure of BACC algorithm

The BACC-RV method aims to solve the problem

max
w

wT RBw
βwT RDw + (1 − β)RV + δwT w

, (6)

where
w = [w1(0), · · · ,w1(M − 1), · · · ,wL(0), · · · ,wL(M − 1)]T (7)

is the ML × 1 coefficient vector, RB =
K∑

k=1

M+I−2∑
n=0

rBk(n)rT
Bk(n)/K is the normalized

correlation matrix in the bright zone,

rBk(n) = [hB1k(n), · · · , hB1k(n − M + 1), · · · , hBLk(n), · · · , hBLk(n − M + 1)]T (8)

is the filtered signal vector, hBlk(n) denotes the impulse response between the lth
loudspeaker and kth control point, RD the normalized correlation matrix in the dark
zone β is a weight factor whose value is between 0 and 1. The RV term is introduced in
Equation 6 to measure the response variation over the frequency range of interest in the
bright zone

RV =
1

JK

K∑
k=1

J∑
j=1

∣∣∣pBk( f j) − pBk( fref)
∣∣∣2 (9)

where pBk( f ) is the frequency response at the kth control point in the bright zone and fref

is the reference frequency.
It can be seen from Equation 6 that in the BACC-RV approach, the reference frequency

need to be selected carefully since the performance of acoustic contrast is sensitive to the
reference frequency. To address this problem, the BACC-RD approach is proposed

max
w

wT RBw
βwT RDw + (1 − β)RD + δwT w

(10)

where RD = 1
(J−1)K

K∑
k=1

J−1∑
j=1

∣∣∣pBk( f j+1) − pBk( f j)
∣∣∣2 is defined as the mean square of the first-

order differential of the frequency response in the bright zone.
Experiments are carried out in the anechoic chamber to validate the proposed methods.

The bright and dark zones are located at the −45◦ and 45◦ directions deviated from



the center, respectively. The loudspeaker array consists of eight loudspeaker units with
a spacing d of 10 cm. Figure 4(a) illustrates the resulting acoustic contrast against
the frequency for the ACC, BACC-RD, BACC-RV(500 Hz), and BACC-RV(1000 Hz)
methods, where 500 Hz and 1000 Hz stand for the reference frequency. It can be seen that
conventional ACC approach can only achieve good acoustic contrast at a discrete set of
control frequencies. This is because only the information at the control frequencies is used
and contrast at other frequencies cannot be controlled. In contrast, the BACC-RV(500 Hz)
and BACC-RD methods are directly designed in the time-domain and use the information
at all frequencies points. Therefore, both of them are able to get satisfactory contrast over
the whole frequency range. It can be seen that, compared with BACC-RV(500 Hz), a
better contrast at higher frequencies can be achieved by BACC-RD.

The frequency response in the bright zone are plotted in Fig. 4(b). All of these methods
except for BACC-RV(1000 Hz) can achieve flat frequency response at the center of the
bright zone. However, it can be observed that the performance of ACC is degraded at the
edge of zone, while the BACC-RV(500 Hz) and BACC-RD methods can still yield a well
flat response at the edge of zone.
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Figure 4: The experimental performance of the ACC, BACC-RV and BACC-RD methods,
where the reference frequency in the BACC-RV method is 500 Hz and 1000 Hz,
respectively, (a) acoustic contrast, and (b) frequency response in the bright zone

2.2.3. Robust multi-zone sound field reproduction method

In order to prevent performance degradation under realistic conditions in methods
directly based on transfer functions, robustness should be carefully considered in the
algorithm design. In [10–12], we model the acoustic transfer functions from the sources
to the control zones as

G̃ = G + ∆G (11)

where G is the determined part and ∆G is a set of potential error which describes variances
in the transfer functions.

Worst-case optimization (WCO) aims to find and optimize the situation giving the
worst performance among all the possible probabilities

max
w

min
∆RD

wHRBw
wHR̃Dw

s.t. ‖∆RD‖F ≤ δQ (12)



where R̃D = RD +∆RD, ∆RD represents the perturbations in the spatial correlation matrix,
δQ is the bound of ∆RD. The solution of Equation 12 is

wwc=Eig1
{
(RD + δDI)−1RB

}
(13)

where Eig1{·} denotes the operator that yields the principal eigenvector corresponding to
the maximum eigenvalue and I is a unit matrix.

Probability-model optimization (PMO) aims to improve the average performance
according to the distribution. For multiplicative transfer function error, the solution is

wME=Eig1
{
(RD ⊗ ED)−1 (RB ⊗ EB)

}
(14)

where ⊗ is pointwise multiplication. EB and ED are the statistical features of the transfer
function errors. For additive transfer function errors with uniform distribution, the
solution is

wME=Eig1


(
RD +

Ma2
max

3
I
)−1 (

RB +
Ma2

max

3
I
) (15)

where amax is the maximum amplitude of the additive transfer function error.
The simulation is carried out to compare the robust control approaches. An arc-shaped

array with 11 loudspeakers is adopted. The loudspeakers are uniformly arranged with a
distribution angle of 6◦. The control points for the listening and quiet zones are defined on
dual circles, composed of 24 microphones in each ring, with radii of 0.083 m and 0.104
m. the transfer function is assume to be multiplicative form with Gaussian distribution
between -3 dB and +3 dB in amplitude and uniform distribution between −10◦ and +10◦

in phase.
Fig. 5 shows the mean acoustic contrast (AC) and array effort (AE) performance

for ACC algorithm with no regularization (NR), with maximum singular value related
regularization (SV), with array effort limited to 0 dB (EL0), with array effort minimized
(ELM) and AEQ. The parameters estimated for WCQ and MEQ gave very similar results
to AEQ (except that MEQ was slightly better at low frequencies) and are therefore omitted
from the figure for clarity. It can be seen all robust approaches improve performance over
NR. Among them, AEQ is best, both in terms of AC and AE at the frequency band ranged
from 100 to 8000 Hz.

3. SINGLE ZONE SOUND FIELD REPRODUCTION

In many applications, it is desired to reproduce a sound field over a predefined spatial
region using the loudspeaker array. Both data-based and model-based solutions have been
proposed to address this problem in the past years. In the model-based system, it is the
desired field of each sound model can be generated by a small number of loudspeakers.

We present the sound field reproduction system in Fig. 6. The input signal s0(m)
is filtered using a FIR filter wq(l) before it is sent to the q-th loudspeaker with q ∈
{1, 2, . . . ,Q}. The impulse response between the q-th loudspeaker and the n-th control
point is denoted by hqn( j) with n ∈ {1, 2, . . . ,N} and j ∈ {0, 1, . . . , J − 1}. Assuming that
the input signal as a unit impulse s0(m) = δ(m), the reproduced sound pressure at the n-th
control point is

pr
n(m) = hT

n (m)w (16)

where w = [w1(0), · · · ,w1(L − 1), · · · ,wQ(0), · · · ,wQ(L − 1)]T is the unknown coefficient
vector with a length LQ, and hn(m) = [h1n(m), · · · , h1n(m−L+1), · · · , hQn(m), · · · , hQn(m−
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Figure 5: The mean acoustic contrast (AC) and array effort (AE) performance for
ACC algorithm with no regularization (NR), with maximum singular value related
regularization (SV), with array effort limited to 0 dB (EL0), with array effort minimized
(ELM) and AEQ.

L + 1)]T . The vector which is constructed by the reproduced sound pressures at N control
points reads

pr(m) = H(m)w (17)

where pr(m) = [pr
1(m), · · · , pr

N(m)]T and

Hm =


hT

1 (m)
...

hT
N(m)

 . (18)

Define a vector which is constructed by the desired sound pressures at all the control
points as pd(m) = [pd

1(m), · · · , pd
N(m)]T . We then define the following cost function

E =

M−1∑
m=0

‖Hmw − pd(m)‖2 (19)

where M = L + J − 1. The least-squares (LS) method can be used to solve this problem.
Usually, a constraint is added to the cost function in order to limit the output power of the
loudspeaker array

wLS = arg min
w

(
1
2

E + λ‖w‖2
)
. (20)



Figure 6: Block diagram of signal processing for sound field reproduction.

However, the LS method usually adopts all the loudspeakers to minimize the cost
function. Several methods have been proposed to limit the number of active loudspeakers
in the frequency domain [14, 19]. In [16], we proposed a time-domain method under the
framework of the group Lasso. We could use the optimize the following optimization
problem

w0 = arg min
w

(
1
2

E + γ‖w‖0
)
, (21)

where γ is the penalty parameters. A more convenient model is to use the group Lasso,
i.e.,

wGL = arg min
w

(
1
2

E + γ‖w‖1
)
. (22)

This problem can be solved by the BCD method. The advantage of this method lies in two
aspects. First, the number of active loudspeakers is greatly reduced. Second, the group
Lasso method can optimizes all the control frequencies simultaneously and also avoid the
causality problem.

4. CONCLUSIONS

This paper introduces the latest research progress of the Key Laboratory of Noise and
Vibration Research in the direction of sound field reproduction in recent years, including
the following work [7, 9–11, 16]:

An algorithm integrated a Least-Squares (LS) criteria with ACC constraint is proposed.
Experimental results verified that the spatial average error is minimized only when the
minimum acoustic contrast is guaranteed in the proposed method. Furthermore, the
proposed approach can improve the flatness of response in the bright zone by sacrificing
the level of acoustic contrast.

Two time-domain ACC design based on response variation and differential constraints
has been proposed, respectively. Compared with the frequency domain ACC, the
proposed method can avoid the causality problem and provides excellent acoustic
contrast over the continuous frequency and maintain a flat frequency response.

A framework is proposed for robust sound zone reproduction design, which allows
a physical perspective on the regularization required for a system. Robust ACC is
formulated and implemented with a simple error model, adopting robust optimization
strategies (PMO and WCO).

A time-domain SRF method based on the Group LASSO (GL) is proposed, which
optimizes the positions and the number of activated loudspeakers in the time domain.



The proposed method can achieve an accurate broadband SFR by using a small number
of loudspeakers, and its corresponding two-stage algorithm GL-LS can provide better
SFR than the one-stage methods
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