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ABSTRACT 
 
Personal audio systems with multiple sound zones for 
listeners to enjoy different music/audio contents privately in 
a shared physical space have attracted great research interest 
in the past two decades. Acoustic Contrast Control (ACC) is 
one of the most popular methods for generating multiple 
personal sound zones because it produces the minimum inter-
zone interference. However, the ACC method has been found 
to be inferior to the pressure matching method in terms of 
sound quality due to an uneven frequency response and 
nonuniform spatial sound field distribution in the bright zone. 
This paper proposes a spatial uniformity constraint on time-
domain broadband ACC in addition to the frequency response 
trend estimation constraint with the aim of ensuring a uniform 
sound field distribution in the bright zone. Simulation results 
with measured room impulse responses demonstrate that the 
proposed algorithm reduce the magnitude variations in the 
bright zone to be less than 1 dB higher than the just noticeable 
level difference at a cost of a perceptually negligible 
degradation in acoustic contrast.  
 

Index Terms— Personal audio systems, acoustic 
contrast control, spatial uniformity, personal sound zone 
 

1. INTRODUCTION 
 
Personal audio systems, which are also described as 
multizone sound field reproduction, aim to generate multiple 
personal sound zones where people can listen to their own 
music/audio content without disturbing each other in a public 
space. The approach eliminates the inconvenience and 
discomfort of wearing headphones for long periods and has 
wide applications in mobile devices [1]–[3], personal 
computers [4], car cabins [5]–[7], and outdoor concerts [8] 
etc.  

Various methods have been developed to generate 
personal sound zones, such as Acoustic Contrast Control 
(ACC) [9], Pressure Matching (PM) [10], Mode Matching 
(MM) [11], and weighted Pressure Matching (wPM) which is 
a combination of the ACC and PM methods [12]. Among 
these methods, ACC is the most commonly used because it 

minimizes the inter-zone interference by generating the 
highest acoustic potential energy contrast between the bright 
and dark zones. This has been recently proved theoretically 
under the variable span linear filtering framework [13].  
  The ACC method was originally formulated in the 
frequency domain [9] and its robustness has been thoroughly 
investigated [14]. However, although the ACC method 
generates a high acoustic contrast between zones, it does not 
provide a uniform sound field distribution over the bright 
zone, resulting in potentially unsatisfactory sound quality 
[15], [16]. Therefore,  planarity control [17] and a sound 
differences constraint [18] have been applied to the original 
ACC methods to reduce the sound pressure variation in the 
bright zone. These frequency-domain methods were 
optimized at each frequency and the optimal filter 
coefficients obtained by the Inverse Fourier Transform (IFT) 
which results in two disadvantages. One is the non-causal 
nature and need for a modelling delay of  half of the filter 
length [19] and the other is the poor acoustic contrast 
performance at non-control frequencies, which is especially 
serious when the filter length is short [20].  
 To overcome these problems, the broadband ACC 
(BACC) method has been developed in the time domain 
directly [21]. Although BACC ensures causality, it suffers 
from uneven frequency response due to its tendency to extract 
a specific frequency component with the highest contrast 
[22]. To alleviate this problem, various methods have been 
explored to increase the flatness of the frequency response, 
among which the BACC-RV method [20] appears to be the 
first. In the BACC-RV method, a Response Variation (VR) 
term with respect to the response at a reference frequency was 
introduced as a constraint on the BACC cost function [20]. 
However, the performance of BACC-RV depends on the 
choice of the reference frequency, hence the RV term is 
replaced with a Response Differential (RD) term, which is a 
measure of the summed sound pressure differences between 
consecutive frequencies, in the BACC-RD method [23]. 
Similarly, the BACC-RTE method [24] modifies the RD term 
to a Response Trend Estimation (RTE) term to sum the sound 
pressure differences between further frequencies. 
 The abovementioned time-domain BACC algorithms 
have improved the frequency responses dramatically, but the 



spatial sound field distribution in the bright zone was not 
controlled. This paper proposes the BACC-RTE-SUC 
method, which applies a Spatial Uniformity Constraint 
(SUC) in addition to the RTE term to the BACC cost function 
so as to improve both the frequency response and the spatial 
sound field uniformity in the bright zone. Simulations with 
measured Room Impulse Responses (RIR) are performed to 
validate the proposed approach.  
 

2. THEORY 
 
A personal audio system, as illustrated in Fig. 1, utilizes an 
array of loudspeakers to generate an acoustic bright zone and 
a dark zone. The input signal x[n] (n denotes the time index) 
is filtered with a Finite Impulse Response (FIR) filter wl (l = 
1, 2, …, L, L is the total number of loudspeakers) with a 
length of I before being reproduced through each 
loudspeaker. The RIR from the l-th loudspeaker to the m-th 
microphone in the control zones is modelled as a FIR filter 
hml with a length of K.  

To investigate the frequency response of the system, the 
input signal x[n] is assumed to be a Dirac delta function [23], 
hence the sound pressure at the m-th microphone due to the l-
th loudspeaker is written as  
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where the subscript B denotes the bright zone. Arranging the 
sound pressure of all the time indices into a vector, i.e., pB,ml 
= [pB,ml[0], pB,ml[1], …, pB,ml[I + K – 2]]T, (1) can be expressed 
concisely as [22] 
 B, B,ml ml l=p H w , (2) 
where wl = [wl[0], wl[1], …, wl[I – 1]]T and 
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is a matrix of dimension (I + K – 1) × I [22]. It should be 
noted that PB,ml in (1) is in fact the global impulse response 
with a length of (I + K – 1). 

Summing up the contribution from L loudspeakers to the 
m-th microphone, one obtains [22] 
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where w = [w1
T, w2

T, …, wL
T]T and HB,m = [HB,m1, HB,m2, …, 

HB,mL]. Denoting the sound pressure at all the MB 
microphones in the bright zone in a vector form, i.e., pB = 
[pB,1

T, pB,2
T, …, pB,MB

T]T, one obtains pB = HBw, where HB = 
[HB,1

T, HB,2
T, …, HB,MB

T]T is an MB(I + K – 1) × IL matrix of 
the impulse responses from the loudspeaker array to the 
bright zone [22].  

 
Fig. 1. Block diagram of the personal audio systems. 

Similarly, the sound pressure in the dark zone can be 
obtained as pD = HDw with HD being the MD(I + K – 1) × IL 
impulse response matrix from the loudspeaker array to the 
dark zone. 

BACC maximizes the ratio of the average acoustic 
potential energy in the bright zone to that in the dark zone, 
but suffers from an uneven frequency response and non-
uniform spatial sound field distribution in the bright zone. To 
increase the flatness of the frequency response, BACC-RTE 
introduces an extra constraint on the response differences 
between frequencies, i.e., [24] 
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where RB = HB
THB/MB, RD = HD

THD/MD, λ is the 
regularization parameter, α is the weighting factor, and CRTE 
is an IL × IL matrix to account for the mean frequency 
response difference (refer to [24] for details).  

The solution to Eq. (5) is proportional to the eigenvector 
corresponding to the largest eigenvalue of the matrix ((1 – 
α)RD + αCRTE + λI)−1RB. It is clear that when α = 0, BACC-
RTE degenerates to the original BACC method.  

 
2.1. BACC-RTE-SUC 
 

The BACC-RTE method improves the frequency response 
but does not control the spatial sound field distribution. This 
paper proposes to apply a Spatial Uniformity Constraint 
(SUC) on the BACC-RTE algorithm to improve the sound 
field distribution in the bright zone. 

The sound pressure at the m-th microphone in the bright 
zone is [23] 
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where s(f) = [1, e−j2πfTs, …, e−j2πf(J-1)Ts]T (J = I + K – 1). The 
SUC term is defined as  
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where C = J(MB – 2b + 1) and b is a positive integer.  
Substituting (6) into (7), one obtains 
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where u(fj) = diag{s(fj)} is a block diagonal matrix with a 
dimension of MBJ × MB, U = [u(f1), u(f2), …, u(fJ)] with a 
dimension of MBJ × MBJ,  
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is a MB × (MB – 1) matrix, and V = diag{VbVb
T} is a diagonal 

block matrix with a dimension of MBJ × MBJ.   
 A uniform sound field distribution in the bright zone 
requires a small SUC term, thus the proposed BACC-RTE-
SUC algorithm is described as: 
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where γ = (1 – α – β). The solution to Eq. (10) is proportional 
to the eigenvector corresponding to the largest eigenvalue of 
the matrix (γRD + αCRTE + βCSUC +  λI)−1RB. It is clear that 
when β = 0, the proposed approach in Eq. (10) is the same as 
the BACC-RTE method in Eq. (5).  

 
3. RESULTS 

 
Simulations with measured RIRs were performed to 
demonstrate the efficacy of the proposed BACC-RTE-SUC 
algorithm in improving the spatial sound field uniformity in 
the bright zone.  
 
 

 
Fig. 2. Photograph of the experimental setup.  

The RIRs were measured in a semi-anechoic chamber, 
as depicted in Fig. 2. Sixty Genelec 8010A loudspeakers were 
uniformly mounted on a circle truss with a diameter of 1.5 m 
at a height of 1.5 m above the ground. The distance between 
the loudspeaker acoustic centers was approximate 15.7 cm. 
The ground was covered with sound absorbing material to 
reduce ground reflections. Eight DPA 4060 Miniature 
Omnidirectional microphones were placed in the bright and 
dark zones to form a linear microphone array with an interval 
of 4 cm, as illustrated in Fig. 1. The bright and dark zones 
were separated 0.8 m from each other. A Log Sweep Sine 
signal sent to each loudspeaker through a YAMAHA 
Rio1608-D2 I/O interface. The RIRs were measured at a 
sampling rate of 48 kHz and down sampled to 8 kHz.  

In the simulations, only ten loudspeakers (in the red 
rectangle in Fig. 2) were used to reduce the computational 
burden and each RIR was modelled with a 256-sample FIR 
filter (K = 256). The length of the control filters wl was set as 
I = 128. The regularization parameter λ was chosen as 10−10 
times the largest eigenvalue of the matrix RD. The weighting 
factors α and β were 0.6 and 0.3, respectively.  

 
Fig. 3. Frequency responses at different microphones (M1-
8) in the bright zone, (a) BACC-RTE and (b) BACC-RTE-
SUC.  
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The frequency responses at the eight microphones in the 
bright zone are shown in Fig. 3(a) and (b) for the BACC-RTE 
and BACC-RTE-SUC algorithms, respectively. It can be 
observed that the sound pressure magnitude generated by the 
BACC-RTE algorithm varies with spatial locations in the 
bright zone while the BACC-RTE-SUC algorithm mitigates 
the spatial variation and produces a more uniform sound field 
distribution in the bright zone. Fig. 3(a) shows that sound 
pressure magnitudes between microphones deviate by up to 8 
dB for the BACC-RTE method. By contrast, the deviations in 
magnitudes in the bright zone are less than 2 dB for BACC-
RTE-SUC, as denoted by the subset in Fig. 3(b) for the 
detailed frequency responses between 600 Hz and 800 Hz.  

The Just Noticeable Difference (JND) level of human 
ears depends on many factors, including but not limited to the 
frequency, bandwidth, duration, sound pressure level etc, but 
the order of magnitude of the JND is approximate 1 dB [25]. 
Therefore, for the sake of simplicity without loss of 
generality, the spatial sound pressure distribution in the bright 
zone is supposed to be perceptually uniform if the difference 
in the sound pressure magnitudes is less than 1 dB.  

To more clearly illustrate improvement of the BACC-
RTE-SUC approach, the magnitudes at different 
microphones were compared in Fig. 4 for 500 Hz and 1000 
Hz signals. Fig. 4(a) shows that, at 500 Hz the sound pressure 
magnitudes produced by the BACC-RTE algorithm at 
Microphone M1 is 8.5 dB higher than that at Microphone M8. 
By contrast, the maximum difference in magnitudes 
generated by the BACC-RTE-SUC algorithm is 1.6 dB, thus 
providing a more uniform spatial sound field distribution in 
the bright zone. Similarly, the maximum difference in SPL 
between the eight microphones is reduced from 6.9 dB by 
BACC-RTE to 1.5 dB by BACC-RTE-SUC at 1000 Hz in 
Fig. 4(b). Although the maximum differences in sound 
pressure magnitudes in the bright zone achieved by the 
proposed BACC-RTE-SUC algorithm are slightly higher 
than the JND, it has been significantly improved compared to 
the BACC-RTE method.  

To quantify the performance of the algorithms at 
different frequencies, magnitude difference (∆Lp) in the 
bright zone and the Acoustic Contrast (AC) [23] between the 
bright and dark zones in Eqs. (11) and (12), respectively, 
were calculated and compared.  

 
Fig. 4. Sound pressure magnitude at different microphones 
in the bright zone at (a) f = 500 Hz and (b) f = 1000 Hz.  

 
Fig. 5. Comparison of the (a) magnitude difference (∆Lp) 
and (b) acoustic contrast (AC) in the bright zone.   
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In Eq. (11), Lp,max(f) and Lp,min(f) are the maximum and 
minimum sound pressure levels at frequency f at the different 
microphones in the bright zone, respectively. In Eq. (12), 
PB,m(f) is the sound pressure at the m-th microphone defined 
as in Eq. (6). 

The ∆Lp and AC produced by the BACC-RTE and 
BACC-RTE-SUC are compared in Fig. 5(a) and (b), 
respectively. The average ∆Lp between 100 Hz and 1000 Hz 
is reduced from 7.5 dB of BACC-RTE to 1.7 dB of BACC-
RTE-SUC. That comes at a cost of an average degradation of 
~4 dB in the acoustic contrast, as shown in Fig. 5(b). 
Subjective evaluation of audio-on-audio interference shows 
that an level difference of 27 – 29 dB is needed to achieve a 
non-distracting personal audio system [26]. The average AC 
by BACC-RTE is 39.4 dB, thus the degradation in AC is 
supposed to be perceptually negligible.  

 
4. CONCLUSIONS 

 
This paper has presented a time-domain broadband acoustic 
contrast control method which improves the spatial sound 
field distribution. A spatial uniformity constraint is applied 
on the BACC-RTE algorithm to form a new BACC-RTE-
SUC algorithm. Simulations based on measured room 
impulse responses were performed and the results 
demonstrate that the proposed algorithm improves the spatial 
sound field distribution in the bright zone at the cost of an 
insignificant decrease in the acoustic contrast. Future work 
includes subjective evaluation of the perceptual improvement 
of the proposed method.  
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