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With an increasing interest in personal audio systems, the car cabin is an important 
environment in which to generate different audio programs in different regions, without the use 
of headphones. Two algorithms, acoustic contrast control and the least squares method, are 
considered for producing two independent listening zones, one zone including the front 
passengers and the other including the rear passengers. The generation of an acceptable 
acoustic contrast between the front and rear zones, using an array of four standard audio 
loudspeakers, is limited to relatively low frequencies. In order to provide acceptable control 
over a larger audio bandwidth, a loudspeaker array mounted on the ceiling of a car cabin is 
investigated in this paper. A selection process for the configuration of the source array is 
described. Free field simulations are used to calculate the response of the source array and 
investigate the performance of the two control algorithms. Since the performance of the least 
squares method is dependent on the chosen target sound pressures, a method for selecting the 
target sound pressures is also proposed. Finally, the proposed loudspeaker array is implemented 
in a real car and the measured results are found to be similar to those predicted from the 
simulations. 

0  INTRODUCTION  

Personal sound [1], allowing a number of people in one 
listening environment to listen to different sound programs 
without the use of headphones, has received great interest 
since the 1990s. Several approaches, such as acoustic 
contrast control [2-3], the least squares method [4-5] and 
planarity control [6-7], have been proposed for generating 
a clearly audible sound field in a listening zone whilst 
ensuring that it is inaudible in other zones.  

Acoustic contrast control, introduced by Choi and Kim, 
provides a method of calculating the strengths of a source 
array that will maximize the ratio between the acoustic 
potential energy density in the “bright” zone to that in the 
“dark” zone without considering the phase within the 
“bright” zone. Acoustic contrast control has been 
extensively investigated and implemented to generate 
personal audio systems for different practical cases, such 
as computer users [3,8], passengers in an aircraft [9], users 
of mobile devices [10-11], people sitting around a dining 
table with a parasol [12] and so on. A similar control 
strategy is described to maximize the energy difference 
between the “bright” and “dark” zone in [13]. The least 
squares method, as the main algorithm used in sound field 
control [14-15], has also been applied in personal audio 
applications. The least squares method allows the phase of 
the pressures in the “bright” zone to be controlled to 

achieve good audio quality in a practical implementation 
[16-17]. Accordingly, some modified least squares 
optimization methods for personal audio systems have 
been proposed, including adding a weighting factor to 
balance the potential energy in the “dark” zone with the 
mean square error in the “bright” zone [18], and using the 
least squares optimization for the “bright” zone with 
alternative constraints to create acoustic contrast [4]. 
Coleman and Jackson proposed the planarity control 
method, which attempts to generate a plane wave in the 
“bright” zone [6,19] and, therefore, avoids the 
complications of selecting a target sound field for the 
bright zone. 

The car cabin, as a common listening environment, has 
received much attention in recent years. A system 
combining two different loudspeaker array geometries, the 
four standard car audio loudspeakers for low frequencies 
and an additional array of eight headrest loudspeakers for 
high frequencies, has been proposed to provide control 
over the full audio bandwidth in Ref. [17]. It is concluded 
that when producing a “bright” zone including the front 
seats or the rear seats using the four standard car audio 
loudspeakers, a contrast performance of more than 15dB is 
achieved at frequencies below 200Hz. At higher 
frequencies the headrest array is used to create the two 
listening zones, and although this is effective when 
generating a “bright” zone in the front seats, when 
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producing a listening zone in the rear seats the acoustic 
contrast is below 10 dB at some frequencies. Ref. [1] 
suggests, as a guide, that a level difference of at least 11dB 
between a “bright” zone and the “dark” zones is required 
to generate a subjectively acceptable personal audio 
system. More recent work into the subjective aspects of 
sound zones has demonstrated that the problem is far more 
complex, as it depends on the program material being 
reproduced in each zone [20]. Although the results in [20] 
were perhaps not conclusive because of a difference 
between how the experienced and inexperienced listeners 
interpreted the task, they did indicate a potentially higher 
level of separation being required in certain situations. The 
lowest level difference acceptable by 50% of the test 
subjects was 12.50dB, while the highest was 31.17dB. It 
has also been shown that this situation is further 
complicated by the relationship between target quality and 
the level of acceptable interference in the sound zone [21]. 
Therefore, due to the complexity of the subjective 
problem, we consider a minimum acoustic contrast 
requirement of 11 dB as originally recommended in [1]. 

In this paper, the performance of a loudspeaker array on 
the ceiling inside a car cabin is investigated when it is used 
to generate independent listening zones in the front and 
rear seats at higher frequencies. A method of designing the 
geometry and dimensions of this directional ceiling 
mounted loudspeaker array is presented, along with an 
investigation into the specification of the target pressures. 
This loudspeaker array is distinct from that considered in 
previous work [17] and, coupled with the proposed design 
method, demonstrates a possible practical approach to 
generating independent listening zones in the car cabin. In 
Section 1, two control strategies, acoustic contrast control 
and the least squares method, are reviewed. Specific 
methods of selecting the source geometry and of defining 
the target sound pressure distribution for improving 
contrast performance are then reported in Section 2. 
Section 3 describes a practical implementation in a car 
cabin, using the proposed source array. 

1  CONTROL  STRATEGIES  

The practical problem of generating personal audio 
zones in a car cabin is defined and the two control 
strategies, acoustic contrast control and the least squares 
method, are introduced in this section. 

The car cabin personal audio system is defined here by 
two independent listening zones, a front zone encompasses 
the two front seats and a rear zone encompasses the three 
rear seats. The interior dimensions of the vehicle are 
approximately 3m × 1.8m × 1.3m and a rectangular 
enclosure with these dimensions, as shown in Fig. 1, is 
regarded as a simplified representation of the car cabin. 
The gray region represents the front zone and the black 
region represents the rear zone. Their specific positions are 
shown in Table 1. 

The vector of complex pressures at M control points at 
a given frequency in the “bright” zone, Bp , is related to the 
vector of complex source strengths, q , by the matrix of 

complex acoustic impedances, BZ . Similarly, the vector 
of complex pressures at N control points in the “dark” 

zone, Dp , is equal to DZ q , where DZ is the matrix of 
complex acoustic impedances. That is, 

B B D Dp = Z q p = Z q，                                          (1) 

where [ ]1 2
T

Lq q q=q , L denotes the number 

of sources in the array. BZ and DZ  are theM L× and 

N L× matrices of acoustic transfer impedances from each 
source to each control point in the “bright” zone and the 
“dark” zone respectively. 

In order to evaluate the performance of the developed 
personal audio system, three metrics are defined. The main 
metric is acoustic contrast [2],C , which describes the 
energy difference between the “bright” zone and “dark” 
zone.  

H H H
B B B B
H H H

D D D D

M MC
N N

= × = ×p p q Z Z q
p p q Z Z q

……   (2) 

where is the complex conjugate transpose. 

Table 1. The specific positions of the two control zone 

Control Zones Length, m Width, m Height, m 

Front zone 1to1.2 0.2to1.6 0.8to1 

Rear zone 2to2.2 0.2to1.6 0.8to1 

 
Fig. 1. Two listening zones in a simplified car cabin. 

The second metric is the normalized array effort, AE , 
which is given by 

=
H

H
ref ref

AE q q
q q

                                                      (3) 

where Hq q  is the array effort required by the optimized 

source array and H
ref refq q , is the array effort required 

when the array sources are driven in-phase to produce the 
same average sound pressure level in the “bright” zone as 
the personal audio optimized array. 

The third index is the normalized error performance, 
Err , defined as the sum of squared errors between the 
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target pressures, BTp , and the pressures produced by the 
source array in the “bright” zone, divided by the sum of the 
squared target pressures. 

( ) ( )H
BT B BT B

H
BT BT

Err
− −

=
p p p p

p p
                       (4) 

1.1  Acoustic  Contrast  Control  
Acoustic contrast control can be formulated in a few 

ways [22] to maximize the acoustic contrast performance, 
C . The most logical optimization is expressed as 

minimizing H
D Dp p  while H

B Bp p is held constant with 

a value of b . In many practical applications, the electrical 
power for each individual loudspeaker in the array should 
also be limited separately. This constraint can be imposed 
by ensuing that the squared source strength of the 

source, 
2

lq , is below a value of . 
The Lagrangian cost function for this problem can be 

expressed as: 

( )
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                 (5) 

where Bλ is the real Lagrange multiplier governing the 

constraint on the bright zone acoustic energy and lλ is the 
real and positive Lagrange multiplier governing the effort 
constraint on the  source. 

By differentiating the cost function with respect to , 
equating this to zero, and rearranging gives: 

( ) 1 1H H
D D B B

Bλ
−

+ = −LZ Z λ Z Z q q                        (6) 

where is a diagonal matrix of  Lagrange multipliers 

governing the source effort constraints. 
From Eq. (6), the optimal solution forq is proportional 

to the eigenvector corresponding to the largest eigenvalue 

of . 

1.2  The  Least  Squares  Method  
The least squares approach for generating a personal 

audio system attempts to minimize the error between the 
target pressures, , and the sound pressures produced 
by the source array in the “bright” zone, whilst the sum of 
the squared pressures in the “dark” zone, , is also 
minimized. Additionally, by constraining the effort for 
each source separately, the cost function for this problem 
can be expressed as: 

    (7)
 

For the condition where the number of control points is 
greater than the number of sources, the source strength 
vector that minimizes the cost function in Eq. (7) is 
obtained as: 

          (8) 

2  SELECTION  OF  THE  LOUDSPEAKER  ARRAY  

In order to achieve good personal audio at frequencies 
above 200Hz, the performance of a number of different 
ceiling-mounted source array configurations have been 
investigated. It should be highlighted that the contributions 
from the room and the effects of objects in close proximity 
to the sources may have a significant effect on the 
performance of the loudspeaker array. Although these 
effects could be modeled using numerical methods, the 
computational complexity would be high and it would 
therefore be difficult to conveniently investigate a number 
of control geometries. Therefore, these effects will be 
neglected in this investigation. Based on the approach 
taken in previous work [17], we have assumed that the 
response is dominated by the direct sound field and, 
therefore, used a free-field model to conduct the following 
investigation of loudspeaker geometries. Although this 
assumption may be limited for some of the geometries 
investigated here, it provides a useful engineering guide 
and this is confirmed in Section 3 by the similarity between 
the free field predictions and the experimental results. 
Aside from these modelling considerations, it is also worth 
highlighting that, due to the complexities and uncertainties 
of the real car cabin, it will not be possible in practice to 
reliably compensate for the reverberant sound field using 
the loudspeaker array and, therefore, we focus on 
controlling the direct field. 

In practical applications, loudspeakers have a finite size, 
which results in an increasing directivity at higher 
frequencies. To simulate this effect, each source in the 
following simulations is made up of a group of monopoles 
all driven in phase. The directivity patterns of finite-sized 
sources simulated with different numbers of monopoles 
are compared in Appendix A and based on these results, a 
0.08 m diameter loudspeaker is simulated using a group of 
11 monopoles. 

It is worth mentioning that in the following 
investigation, the loudspeaker array geometries have been 
compared using the acoustic contrast and array effort, 
while the normalized error has been omitted for brevity. 

2.1  Selection  of  source  array  locations  
Firstly, an 8-source array is considered, which is divided 

into two parts, with each part consisting of four sources, as 
shown in Fig. 2. The spacing between each source in each 
part of the source array in the y-direction is held constant 
at a value of 0.1m. The distance between the two parts of 
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the array in the x-direction is varied to be 1m, 0.8m, 0.6m, 
0.4m, 0.2m and 0.1m, as shown in Fig. 2. Due to the 
symmetry of the source configuration in Fig. 2 with respect 
to the two listening zones, the control performance for 
either a front “bright” zone or a rear “bright” zone is the 
same, so only the condition for a front “bright” zone is 
discussed in the following discussion. 

1m

0.8m

0.6m

0.4m

0.2m

0.1m

 
Fig. 2. Different distances between the two parts of the source 
array. (Gray circles represent sources.) 

Based on the six source configurations shown in Fig. 2, 
the control performance achieved using acoustic contrast 
control and the least squares method, plotted in decibels, is 
shown in Fig. 3, optimized to generate a front “bright” 
zone without an array effort constraint. The results for 
acoustic contrast control, shown in Fig. 3(a-b), provide an 
upper bound on the performance for a given geometry. It 
can be seen that very high levels of contrast performance 
can, in principle, be achieved below about 1 kHz, but only 
with very high levels of control effort. Additionally, it 
should be reiterated that the acoustic contrast method puts 
no constraint on the phase of the pressures in the bright 

zone and, therefore, is generally reported to produce poor 
audio quality. It is possible to overcome these issues by 
employing the least squares method, which also controls 
the phase of the pressures in the bright zone by defining a 
target sound field. In this case, the vector of target 
pressures, , has been defined as the pressures 
produced when the four loudspeakers closest to the 
“bright” zone have been driven in-phase. This does not 
mean that the pressures in the “bright” zone are all in-
phase, but that the pressures have the natural spatial 
response of the near field loudspeakers. The results 
achieved using the least squares method are shown in Fig. 
3 (c-d). Below about 2kHz, the contrast performance for a 
separation of 0.1m is much better than for the other array 
configurations, but this condition needs a higher array 
effort. The performance achieved when using the least 
squares method is different from that achieved when using 
acoustic contrast control. This is because the least squares 
method is not only influenced by the geometry of the 
source array and listening zones but also depends on the 
target pressures. Above about 2 kHz, when the distance 
between the two parts of the source array is larger, the 
contrast levels are similar to the results for acoustic 
contrast control, as this performance results from the 
natural directivities of the source array. 

Summarizing the results presented in Fig. 3 (c-d), it can 
be concluded that below 2 kHz, the highest performance is 
achieved when the two parts of the source array are 
separated by 0.1m. However, above 2 kHz, the highest 
performance is achieved when the two parts of the source 
array are separated by 1m, i.e., directly located above the 
listening zones. 

 
(a) Acoustic contrast optimized contrast performance      (c) Least squares optimized contrast performance 

 
(b) Acoustic contrast optimized array effort                  (d) Least squares optimized array effort 

Fig. 3. Performance, plotted in decibels, as a function of frequency for the array configurations shown in Fig. 2 optimized using acoustic 
contrast control (a-b) and the least squares method (c-d), with the target pressures in the “bright” zone defined as those produced by 
driving the four sources that are closest to the “bright” zone in-phase.

BTp
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Based on these observations, a new configuration, 
shown in Fig. 4, is proposed. The eight sources are now 
divided into 4 pairs. Using the symmetry of the 
arrangement, each of the two sources with the same 
position in the x-direction are combined to form a pair. The 
distance in the x-direction between the inner pairs is 0.1m 
and the distance between the outer pairs is 1m. In the 
following discussion, the influence of the spacing between 
the sources in each pair in Fig. 4 will be investigated. As a 
first step, the spacing between the sources in the outer pairs 
is held constant to be 0.1m, and the spacing between the 
sources in the inner pairs is varied, as shown in Fig. 5. 

Fig. 6 present the performance of the source geometry 
in Fig. 5 when it is optimized using two control methods 
with an appropriate degree of regularization provided by 

Lλ  in Eq. (6) and (8). It can be seen that no matter for 
acoustic contrast control or the least squares method, the 
performance for the array with a spacing between the inner 
source pairs of 0.1m and 0.2m is similar, and better than 
the performance for the other geometries. This indicates 
that a spacing between the sources in the inner pairs of no 
more than 0.2m is appropriate.

1m

0.1m

？ ？

       
              Fig. 4. The basic geometry of an eight source array.            Fig. 5. Different spacing between the sources in the inner pairs. 

 
(a) Acoustic contrast optimized contrast performance      (c) Least squares optimized contrast performance 

 
(b) Acoustic contrast optimized array effort                  (d) Least squares optimized array effort 

Fig. 6. Performance, plotted in decibels, as a function of frequency for the array configurations shown in Fig. 5 optimized using acoustic 
contrast control (a-b) and the least squares method (c-d), with the target pressures in the “bright” zone defined as those produced by 
driving the four sources that are closest to the “bright” zone in-phase.

With the spacing of the sources in the inner pairs fixed 
at 0.1m, the spacing of the outer pairs has been varied to 
be 0.1m, 0.2m, 0.4m, 0.6m, 1m and 1.4m, as shown in Fig. 
7. The corresponding performance is shown in Fig. 8 for 
the acoustic contrast and least squares optimizations.  

From Fig. 8 (a-b), it can be seen that for acoustic 
contrast control, the difference between the contrast 
performance for the different source geometries is smaller 
than that observed for the inner source pairs. In Fig. 8(c-

d), it can be seen that using the least squares method, the 
bandwidth over which 15dB of contrast is achieved is the 
widest for the source array with a spacing of 0.4m. This 
corresponds to an even distribution of the sources within 
the listening zone, which is 1.2 m long and, therefore, 
provides a useful guide for the design of practical systems 
in which the size of the listening zones may be modified 
by the seating arrangement. 

0.
6m

0.2m

1m

1.4m

0.
4m 0.
1m
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Fig. 7. Different spacing between the sources in the outer pairs. 

Based on the results presented in this section, Fig. 9 
shows the final source array geometry selected for 
generating personal sound zones above 200 Hz. It should 
be highlighted that although the array configuration shown 
in Fig. 9 is ‘suboptimal’ when using the acoustic contrast 

control strategy, it in fact achieves the highest average 
acoustic contrast over frequencies when using the least 
squares optimization method. 

 
Fig. 9. The source array configuration selected based on the 
results in Section 2.1. 

 

(a) Acoustic contrast optimized contrast performance      (c) Least squares optimized contrast performance 

 
(b) Acoustic contrast optimized array effort                  (d) Least squares optimized array effort 

Fig. 8. Performance, plotted in decibels, as a function of frequency for the array configurations shown in Fig. 5 optimized using acoustic 
contrast control (a-b) and the least squares method (c-d), with the target pressures in the “bright” zone defined as those produced by 
driving the four sources that are closest to the “bright” zone in-phase.

2.2  Selection  of  the  target  sound  pressures  
Acoustic contrast control achieves higher levels of 

contrast compared to the least squares method, but the least 
squares method is generally expected to provide better 
audio quality within the listening zones. It has been 
emphasized in Ref. [16] that with appropriate target sound 
pressures, the least squares method can provide a contrast 
performance close to that obtained by acoustic contrast 
control. Additionally, it has been shown that the least 
squares method is less susceptible to the uncertainties that 
will occur in a practical system than acoustic contrast 
control in [22]. Based on the results presented in the above 
discussion, the least squares method is a more useful 
optimization method for practical applications.  

In order to improve the contrast performance achieved 
by the least squares method, three different target pressure 
scenarios are investigated for the proposed source 
configuration shown in Fig. 9. The three target pressures 
are explained in Table 2 and the resulting acoustic contrast, 
array effort and normalized error are shown in Fig. 10. It 
can be seen from Fig. 10 that below about 1.8 kHz, the 
contrast performance achieved when using target pressures 
3 is mainly greater than 15 dB. Above 2 kHz, a higher 
contrast performance is achieved when using target 
pressures 2. Comparing these results with the contrast 
performance shown in Fig. 3(c), it can be concluded that 
below about 1.8 kHz, the inner pairs of the source array 
make the main contribution to personal audio control, so 
using the corresponding target sound pressures produced 

0.6
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0.2m 1m
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by the inner pairs of the source array can achieve a better 
contrast performance. Above 2 kHz, the outer pairs of the 
source array make the main contribution to the personal 
audio control, so using the corresponding target sound 
pressures 2 can provide a larger contrast level between the 
listening zones.  

Table 2. Description of the three target pressures. 

Target Pressure Description 

Target Pressure 
1 

Produced by driving the four sources that 
are closest to the “bright” zone in-phase. 

Target Pressure 
2 

Produced by driving the two sources in 
the outer pair that are closest to the 
“bright” zone in-phase. 

Target Pressure 
3 

Produced by driving the two sources in 
the inner pair that are closest to the 
“bright” zone in-phase. 

 
(a) Contrast performance 

 
(b) Array effort 

Fig. 10. Performance, plotted in decibels, as a function of 
frequency for the array configuration shown in Fig. 12 optimized 
using the least squares method with the target pressures in the 
“bright” zone defined according to Table 2. 

Based on the preceding observations, a new target 
pressure distribution is proposed to achieve a higher level 
of acoustic contrast performance for the proposed source 
array in Section 2.1 using the least squares method. Below 
2 kHz, the outer pair of sources that are closest to the 
“bright” zone is used to define the target pressures. Above 
2 kHz, the inner pair of sources that are closest to the 
“bright” zone is used to define the target pressures. Based 
on this definition of the target pressures, the contrast 
performance for the proposed source array geometry is 
greater than 11 dB up to 10 kHz, as shown in Fig. 11. 

 
(a) Contrast performance 

 
(b) Array effort 

 
(c) Normalized error 

Fig. 11. Performance, plotted in decibels, as a function of 
frequency for the array configurations shown in Fig. 9 optimized 
using the least squares method with the proposed target pressures 
definition. 

2.3  Selection  of  the  diameter  of  the  source  array  
From the results shown in Fig. 11 it can be seen that 

between 1.8-3.5 kHz, the contrast performance is still less 
than 15dB. In section 2.2, it has been shown that the outer 
pairs of sources have the most influence over the contrast 
performance between around 1.8-3.5 kHz. Therefore, in an 
attempt to improve the acoustic contrast within this 
frequency range, the diameter of the outer pairs of sources 
in this array has been increased in order to increase their 
natural directivity. The diameter of the inner pair of 
sources is kept at 0.08m. The diameter of the sources in the 
outer pairs is varied to be 0.12m, 0.14m and 0.16m, which 
are simulated using groups of 30, 36 and 42 monopoles 
respectively. The method to choose the number of 
monopoles is the same as the method for the source with a 
diameter of 0.08m.  

The control performance for the modified geometries, 
using the least squares method, is shown in Fig. 12, from 
which it can be seen that below about 1.5 kHz, the contrast 
performance is almost the same for the different source 
configurations. This result can be related to the conclusion 
in Section 2.2, that the sources in the inner pairs make the 
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main contribution to contrast control at frequencies below 
1.5 kHz. Additionally, it is found that at the lower 
frequencies, the sources are all activated in phase even 
though the diameter of the individual sources changes. 
With larger diameter sources in the outer pairs, the contrast 
performance and the normalized error are improved at 
higher frequencies, although the array effort is not unduly 
changed. This result can be explained by the increased 
directivity for the sources in the frequency bandwidth 1.5-
2.5 kHz. Based on the above discussion, increasing the 
diameter of the sources in the outer pairs to increase the 
natural directivity of the source array is a good idea for 
improving the contrast control at higher frequencies. 
However, it should be noted that in these simulations it is 
assumed that the loudspeaker continues to act as a piston 
at these relatively high frequencies, whereas in a practical 
realization this condition is only likely to be approximately 
met. 

 
(a) Contrast performance 

 
(b) Array effort 

Fig. 12. Performance, plotted in decibels, as a function of 
frequency for the array configuration shown in Fig. 13 optimized 
using the least squares method with the proposed target pressures 
definition when the diameters of the sources in the outer pairs are 
enlarged to be 0.12m, 0.14m, 0.16m. 

3  EXPERIMENTAL  IMPLEMENTATION  

A specific design of source array has been proposed, 
from the simulations, to produce independent front and 
rear listening zones at frequencies above 200Hz. However, 
these simulations have been conducted in a free field 
environment and the effects of a practical car cabin are not 
taken into account. Additionally, the directivities of a 
source in the above simulations may not be the same as a 
practical loudspeaker of a given size. Therefore, to validate 
the predicted performance of the proposed source array for 
personal audio control above 200Hz, a source array based 
on the results of the simulations has been implemented in 
the car cabin.  

Fig. 13(a-b) shows examples of the loudspeaker clusters 
used to implement the practical array, which is shown in 
Fig. 13(c). It should be highlighted that the spacing 
between the outer sources has been increased compared to 
the geometry shown in Fig. 9, because in the practical 
implementation the “bright” zone does not span the full 
region between the seats, which was defined as the “bright” 
zone in the simulations, but is instead defined by the 
regions at the two seats. Therefore, as indicated by the 
simulation based study, the best performance can be 
achieved when the outer source pairs are evenly distributed 
across the listening zone and this design guidance has been 
used here. Because of the symmetrical source 
configuration, the source strengths of the two loudspeakers 
in each of the inner pairs should be the same, so these two 
sources are connected and driven in phase. It was shown 
in section 2.3 that increasing the diameter of the sources in 
the outer source pairs can improve the contrast between the 
listening zones. In the practical setup the larger sources 
were realized using four single loudspeaker elements, as 
shown in Fig. 13(b), all driven in phase. An array of 15 
microphones, consisting of three rows of five microphones 
in two planes, was positioned at each seat position in turn, 
as shown in Fig. 13(d), and the two control zones were 
therefore defined by 30 microphones in the front and rear 
zones respectively. 

         
(a)                                 (b) 

  
(c)                                            (d) 

Fig. 13. The loudspeaker array and microphone setup in the car 
cabin. (a) Four loudspeakers in the array used for the inner pairs 
(two loudspeakers in each pair are driven together). (b) Four 
loudspeakers in the array used for the outer pairs (in which all the 
loudspeakers are driven in phase). (c) The loudspeaker array on 
the roof. (d) The microphone array setup in the front seat. 

Fig. 14 shows two examples of the impulse responses 
measured in the car cabin. Fig. 14(a) shows the response 
measured between the outer loudspeaker array located 
above the driver and a microphone in the driver’s position, 
whilst Fig. 14(b) shows the response from the inner 
loudspeaker pair to the same microphone. From Fig. 14(a) 
it can be seen that, as assumed in Section 2, the response 
is dominated by the direct path. However, from Fig. 14(b) 
it can be seen that there is a significant contribution from 
the indirect sound field due to the distance between the 
inner loudspeaker pair and the microphone. The indirect 
paths are not included in the free field simulations 
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employed in the previous section and, therefore, it is still 
important to confirm that the performance of the proposed 
array in the car cabin is consistent with the simulation 
results. 

The performance of the proposed personal audio system 
is predicted based on the measured transfer responses 
between the voltage inputs to each loudspeaker and the 
outputs of each of the 60 microphones. Fig. 15 shows the 
control performance calculated from 200 Hz to 10 kHz 
using the measured transfer responses for the proposed 
source array when optimized using the least squares 
method to produce a front “bright” zone or a rear “bright” 
zone. It can be seen that using the proposed source array, 
the predicted acoustic contrast is more than 15 dB up to 10 
kHz when producing a rear “bright” zone. In the frequency 
range of 4.5-7 kHz, the predicted contrast for the front 
“bright” zone is a little smaller than that for the rear “bright” 
zone. In the free field simulations, the two sound zone 
generation problems were symmetric, whereas they are not 
in the real car cabin, which gives rise to some differences 
in the performance for the two cases. The contrast 
performance decreases near 1 kHz and has a peak at about 
4 kHz in both cases, which is consistent with the 
simulation results in Fig. 11(a).  

 
(a)   Response from front driver side outer loudspeaker array to 

a microphone in the driver location. 

 
(b)   Response from the inner loudspeaker pair to a microphone 

in the front zone. 

Fig. 14. Examples of the impulse responses measured in the car 
cabin. 

 
(a) Contrast performance 

 
(b) Array effort 

 
(c) Normalized error 

Fig. 15. The performance as a function of frequency predicted 
using the measured transfer responses for the proposed source 
array when optimized to produce a front “bright” zone (Thick 
lines) or a rear “bright” zone (Fine lines) using the least squares 
method. 

Fig. 16 shows the calculated strength of each source in 
each of the three pairs in the array, plotted in decibels, 
when optimized to produce a front “bright” zone. Below 
about 500Hz, the sources in the inner pairs are driven 
hardest and are largely in-phase and above 1.5 kHz, the 
sources on the roof above the front listening zone make the 
main contribution to the contrast control. The levels of the 
sources in the rear listening zones indicate that these 
sources do not contribute significantly to the generation of 
a front “bright” zone. These results are generally consistent 
with the corresponding theoretical predictions shown in 
Section 2.3. 

 
Fig. 16. The source strength for each source when producing a 
front “bright” zone. (The left or right source labelling 
corresponds to the geometry in Fig. 9. For example, Right source 
in the front pair presents the right source in the outer pair on the 
roof above the front listening zone.) 
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4  CONCLUSIONS  

To achieve independent front and rear listening zones, 
which the four standard car audio loudspeakers cannot 
achieve above about 200Hz, a new type of source array 
mounted on the ceiling of a car cabin has been investigated. 
A process of selecting a suitable source configuration is 
described in detail and the results show that in the 
frequency range between 200 Hz and 1 kHz, a higher 
contrast can be achieved when the sources are mounted on 
the roof between the front and rear zones. At higher 
frequencies, sources mounted on the ceiling directly above 
the front and rear zones achieves better performance for 
personal audio in these positions. 

 Two optimization strategies, acoustic contrast control 
and the least squares method, are applied to evaluate the 
control performance of the proposed source array. As 
expected, the results show that acoustic contrast control 
achieves the maximum contrast between the different 
listening zones, however, it has been highlighted that with 
suitably selected target pressures, described in Section 2.2, 
the least squares method can also achieve a good level of 
contrast control. Additionally, the least squares method 
can provide an improved audio quality and is more robust 
to the uncertainties in the practical implementation [17]. 
Therefore, as is well known, the least squares method is a 
more suitable method in practice. 

To validate the results of the free field simulations, an 
array with 8 independent sources is implemented in a car 
cabin. The performance of this array configuration is 
predicted using the transfer responses measured from the 
loudspeaker drive signals to the outputs of the 
microphones in the front and rear listening zones. When 
this system is optimized to produce a rear “bright” zone, 
the proposed source array almost achieves a contrast of 15 
dB. When generating a front “bright” zone, the 
performance of the source array is limited in the range of 
4.5-7 kHz, but is still more than 11 dB up to 10 kHz. 

Compared with the car cabin personal audio system 
reported in [17], the presented system is able to achieve a 
significant boost in performance in the mid frequency 
range between 1 and 4 kHz. It also achieves more 
consistent performance when generating either a front or a 
rear “bright” zone. This is achieved mainly by using the 
natural directivity of the finite-sized sources, as suggested 
in [1], in this case positioned on the ceiling of the car cabin.  
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APPDENIX  A  

For all the simulations in Section 2.1, each source, with 
a diameter of 0.08m, has been simulated as a group of 11 
single monopole sources, as shown in Fig. A1. 

The number of monopoles has been chosen to be 
sufficient when the directivities of the source no longer 
vary as the number of employed monopoles is increased. 

To assess this criterion, the directivities of a source 
consisting of a different number of monopoles are 
compared at  2 kHz, 4 kHz and 8 kHz in Fig. A2-A4. 

From Fig. A2, it can be seen that at frequencies below 2 
kHz, no matter how many monopoles are included in the 
simulations, each source can be approximately identified 
as a monopole. From Fig. A3-A4, it can be seen that at 
higher frequencies, with an increasing number of 
monopoles, the directivity increases, which agrees with the 
theoretical behavior of a finite-sized source. When the 
number of monopoles is larger than 11, the directivities 
remain largely unchanged. Therefore, a group of 11 
monopoles is used to simulate a source with a diameter of 
0.08m. 

 
Fig.A1. A finite-sized practical source is simulated as a group of 
11 monopole sources driven in-phase. 

 

 
Fig. A2. The directivities of a finite-sized source with different numbers of monopoles used in the simulation at 2 kHz. 

 

 
Fig. A3. The directivities of a finite-sized source with different numbers of monopoles used in the simulation at 4 kHz. 

 

 
Fig. A4. The directivities of a finite-sized source with different numbers of monopoles used in the simulation at 8 kHz. 

r=0.04mmonopoles

A sample of practical source

A sample of simulated source 
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