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The extent to which the performance of personal sound zone (PSZ) reproduction systems
is impacted by the individualization of Binaural Room Transfer Functions (BRTFs) and the
coupling between the listeners’ BRTFs was investigated experimentally. Such knowledge
can be valuable for deriving rules for the design of high-performance, robust PSZ systems.
The performance of a PSZ system consisting of eight frontal mid-range loudspeakers was
objectively evaluated with PSZ filters designed using individualized BRTFs of a human listener
and generic ones measured from a mannequin head, in terms of Inter-Zone Isolation, Inter-
Program Isolation, and robustness against slight head misalignments. It was found that when no
misalignments were introduced, Inter-Zone Isolation and Inter-Program Isolation are improved
by an average of around 4 dB at all frequencies between 200 and 7,000 Hz by the individualized
filters, compared to the generic ones. With constrained head misalignments, the robustness
of both filters decreases as the frequency increases, and although the individualized filters
maintain higher performance, their robustness above 2 kHz is lower than that of the generic
ones. The evaluation also reveals an inter-listener BRTF coupling effect and a detrimental
impact on the performance for both listeners when a single listener’s BRTF is mismatched.

0 INTRODUCTION

Personal sound zone (PSZ) [1] (or personal audio) re-
production aims to deliver, using loudspeakers, individual
audio programs to multiple listeners in the same physical
space with minimum audio-on-audio interference between
programs. For a particular audio program, two listening
zones are usually generated, one “bright” zone (BZ) where
the target program is rendered and one “dark” zone (DZ)
where the sound pressure level corresponding to this pro-
gram is minimized. When there are different programs de-
livered to each listener, by the principle of superposition,
the BZ for one program is also at the same time the DZ for
the other program, and vice versa.

In order to minimize the sound pressure level in DZ while
preserving the audio quality in BZ, the Pressure Matching
(PM) method [2] is usually applied, which involves speci-
fying the target pressure at control points in both zones and
minimizing the l2-norm errors between the target pressure
and the actual pressure generated by loudspeakers. In re-
cent research, the PM method has been modified to better
address the trade-off between audio quality and acoustic
isolation [3–5] and to accommodate constraints on recon-
struction error [6], filter impulse response [7], and choice of
control points [8]. Although the PM formulation is usually

cast in the frequency domain [3, 4, 7, 8], it has also been
reformulated in the time domain [9–11].

Due to the nature of inverse filtering, the performance
of a PSZ system based on PM heavily relies on the ac-
curacy of the acoustic transfer functions (TFs) used for
designing the filter (referred to as setup TFs in the pa-
per). If mismatch exists between the setup TFs and those
in the final evaluation (referred to as playback TFs), the
PSZ performance (e.g., cancellation of interfering audio
in DZ) is expected to be degraded. There are many fac-
tors that can potentially contribute to such TF mismatches,
and previous studies have examined the effects of the pres-
ence/absence of the listener in the zone [5], mismatched
sound speed [12], loudspeaker/microphone positions [1,
12–14], electro-acoustic responses of loudspeakers [14],
and the existence of background noise [15]. In the context
of automotive audio, which is one of the most common
scenarios for PSZ applications, additional factors such as
varying ambient temperature [16], number of passengers
[17], and seat positions [18] are also investigated.

Although some aspects of PSZ systems can be evaluated
with free-field [5, 7, 18] or mannequin head microphones
[17, 19], the ultimate performance of such systems is best
studied with actual listeners located in desired positions,
often called sweet spots. If the filters are designed with
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setup TFs different from those of an actual listener, the TF
mismatch may result in degraded performance perceived by
the listener. In [20], using mismatched filters, only around
10 dB of Acoustic Contrast was achieved with actual lis-
teners, which is considered poor performance because the
required non-distracting audio interference level is shown
to be above 20 dB [21].

The importance of using individualized Head-Related
Transfer Functions (HRTFs) has been well recognized in
other spatial audio applications, and validated mainly in
terms of localization accuracy [22, 23]. For instance, in bin-
aural audio reproduction with loudspeakers using crosstalk
cancellation (XTC) [24], which is conceptually similar to
PSZ reproduction [12] and often utilizes the same inverse
filtering methods, individualization effects have also been
studied [25, 26] for localization performance. Although
XTC research has shown benefits of HRTF individualiza-
tion [25, 26], the performance metrics are different from
those for PSZ systems, and the required XTC level is differ-
ent from the isolation level in PSZ systems [21]. Moreover,
a PSZ system differs from a typical XTC system in two
other aspects: 1) more loudspeakers are required for the
former, increasing the variability of TFs for a mismatched
individual, and 2) the presence of multiple listeners can lead
to coupling effects between listeners’ HRTFs, especially in
the near field.

In this paper, the authors experimentally investigate the
effects of HRTF individualization on PSZ reproduction us-
ing an in-house PSZ system in a typical listening room. The
control points are defined at the listeners’ ears, resulting in
compact, “ear-targeting” sound zones similar to those in [7,
17, 18] and those for XTC utilizing in-ear measurements
[27, 28]. Such a PSZ setup allows direct measurements
and comparison of the Binaural Room Transfer Functions
(BRTFs), which consist of HRTFs convolved with room
responses, of both the mannequin head and the human lis-
tener, as opposed to those in [3, 4, 8–10] in which larger
zones with dense control points are specified. After the
BRTFs are measured with in-ear binaural microphones and
then used as setup TFs to generate generic and individ-
ualized PSZ filters, the performance of the PSZ system
were experimentally evaluated with metrics the authors
recently proposed in [29]: Inter-Zone Isolation (IZI) and
Inter-Program Isolation (IPI), as well as robustness against
slight head misalignments.

The objective evaluation was conducted with a setup of a
human listener and reference mannequin head in two zones,
with two sound zone configurations in which the BZ and DZ
are exchanged. For each configuration, both generic and in-
dividualized filters were evaluated. The frequency range of
interest was chosen as 200–7,000 Hz due to signal-to-noise
ratio limitations and the working range of the transducers.
Two cases were considered in order to evaluate both as-
pects of PSZ performance: one in situ case, in which the
listener stays at the same position for both the capture of
setup BRTFs and the measurement of the performance of
generated individualized filters, and one ex situ case, in
which the listener is instructed to leave the seat and sit back
to the position where the setup BRTFs were measured.

This paper presents and extends the authors’ prior work
[30]: SEC. 1 introduces the PM method and its adaptation
used for PSZ filter generation. SEC. 2 explains the PSZ sys-
tem setup and the procedure for evaluating the performance
of the implemented system. SEC. 3 shows the evaluation re-
sults from different performance perspectives. Discussion
on the results and remarks on the choice of design parame-
ters and evaluation methods are provided in SEC. 4. Lastly,
in SEC. 5, the authors draw conclusions on the findings and
suggest future directions.

1 METHODS FOR PSZ FILTER GENERATION

The authors consider a PSZ system for two listeners in
two zones, having, in general, an array of L loudspeakers
and M control points. In the frequency domain, each loud-
speaker l has a complex gain of gl(ω), l = 1, . . ., L, and the
resulting sound pressure at each control point m is pm(ω), m
= 1, . . ., M. In this particular system, the control points are
defined right at the ear positions; therefore, M = 4, for two
listeners. The TF corresponding to the loudspeaker l and
the control point m is denoted as Hml. Then, the pressure at
the control points is given by

p = H g, (1)

where p = [p1, · · · , pM ]T ∈ C
M×1, H = (Hml) ∈ C

M×L ,
and g = [g1, · · · , gL ]T ∈ C

L×1. All quantities are implic-
itly dependent on the frequency ω.

1.1 Pressure Matching Method
In the PM method [2], given the specified target pressure

pT at the control points in BZ and DZ, the least-square cost
function J is constructed as

J = ‖ p − pT ‖2 = ‖H g − pT ‖2, (2)

and by minimizing J, the complex gains g∗ corresponding
to the optimal PSZ filter are given by

g∗ = (H H H)−1 H H pT , (3)

where the ( · )H denotes taking the conjugate transpose. It
should be noted that this form of solution only applies to
overdetermined problems in which L < M. For this partic-
ular system (L > M), there are infinitely many solutions.
Among them, a solution that yields the “minimum energy”
of loudspeaker gains is given by

g∗ = H H (H H H )−1 pT . (4)

1.2 Optimal Filter Design
Apart from Eq. (4), a more common approach in prac-

tice to both the uniqueness of the solution and the numerical
stability is through regularization, which consists of adding
the loudspeaker energy term ‖g‖2 to Eq. (2) as an addi-
tional cost with weighting β, yielding the modified optimal
solution

g̃∗ = (H H H + βI)−1 H H pT , (5)

where β is often referred to as the regularization parameter
and I is the identity matrix. Coleman et al. [12] showed that
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the regularization parameter greatly affects the robustness
performance, and it is also strongly frequency-dependent.
However, because the type of TF mismatch considered in
this paper is directly related to actual listeners and is difficult
to be simulated, it would be time-consuming to find the
optimal β through numerous measurements. Instead, the
authors adopt a probabilistic approach similar to that used in
[15], by assuming each TF as an independent and identically
distributed random variable and minimizing the expected
cost. More specifically, the TF Hml is modeled as

Hml = Amleiφml , (6)

Aml ∼ N( Âml , σ
2
A,ml ), (7)

φml ∼ N(φ̂ml , σ
2
φ,ml), (8)

where Aml and φml denote the amplitude and phase of the TF,
N(·, ·) denotes the normal distribution, and the hat symbol
and σ denote the mean and standard deviation, respectively.
The corresponding cost function is expressed as

Jprob = E{‖H g − pT ‖2}, (9)

where E{·} denotes taking the expectation, and H contains
all the random variables Hml. Its closed-form optimal solu-
tion is given by

g∗
prob = (Ĥ

H
Ĥ + �)−1 Ĥ

H
pT , (10)

where Ĥ contains all the expected values of Hml, and � is
expressed as

� =
M∑

m=1

�m, (11)

�m = diag{σ2
A,m1, · · · , σ2

A,mL}. (12)

It should be noted that only the standard deviation of
the amplitude is included in the expression; therefore, it is
sufficient to only consider the amplitude variation in obtain-
ing the optimal PSZ filter. In [15], the variance is obtained
through Bayesian inference, whereas here, the variance is
determined empirically from multiple TF measurements.

2 EXPERIMENTAL DESIGN

2.1 System Setup
The evaluation experiment was conducted with a PSZ

system built in a typical listening room (RT60 ≈ 0.24 s in
the range 1,300–6,300 Hz). Because no subjective evalu-
ation is included within the scope of this paper, all BRTF
measurements were taken with a single listener (male, 25
years old).

The testing system, shown in Fig. 1, is composed of
an 8-driver linear, horizontal loudspeaker array working
in mid-range (two 16-driver linear tweeter loudspeaker ar-
rays shown in the figure were not used for the study). Two
Brüel & Kjær Head and Torso Simulators (HATS, Type
4100) are used as the mannequin heads (with the built-in
microphones removed), and two pairs of in-ear binaural mi-
crophones (Theoretica Applied Physics BACCH-BM Pro)

Fig. 1. Photographs of the PSZ reproduction system under study
with two mannequin heads (the two tweeter arrays above the
eight-driver array and the loudspeakers behind were not included
in the study). Bottom right: the in-ear binaural microphone used
in BRTF measurements.

are level matched and free-field equalized and used for
measuring the BRTFs of both the human listener and man-
nequin head. The listener’s head position is tracked using
an infrared depth sensor (Intel RealSense D415), and both
the head displacement (in xyz coordinates) and orientation
(pitch/yaw/roll) are displayed in real time on a tablet screen
to help the listener maintain the head position during the
measurement. The listener and mannequin head are approx-
imately 1 m away from the loudspeaker array.

All the BRTFs are measured using a series of exponen-
tial sine sweeps [31] at 48-kHz sampling frequency, with
each sweep having a duration of 2 s. For PSZ filter design,
the corresponding impulse responses are deconvolved and
truncated to the first 2,048 samples with a Tukey window (R
= 0.05). All filter impulse responses are centered and simi-
larly truncated to 4,096 samples before being exported. For
evaluation, the measured impulse responses are truncated
to the first 8,192 samples.

The focus is to study the influence of mismatch in the
BRTFs of a single listener. Because there are usually two
listeners involved in the system, only one of them (right in
the figure) is always the HATS as reference, whereas the
other is interchange between the HATS and human listener.
Two sound zone configurations (SZCs), as illustrated in
Fig. 2, are considered in the evaluation:

1) The left listener (HATS or human) in DZ and the right
listener (reference HATS) in BZ.

2) The right listener (HATS or human) in BZ and the
right listener (reference HATS) in DZ.

For the human-HATS setup, two types of filters are eval-
uated within each SZC:
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Fig. 2. Scheme of the two SZCs. The light/dark shaded area
represents the designated bright/dark zone.

a) Generic Filter: The filter generated with the setup
BRTFs measured from the HATS-HATS setup.

b) Individualized Filter: The filter generated with the
setup BRTFs measured from the same setup.

To generate PSZ filters, the target pressure in BZ is cho-
sen as the summed responses (truncated to first 2,048 sam-
ples) at two ears when a stereo pair of loudspeakers (for
the listener, it is the first and fourth loudspeakers from
the left, and for the HATS, it is the fifth and eighth loud-
speakers) are driven in phase, and the target pressure in
DZ is set to zero. In practice, this corresponds to a mono
audio program, because it usually leads to higher isola-
tion performance than other multichannel programs [29].
To determine the variance matrix in Eq. (10), the BRTFs
are measured consecutively 20 times for the human-HATS
case. For each measurement, the listener is instructed to
leave the seat, reposition himself at the origin, and re-wear
the binaural microphones, in order to generate PSZ filters
that are robust against slight head movements. Then, the
variance matrix is assembled by taking the empirical vari-
ance of this set of BRTFs.

2.2 Evaluation Procedure
2.2.1 System Calibration and Filter Preparation

First, the system is calibrated by placing two HATS at the
specified geometry center and setting the xyz coordinates
in the head-tracking display to zero. After a 4×8 matrix
of BRTFs for the two HATS is measured, the left HATS
is removed and replaced by the human listener. Then, the
BRTFs for the human-HATS setup are measured consecu-
tively 20 times to determine the variance matrix in Eq. (10).
The generic filters for the HATS-HATS setup are generated
based on the derived variance matrix.

2.2.2 In Situ Measurement
The BRTFs for the human listener and reference HATS

are measured. Then, the filters corresponding to this set of
setup BRTFs are generated offline and loaded in the render-
ing program. Then, with the listener remaining at the same
position (in situ), two sets of overall TFs (BRTFs convolved
with generated PSZ filters) are measured corresponding to
the two filter configurations a, b, and each includes two
filters for SZC 1 and 2. This way, the setup and playback
BRTFs can be assumed to be near-identical, and the indi-

vidualized filters are expected to achieve the best possible
performance.

2.2.3 Ex Situ Measurement
To evaluate the robustness of the individualized filter

against possible head misalignments, ten additional mea-
surements of the overall TFs are taken. The generic filters
and the individualized filters generated from the in situ
measurement are used. The listener is asked to leave the
seat and come back to the specified origin before the next
measurement.

During each measurement, the listener is instructed to
remain still around the specified origin until the measure-
ment is finished. In practice, however, because no external
head-supporting device is used, it is difficult for the lis-
tener’s head to stay at the exact same position. Therefore,
a range of maximum allowable head displacement/rotation
is specified (displacement less than 1 cm in either x/y/z
direction and rotation less than 10◦ around either axis), be-
yond which the measurement is aborted and a new one is
restarted. For the ex situ measurement, the authors expect
such an experimental setup to reasonably approximate a
few “randomly sampled” head misalignments in practice.
The body posture of the listener is not explicitly controlled
in the study.

3 RESULTS

The authors first examine the differences in measured
BRTFs and then evaluate the filter performance in terms of
isolation between zones (IZI) and between programs (IPI)
and filter robustness against slight head misalignments. All
results shown below are processed with one-third–octave
complex smoothing [32] for better visualization.

3.1 BRTF Variances
Fig. 3 shows the magnitude responses (mean and stan-

dard deviation) of a few selected BRTFs from the first set
of 20 measurements under the human-HATS setup, nor-
malized by those measured under the HATS-HATS setup.
The order of indices m, l in Hml is defined such that m =
1, 4 correspond to the listener’s left ear and the reference
HATS’ right ear, and l = 1, 8 correspond to the leftmost
and the rightmost loudspeaker (from the perspective of the
listener in the figure) in the array.

From {|H11|, |H18|} and {|H21|, |H28|} in the figure, it
is clear that the listener’s BRTFs are different from those
from the HATS, and the difference increases at higher fre-
quencies. From the plots of {|H31|, |H38|} and {|H41|, |H48|},
changes are observed in the reference HATS’s BRTFs, even
though the reference HATS is fixed the whole time. This
demonstrates that varying one listener’s BRTFs can also
affect that of the other listener, most likely due to the scat-
tering (both reflection and diffraction) of the sound off the
hard torso and head of the HATS. This is further corrob-
orated by observing the variation when the loudspeaker is
closer to the human listener (comparing |H31|, |H41| against
|H38|, |H48|).
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Fig. 3. Normalized magnitude responses of selected BRTFs measured from the human-HATS setup (20 measurements in total). The
solid line and surrounding shaded area represent the mean and standard deviation. The BRTFs from the HATS-HATS setup are used as
the reference, therefore showing a flat response of 0 dB (the dashed line).

Fig. 4. Frequency-dependent values of selected elements of the
matrix � in Eq. (10). Each index i corresponds to each loudspeaker
index l.

Additionally, Fig. 4 shows the values of selected elements
of the 8×8 diagonal matrix � in Eq. (10) used for filter gen-
eration, corresponding to the loudspeakers l = 2, 4, 6, 8.
The values are determined by �i = M · maxm σ̃2

A,ml , where
σ̃2

A,ml is the empirical variance of |Hml| from the 20 consec-
utively measured, un-normalized TFs. Here, the matrix �

works as frequency-dependent regularization that compen-
sates the larger variance at higher frequencies. The authors
also observe that the variances for loudspeakers closer to
the replaced listener are noticeably higher at frequencies
above 1 kHz than those of the further loudspeakers (l = 2,
4 compared against l = 6, 8).

3.2 The IZI and IPI Metrics
IZI and IPI indicate the isolation performance of a PSZ

system from two complementary perspectives: the isolation

between two zones given a single program and the isolation
between two active audio programs in the same zone. IZI is
conceptually similar to the well-known Acoustic Contrast
[12] metric, which is proven to be a special case of IZI for
single-channel programs [29]; IPI is more relevant to the
perception of audio-on-audio interference [19, 33] than IZI
and is suitable for scenarios in which multiple programs are
simultaneously rendered. Following the general definition,
the system setup in this paper corresponds to rendering two
mono programs to two zones. To express the two metrics,
the authors first define the PSZ filters corresponding to SZC
1 and 2 as g∗

1,2, and the sub-matrices (i.e., the top/bottom
two rows) of the TF matrix H corresponding to either the
left or right listener because H L ,R . IZI for SZC 1 and 2 can
be expressed as

I Z I1 = ‖H R g∗
1‖2

‖H L g∗
1‖2

, I Z I2 = ‖H L g∗
2‖2

‖H R g∗
2‖2

, (13)

in which case it is equivalent to the Acoustic Contrast met-
ric. IPI for the left/right listener comparing two SZCs is
given by

I P IL = ‖H L g∗
2‖2

‖H L g∗
1‖2

, I P IR = ‖H R g∗
1‖2

‖H R g∗
2‖2

. (14)

3.3 PSZ Filter Performance for the In Situ Case
Fig. 5 shows the in situ–measured IZI and IPI with re-

spect to the different SZCs and listeners, which also cor-
respond to the best case scenario. The authors note that
the use of individualized filters enhances both IZI and IPI
at all frequencies of interest (200–7,000 Hz) by around
4 dB (logarithmically averaged across all four difference
curves). The improved IZI and IPI achieve a minimum of
15 dB at most frequencies, with a logarithmic average (over
the entire frequency band) of 19.9 (IZI1)/19.5 (IZI2)/18.7
(IPIL)/21.2 (IPIR) dB, approaching the established 25.6-
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Fig. 5. In situ–measured Inter-Zone Isolation (top row) and Inter-Program Isolation (bottom row) for the generic filters (in dashed lines)
and the individualized filters (in solid lines), along with their differences (in dotted lines). (a) and (b) represent sound zone configurations
1 and 2, respectively. (c) and (d) represent left (human) and right (HATS) listeners, respectively.

dB threshold for non-distracting audio interference [21].
Additionally, the improvement is observed to be generally
larger as the frequency increases (e.g., the 10-dB peak seen
at around 5 kHz for both IPI curves). This is because the
optimization problem in PSZ filter design becomes less
ill-conditioned as the wavelength decreases, and the TFs
become more independent of each other.

Further insight can be obtained by comparing the IZI and
IPI plots for different SZCs. First, by comparing the plots in
each row, differences are noted between the metrics for two
zones/listeners. Such differences are likely caused by the
room/system asymmetry and the BRTF differences between
the human listener and HATS. Next, comparing the column
pairs, similar trends (especially at lower frequencies) are
seen between IZI for SZC 1 and IPI for HATS, as well
as between IZI for SZC 2 and IPI for the human listener,
which is due to the same DZ being shared in the definition
of both metrics.

It is worth noting that the improvement is observed in
IZI and IPI for both SZCs/listeners even though only one
listener was replaced. In other words, the change of one

listener’s BRTFs can equally affect the best possible per-
formance for both listeners. Based on the results in SEC.
3.1, it can be assumed that the loudspeakers farther away
from the listener play a more important role in canceling
the interfering audio, because their BRTFs have the most
variances compared to the loudspeakers closer to the lis-
tener. This also implies that the two listeners’ BRTFs are
closely correlated and that the individualization of PSZ fil-
ters should take into account both listeners, especially when
they are close to each other.

3.4 PSZ Filter Performance for the Ex Situ Case
The IZI and IPI spectra from ten ex situ measurements

are shown in Fig. 6. The boundaries of shaded areas in the
plots represent the minimum and maximum values of all
the measured results. Even though there are fluctuations in
IZI and IPI due to slight head misalignments, the individ-
ualized filters still remain superior to the generic ones at
most frequencies. More specifically, there is little overlap
between the two shaded areas, indicating that the individ-
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Fig. 6. Ex situ measured Inter-Zone Isolation (top row) and Inter-Program Isolation (bottom row) for the generic filters (in dark shading)
and the individualized filters (in light shading). (a) and (b) represent sound zone configurations 1 and 2, respectively. (c) and (d) represent
left (human) and right (HATS) listeners, respectively.

ualized filters always lead to better performance than the
generic ones under the given constraints of head move-
ments. It is observed that the overlapping mostly appears
at frequencies above 2 kHz in IZI for SZC 2 and IPI for
HATS in which the reference HATS is in DZ. This implies
that at higher frequencies, the benefits of individualization
(or matching BRTFs) for one listener can easily vanish with
the other listener’s slight head movements.

Furthermore, the robustness of both PSZ filters is exam-
ined against head misalignments by plotting the difference
between the minimum and maximum IZI and IPI (or the
width of the shaded areas in Fig. 6), as shown in Fig. 7.
In general, a larger difference means IZI (or IPI) is more
sensitive to head misalignments, and therefore, the corre-
sponding PSZ filter is less robust. A clear trend present in
all four plots is that the robustness of both filters decreases
as the frequency increases. The robustness is the lowest at
around 4.5 kHz, at which the variance between the human
listener and HATS’ BRTFs reaches local maxima (see Fig.
3).

The robustness of individualized filters is also observed
to be worse than that of the generic ones, especially in SZC
1 in which the replaced listener is in DZ. In comparison, the

robustness for the two listeners is more similar for the two
filters designed in SZC 2. Although individualized filters
yield better isolation compared to generic ones, it is not
clear whether the resulting decrease of robustness (e.g.,
around 5 dB of �IZI or �IPI variation at high frequencies)
can be perceived as an audible degradation in sound zone
isolation.

4 DISCUSSION

From the results shown above, it is clear that using indi-
vidualized BRTFs for PSZ filter generation leads to better
isolation performance, even with slight misalignments of
the listener. Nonetheless, the authors would like to point
out that such an improvement can be affected by both the
acoustic environment and the choice of filter design pa-
rameters, and it might be further increased under certain
circumstances.

In terms of acoustic environment, the authors emphasize
that the results obtained in this paper are based on measure-
ments in a typical listening room. Consequently, the IZI and
IPI levels are generally lower than those measured in an
anechoic setting (for example, see [7]), where the impact of
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Fig. 7. Differences between the maximum and minimum IZI [(a) and (b)]/IPI [(c) and (d)] from the ex situ measurements of the generic
(in dashed lines) and individualized (in solid lines) filters, extracted from Fig. 6. Higher value indicates lower filter robustness. The data
is further processed with one-sixth–octave smoothing for better visualization.

room reflections is minimized. Larger differences can also
be expected between the generic and individualized filters
in an anechoic setting. However, the results under realistic
listening conditions can better represent the highest isola-
tion level one can achieve in practical applications. From
the results, the authors deduce that it is feasible to imple-
ment a PSZ system that achieves a logarithmic average of
20 dB of isolation at listeners’ ears.

The choice of filter design parameters also plays an im-
portant role in reaching the best possible performance. For
example, the window length of the setup TFs used for filter
generation, the target pressure specification, and the ex-
ported filter length all have significant impact on the effec-
tiveness of the PSZ filters, as discussed in recent literature
(e.g., [5, 6, 34] ) on the optimization of such parameters. In
this work, the parameters were chosen empirically with no
further optimization, and therefore, increased improvement
is expected once the parameters are optimized.

The authors also note that in order to derive the optimal
PSZ filters, they only considered slight movements of the
left listener and assumed the reference listener to be static,
and thus, the modeled uncertainties of BRTFs would be less
than the actual case in which movements of both listeners
are possible. In practical use cases, a different uncertainty
matrix � [in Eq. (10)] should be used, which may result
in higher robustness but lower isolation. Such a trade-off
is because the more BRTF modeling errors the uncertainty
matrix takes into account, the less optimal the resulting
PSZ filters are. In practice, the uncertainty should only
include errors due to slight head misalignments and the
head tracker accuracy, and the robustness against larger
movements should be achieved by updating the PSZ filters
with head tracking.

The results for SZC 2 imply that, unlike the case of
a single-listener XTC system with individualized BRTFs,
the individualization is generally more difficult for a two-
listener PSZ system due to the scattering effects between
listeners, unless the BRTFs of both listeners are captured at
the same time. In other words, not only the listener but the
surrounding acoustic environment also needs to be individ-
ually captured and matched during PSZ reproduction. This
undoubtedly complicates the implementation of an individ-
ualized system and challenges its practical useability. One

possible solution to mitigate this problem is to allow more
uncertainty in the formulation of setup TFs to increase fil-
ter robustness; it is also possible to capture or estimate the
scattered sound field from the other listener prior to filter
generation.

The evaluation of other commonly-adopted metrics, such
as Array Effort and Normalized Reproduction Error [7],
are not discussed in the paper. Because the generic and
individualized filters are generated with the same design
method and parameters, the performance is expected to
be nearly identical in Array Effort for both filters. The
reproduction errors for the two filters are not comparable
because 1) different target pressure is used to design each
filter and 2) the discrepancy between the setup BRTFs (late-
reverb tails truncated) and the playback BRTFs would result
in large reproduction errors mostly due to phase differences,
which are hard to gain much useful insight from. Therefore,
a more suitable metric for evaluating the reproduced audio
quality in reverberant conditions is required.

5 CONCLUSION

In this work, the authors presented an objective evalu-
ation of a PSZ reproduction system using the generic and
individualized BRTFs, under the setup of an eight-driver
linear loudspeaker array for two listeners in a typical lis-
tening room. The BRTFs of a) two mannequin heads and
b) a human listener and a mannequin head were measured,
and the corresponding PSZ filters were generated using
the PM method, with a statistical design approach for op-
timal robustness against constrained head misalignments.
The resulting TFs convolved with different PSZ filters were
measured both in situ and ex situ and evaluated in terms of
two isolation performance metrics, IZI, IPI, and filter ro-
bustness against possible head misalignments.

The objective evaluation shows improvement in terms of
higher IZI and IPI by replacing generic BRTFs with indi-
vidualized ones in PSZ filter generation. From the in situ–
measured results, the individualized filters improve IZI and
IPI at all frequencies between 200 and 7,000 Hz when the
human listener is in DZ by a logarithmic average of 4 dB,
achieving around 20 dB of sound zone isolation. From the
ex situ measurement, the individualized filters remain supe-
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rior to the generic ones, but at a cost of degraded robustness
at higher frequencies when the individualized listener is in
DZ. A similar improvement in isolation is also observed
when the mannequin head (the unchanged listener) is in
DZ, implicating an inter-listener BRTF coupling effect and
a great impact on the dark zone sound cancellation for
one listener when the BRTFs of the other listener are mis-
matched due to listener movements or listener replacement.
However, the filter robustness for the unchanged listener is
not significantly affected.

Although this study is focused on small head movements
(within 1 cm of displacement and/or 10◦ of rotation) in the
setup, a natural extension would be to apply head track-
ing to compensate for larger head movements. Instead of
modeling the movements as misalignment errors, the larger
movements should be treated as the change in the param-
eter space for updating the corresponding PSZ filter coef-
ficients. A few adaptive approaches can be utilized, e.g.,
[18, 27, 35]. Additionally, the decrease in the robustness of
individualized filters implies that it is almost impractical to
retain the best performance at higher frequencies. This can
be potentially addressed by applying loudspeaker beam-
forming techniques with controllable directivity at higher
frequencies (e.g., [36, 37]). Finally, as the next steps for this
work, subjective listening tests are required to verify that
the superiority of individualized PSZ filters confirmed by
the objective evaluation is also perceptible to a large group
of human subjects.
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