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This study explores the localization of virtual sound source reproduced by the crosstalk cancellation system
under different reflective conditions in virtual rooms and analyzes the localization results with binaural cues.
Binaural room impulse responses are generated using the high-order image source method. By modifying the
acoustic parameters of the virtual room to manipulate the intensity and temporal structure of the reflection,
psychoacoustic experiments were conducted using headphone reproduction. The experimental results indicate
that, changes in reflection intensity within a certain range by altering the room reverberation time (RT)
do not cause noticeable variations in virtual source localization. Increasing the loudspeaker–listener distance
(changing temporal structure of reflections) deteriorates localization performance. The primary distinction
between variations in the loudspeaker–listener distance and RT lies in whether the temporal structure of the
reflection component changes. Overall, the study highlights the importance of the reflection temporal structure
in the virtual source localization. The analysis of binaural cues indicates that, even in reverberant environments,
the interaural time difference exhibits greater consistency with localization than the interaural level difference.

Keywords: sound localization; crosstalk cancellation; reflection environment; binaural cues.

Copyright © 2025 The Author(s).
This work is licensed under the Creative Commons Attribution 4.0 International CC BY 4.0
(https://creativecommons.org/licenses/by/4.0/).

1. Introduction

Binaural reproduction attempts to accurately re-
construct the desired auditory events in the listener’s
ear. Through binaural reproduction, listeners can per-
ceive the spatial impression of acoustic scenes that
have been recorded elsewhere or synthesized. This
technique is commonly employed in immersive vir-
tual reality (Lentz, 2008; Villegas, 2015). Both
headphones and loudspeakers can be used to re-
produce binaural signals. For loudspeaker reproduc-
tion, the crosstalk phenomenon inevitably occurs be-
tween the loudspeaker and the listener’s ears. Crosstalk
is defined as the sound transmitted from one loud-
speaker to the opposite ear, which always deteriorates
the sound source localization performance and timbre
(Masiero et al., 2011). Crosstalk cancellation (CTC)
filters eliminate or reduce the contributions from cross-
paths (Gardner, 1998). These filters are typically de-
rived by inverting the head-related transfer function

(HRTF) matrices, indicating that the CTC system
is best suited to anechoic environments. However, in
practical applications, CTC systems are routinely em-
ployed in various acoustic environments, such as lis-
tening rooms, offices, living rooms, etc. The reflections
in actual reproduction environments may disrupt bin-
aural cues, i.e., interaural time difference (ITD) and
interaural level difference (ILD).
Regarding the localization performance, researchers

have mainly focused on the influence of low-order re-
flections on the direction localization of the CTC
system. By simulating the low-order reflection from
an wall with different distances, it is possible to in-
vestigate the impact on virtual sources reproduced by
the CTC system, with the results explained in terms
of binaural cues (Kosmidis et al., 2014; Sæbø, 2001;
Tan et al., 2023). Other studies have also investigated
the localization performance of reflections on the
CTC system through loudspeaker experiments under
multiple reflective surfaces (Bahri, 2019; Sæbø, 1999).
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In general, existing studies have been restricted to sim-
plified reflection situations, investigating only a limited
order of reflections without considering the realistic
situation of a full sequence of reflections. On the other
hand, despite many studies that have investigated the
localization of real sources in reflective environments
(Blauert, 1997; Brown et al., 2015; Hartmann,
1983; Rakerd, Hartmann, 2010), differences exist in
the sound field generated by virtual and actual sound
sources. For a virtual source under reflective condi-
tions, the reflections are determined by the position,
input signal intensity, and phase of the loudspeakers
reproducing the virtual source (Tan et al., 2023).
However, in the case of a real source, the reflections
are only determined by the real source itself. There-
fore, the binaural signal received by the listener differs
significantly in the two cases, potentially resulting in
localization disparities. Given this, a systematic study
on the localization performance of virtual sources
reproduced by CTC systems under different reflective
conditions is essential.
This study aims to examine the localization of vir-

tual sources reproduced by the CTC system under
varying reflective conditions within enclosed spaces.
Although the geometric dimensions of rooms, absorp-
tion boundary conditions, and other parameters are
complex and varied, reflections can still be character-
ized by their temporal structure and intensity. There-
fore, we explore the effect of reflections with vary-
ing temporal structures and intensities on localiza-
tion of the virtual sound source reproduced by the
CTC system, where we manipulate the reflection in-
tensity and temporal structure by changing reverber-
ation time (RT) of the virtual room and the distance
between the listener’s position and the loudspeakers.
Considering that modifying the acoustic parameters in
a real room and conducting virtual source localiza-
tion experiments using loudspeakers are laborious and
time-consuming tasks, and implementing such tests
poses significant challenges. Thus, the research ob-
jectives are achieved using virtual reproduction tech-
nology (auralization) based on headphones. The cru-
cial aspect for virtual sound reproduction based on
headphones is to produce the correct binaural room
impulse response (BRIR). There are two main ap-
proaches for obtaining BRIRs in different reflective
environments: binaural measurement (Genuit, 1992;
Li, Peissig, 2020; Møller, 1992) and simulation
(Lehnert, Blauert, 1992;Møller, 1992). The mea-
surements are relatively accurate, but it can be chal-
lenging to alter the acoustic parameters of the room.
This difficulty can be solved by simulation methods,
if the simulation methods are validated by numerical
simulations and experimental measurements, such as
the validation of the reverberation room model sim-
ulated in the ODEON program (Nowoświat, Ole-
chowska, 2022) and room-acoustics diffusion theory

(Visentin et al., 2013). The image source method
(ISM) is commonly used for acoustic simulations.
The ISM is prevalent in architectural acoustics and
provides a valuable method for evaluating a room’s
acoustic quality (Allen, Berkley, 1979; Habets,
2010). The localization performance of sound sources
based on the BRIRs generated by the ISM and the
stochastic scattering method has been validated via
headphones, revealing that it is generally equivalent
to the measured BRIR (Rychtáriková et al., 2009).
In this study, the high-order ISM is employed to

simulate the spatial room impulse responses (SRIR) in
empty rectangular rooms of different sizes under var-
ious RTs and loudspeaker distances. The BRIRs un-
der different acoustic conditions are then synthesized
by the combination of SRIRs and the corresponding
HRTFs. Furthermore, the BRIRs are processed by a se-
ries of CTC filters, followed by a synthesis of binaural
signals at different target azimuths and conditions. The
subjective experiments via headphones are conducted
to examine the localization of virtual sound sources
generated by the CTC system under the above acous-
tic conditions. The localization results are analyzed in
terms of the ITD and ILD, which are calculated based
on a binaural auditory model that accounts for the
precedence effect, and discussed from the perspective
of psychoacoustics.
The rest of this paper is organized as follows: Sec. 2

introduces the CTC system and the method of generat-
ing BRIRs; Sec. 3 conducts the experiment about vir-
tual source localization under different reflective con-
ditions and analyze the experimental results; Sec. 4
analyses the localization cues for experimental results;
Sec. 5 conducts a discussion for the results, and fi-
nally Sec. 6 presents the conclusions to this study.

2. Simulation of the CTC system
in a virtual room

2.1. CTC system

For the two-loudspeaker CTC system in an ane-
choic room, the transmission of sound signals is shown
in Fig. 1. When the loudspeakers of the CTC system
emit sound, one of the listener’s ears can simultane-
ously receive signals from both the left and right loud-
speakers. To reduce directional distortion caused by
crosstalk, binaural signals should be processed through
a series of CTC filters before being delivered to the
loudspeakers. For the CTC system in the frequency
domain, the transmission of sound signals is given by

[PL

PR
] = [HLL HRL

HLR HRR
] [CLL CRL

CLR CRR
] [HL

HR
]E0, (1)

or
P =H ⋅C ⋅E, (2)
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where PL and PR are binaural pressures in an anechoic
room, respectively. HIJ are the elements of H, repre-
senting the HRTF of the I-th source to the J-th ear,
where I and J denote L or R. The elements CIJ of C
are the corresponding CTC filters. The HRTF of the
target virtual source are denoted as HL and HR. E0

is the monaural signal and E represents the binaural
signal.
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Fig. 1. CTC system in an anechoic room. The coordinate
system is represented in the diagram. The virtual source
is denoted by ‘S’; ‘L’ and ‘R’ represent the left and right

loudspeakers for reproduction.

To eliminate crosstalk, the product of H and C
should equal the identity matrix I, that is,

HC = I. (3)

In consequence, C is the inverse matrix of H. Due
to HRTFs are nearly singular and cannot be inverted
at some frequencies. To enhance the robustness of the
solution, we utilized a regularization method to com-
pute the matrix C (Kirkeby, Nelson, 1999). Con-
sequently, C can be computed as the pseudoinverse
of H:

C =(HTH+λI)−1HT, (4)

where the superscript T represents the conjugate trans-
pose, λ is the regularization parameter. In Eq. (4), λ can
be adjusted to 0.001 to balance accuracy and the sta-
bility of virtual source. The HRTFs used in the present
work were obtained from the simulated KEMAR
(Knowles Electronics Manikin for Acoustics Research)
artificial head HRTF database. The spectral range of
the HRTF starts at 50Hz and extends up to 22.5 kHz
with a spatial resolution of 1○ and an increment of
50Hz between each step, which was computed by the
boundary element method (Katz, 2001; Rui et al.,
2013) as executed in Mesh2HRTF (Ziegelwanger
et al., 2015).

2.2. BRIR simulations

To obtain BRIRs in rectangular empty rooms with
different reverberations, the high order ISM was used

to generate spatial room impulse responses (SRIR).
The ISM is based on the principle that a wavefront ar-
riving from a point source and reflections from an infi-
nite plane can be modeled as emanating from an image
source. This image source can therefore be visualized
as a mirror source. Consider a rectangular room with
dimensions of {Lx, Ly, Lz} and a sound source posi-
tioned at {sx, sy, sz}. The relative positions of the im-
age sources with respect to the receiver position can
be written as

(xi, yi, zi)=(
(1 − 2u)sx + 2nLx, (1 − 2v)sy + 2lLy,

(1 − 2w)sz + 2mLz

), (5)

where {u, v,w} and {n, l,m} are integer vector triplets;
u, v, and w can take values of 0 or 1, whereas the
possible values of n, l, and m are based on the order
of the reflections.
For simplification, only omnidirectional sound

sources are considered here, and RT are used to re-
place the variation of sound absorption boundary con-
ditions. Energy absorption by the walls of the room
and attenuation over distance for sound propagation
(Ocheltree, Frizzel, 1989) are integrated into the
calculations of the impulse responses of different or-
der image sources. In this study, the precise materials
corresponding to the given absorption coefficients were
not specified. For the sake of simplification, a uniform
absorption coefficient was assigned to all surfaces in
the simulation, thereby enabling a focused investiga-
tion of the impact of reverberation time and the delay
and intensity of reflected sound.
To incorporate enough reflections in the simula-

tion, the order of the image sources is configured to
be sufficiently high, ensuring that the energy attenua-
tion of the image source exceeds 60 dB at that order.
After performing the inverse discrete Fourier transform
(IDFT) on the corresponding HRTFs, the correspond-
ing head-related impulse responses (HRIRs) are ob-
tained. Next, the corresponding HRIRs were convolved
with the impulse represented by the direct source and
each image source, and the resulting responses were
summed to obtain the BRIR. The process of obtaining
BRIR is shown in Fig. 2.
Considering the loudspeaker angles in Fig. 1 in

a virtual room, we use the binaural room transfer func-
tion (BRTF) to replace the HRTF matrix in Eq. (1).
Finally, the binaural sound pressure produced by the
CTC system in a virtual room can be expressed as

[ P
′
L

P ′R
] = [BLL BRL

BLR BRR
] [CLL CRL

CLR CRR
] [HL

HR
]E0, (6)

where P ′L and P ′R are the binaural sound pressures
at each ear in a virtual room and BIJ is the transfer
function for the I-th loudspeaker to the J-th ear.
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Fig. 2. Process of obtaining BRIRs.

3. Experiment: Different temporal structures
and intensities reflections

The change in the reflection environment (condi-
tion) is essentially a variation in the temporal struc-
ture and intensity of the reflection. Therefore, in this
section, we attempt to explore the effect of reflections
of different temporal structure and intensity on the lo-
calization of virtual source reproduction by the CTC
system by varying the acoustic parameters of the room
and loudspeaker arrangement.

3.1. Experimental design

3.1.1. Experimental condition

Due to the fact that variations in RT and loud-
speaker distance will respectively alter the intensity
and temporal structure of the reflections (with in-
tensity changing concurrently), both will also change
the direct-to-reverberant energy ratio (DRR), which
could potentially affect the localization of virtual
sound sources. Therefore, in the present experiment,
we consider controlling the RT and the loudspeaker
distance to modify the intensity and temporal struc-
ture parameters of the reflections.
Although the actual room types, acoustic parame-

ters within the rooms, and other factors are numerous
and highly complex, in order to qualitatively analyze
the impact of reflection intensity and temporal struc-
ture parameters on the localization of virtual sound
sources reproduced by the CTC system, we selected
two representative acoustical spaces of different scales
for the experiments.
The empty room 1O 6.4m (length) × 5.6m (width)

× 2.7m (height), and the empty room 2O measures

Table 1. Variation in reflection parameters due to RT changes.

RT
[s]

Minimum delay
[ms]

Intensity of the minimum
delay reflection [dB]

Total intensity
of early reflections [dB]

Total intensity
of late reverberation sound [dB]

0.3 3.90 −4.8 1.4 −0.8

0.8 3.90 −3.4 5.5 4.7

1.2 3.90 −3.2 6.4 8.0
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Fig. 3. Room and loudspeaker layouts. The distance be-
tween the sound source and the listeners is 1.5m. Coordi-
nate positions of both the listeners and the loudspeakers

are shown for each listening scenario.

8.0m (length) × 7.0m (width) × 3.5m (height). The
two rooms and their loudspeaker arrangements are
shown in Fig. 3. The center position of the listener’s
head is set at a nonspecial location in the central area
of the room. The initial distance between the sound
source and the wall is maintained at 2m or more to
avoid the occurrence of reflections with a small delay.
The sound source is positioned at a height of 1.2m,
aligning with the center of the listener’s head. The ar-
rangement angle of sound source is 60○.
Experiment condition 1: different intensities of

reflections. In this experiment condition, the listener
position and loudspeaker layout are identical to those
in the room 1O. RT values of 0.3 s, 0.8 s, and 1.2 s are
configured, encompassing the typical RTs of the acous-
tic environments used by CTC systems. Under these
conditions, only the intensity of the reflections will
change (as shown in Table 1, all reflections parameters
are calculated relative to the direct sound). In this
scenario, the minimum delay of the reflections remains
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Table 2. Variation in reflection parameters due to loudspeaker distance changes.

Loudspeaker
distance [m]

Minimum
delay [ms]

Intensity of the minimum
delay reflection [dB]

Total intensity
of early reflections [dB]

Total intensity
of late reverberation sound [dB]

1.50 3.90 −6.5 2.1 0.5

2.50 2.80 −3.9 6.3 4.4

3.50 2.20 −2.7 9.4 7.7

around 3.90ms, which is within the suppression range
of the precedence effect. Therefore, the temporal struc-
ture of the reflections does not change, while the in-
tensity of the early reflections increases by approx-
imately 5.0 dB and the late reverberation increases by
about 8.8 dB.
Experiment condition 2: different temporal struc-

tures of reflections. We employ the method of changing
loudspeaker distance to control temporal structures of
reflections. Under this experimental condition, the size
of the virtual room, the loudspeaker arrangement, and
the listener’s position are consistent with room 2O in
Fig. 3, and the RT is set to 0.7 s. The loudspeaker
distances are set at 1.50m, 2.50m, and 3.50m, re-
spectively, while the loudspeaker span angle remains
at 60○. As the distance of the loudspeaker increases,
the minimum delay of the reflection decreases from
3.90ms to 2.20ms, shifting from the suppression range
of the precedence effect (usually greater than 3ms) to
the range where the precedence effect begins to take
effect. Additionally, the intensity of the reflection in-
creases accordingly, as shown in Table 2. Unlike chang-
ing the RT, altering the loudspeaker distance simulta-
neously changes both the temporal structure and the
intensity of the reflections.

3.1.2. Subjects

The experiment involved eight participants, com-
prising five males and three females, with ages ranging
from 20 to 26 years old. All participants were Master’s
degree candidates. They self-reported as having typical
hearing abilities and had previously engaged in sound
localization studies. Compensation was provided for
their involvement in the experiment.

3.1.3. Experimental procedure

The BRIRs in the virtual rooms were obtained us-
ing the method described in Sec. 2, where the im-
age source order was set to 40. The calculations were
implemented in MATLAB on a personal computer.
Three stimuli were chosen: music (from Blue Danube),
speech (from a Chinese corpus read by a baritone), and
a 6-second duration of pink noise processed with fade-
in and fade-out. The pink noise was passed through
a 10 kHz low-pass finite impulse response filter and re-
produced using the Etymotic Research (ER-2) insert
earphone. The ER-2 earphones are inserted into the ear
canal and bypass the pinna’s acoustic effects, their cor-

responding headphone transfer function does not in-
clude pinna coloration. Given that the flat frequency
response of the ER-2, no additional headphone equal-
ization was applied. Each stimulus was presented ran-
domly and repeated three times. The average binaural
sound pressure level in the condition of the room 1O
was calibrated to approximately 65 dB(A). The vir-
tual source’s target azimuths were categorized into sev-
en distinct directions, ranging from −90○ to 90○, with
each direction separated by 30○ intervals.
Listening tests were performed in an isolated con-

trol room. Participants initially engaged in a training
session, where they listened to the test stimuli, be-
ing clearly informed that the stimuli could emanate
from any location within the frontal plane. Feedback
on responses was not given throughout the training
stage. The azimuth of the virtual source was deter-
mined using the Polhemus Fastrak G4�, a portable and
mobile wireless electromagnetic tracker that achieves
full 6-degrees-of-freedom localization. Each subject
held a lightweight carbon fiber rod in their hand with
a sensor attached at the end. When the subject
heard a stimulus, they pointed the sensor towards
the perceived location of the sound source. The sen-
sor recorded the position information and transmit-
ted it to a personal computer. After real-time pro-
cessing, the subject’s perceived angle was determined
and recorded. The experiments were divided into three
groups, i.e., different room types, different RTs, and
different loudspeaker distances. Subjects are required
to take a break every 15 to 20 minutes.

3.2. Experimental results

Figure 4 shows the virtual source localization re-
sults of the CTC system in rooms with different in-
tensities of reflections (different RTs). At a ±90○ tar-
get azimuth, the average perceived azimuth (absolute
value) under the RT condition of 0.3 s is slightly larger
than the average perceived azimuth under other RT
conditions. At other target azimuths, there is no signif-
icant difference in the average perceived azimuth under
different RT conditions (i.e., 0.8 s and 1.2 s). Addition-
ally, the standard deviation of the lateral perceived az-
imuth under RT conditions of 0.8 s and 1.2 s is slightly
higher than that under the RT condition of 0.3 s, with
a difference ranging from about 1○ to 4○. A multifac-
tor repeated measures analysis of variance (ANOVA)
showed that the main effects of RT and signal type
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Fig. 4. Localization results at different RTs (different intensities of reflections): a) speech; b) music; c) pink noise.
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Fig. 5. Localization results of different distance condition (different temporal structures of reflections):
a) speech; b) music; c) pink noise.

were not significant. Overall, the localization results in-
dicate that even with a significant increase in the inten-
sity of reflections, when the reproduction loudspeakers
are positioned away from the wall (more than 2m),
the subjects can still locate the virtual sound source.
The localization accuracy of the CTC system’s repro-
duced virtual sound sources does not significantly de-
cline. Therefore, when the loudspeakers are relatively
far from the wall, changes in RT within a certain
range, that is, changes in the intensity of the reflec-
tions (without altering the temporal structure of the
reflections), do not affect the localization of the virtual
sound source.
Figure 5 displays the localization results for the

cases of different loudspeaker distances (different tem-
poral structures of reflections). For front target sound
sources (0○, 30○, and −30○), there is little difference
in the perceived azimuth under different loudspeaker
distance conditions. However, for lateral target sound
sources (±60○ and ±90○), the perceived azimuth (abso-
lute value) tends to decrease with the increasing loud-
speaker distance. For example, in the case of the speech
signal and the 90○ target azimuth, the perceived az-
imuths at loudspeaker distances of 1.5m, 2.5m, and
3.5m are 80○, 72○, and 67○, respectively. In addition, as
the loudspeaker distance is raised, there is a noticeable
increase in the SD of the lateral perceived azimuths
(±60○ and ±90○). For instance, with a 1.5m loud-
speaker distance, the SD of lateral perceived azimuths
ranges from 6○ to 8○, whereas at larger loudspeaker dis-
tances, this range increases to 8○ to 13○. This indicates

that participants experience an increase in localization
variability when localizing virtual sources at larger dis-
tances.
The perceived azimuths were subjected to multifac-

tor repeated measures ANOVA. No significant main ef-
fects are found for either distance or signal type. How-
ever, pairwise comparisons with Bonferroni corrections
show that, for the −90○ target azimuth, a significant
difference exists between the localization for distances
of 1.5m and 3.5m (with different stimuli, all p < 0.05,
refer to the asterisks in Fig. 5 for more details). For 90○

and ±60○ target azimuths, significant differences exist
for some signals between the localization for distances
of 1.5m and 3.5m, e.g., for speech at 90○, p = 0.017.
The ANOVA analysis results confirmed the previ-

ously described trends in localization changes. Specif-
ically, at lateral target angles, the perceived azimuths
are smaller under conditions of greater loudspeaker
distances compared to smaller loudspeaker distances.
This indicates that the temporal structure of the reflec-
tions affects the localization of virtual sound sources.

4. Localization cues analysis

4.1. Binaural auditory model

To analyze the changes in binaural cues under dif-
ferent reflection conditions, a binaural auditory model
was introduced. The model architecture considered
throughout this section is shown in Fig. 6. The binaural
signal (right and left channels) was obtained by simu-
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Fig. 6. Binaural auditory model structure of the cross-correlation-based precedence effect.

lation, as described in Sec. 2. The peripheral compo-
nents contain the middle and inner ear. The influence
of the middle ear on the localization is typically omit-
ted, and its effect on the signal is uniform for both ears,
thus leaving the ITD and ILD unaffected. The inner
ear frequency selectivity was modeled using a gamma-
tone filter bank (Slaney, 1993) of 42 bandpass equiva-
lent rectangular bandwidth (ERB) channels. The cen-
ter frequencies of the filter bank varied from 100Hz to
10 kHz, because the main energy of the stimuli was be-
low 10 kHz. A gammatone filter bank is often used as
the front end in cochlea simulations, converting intri-
cate sounds into multi-channel activity patterns akin
to those observed in the auditory nerve. The nonlin-
ear behavior of the hair cell was then simulated by
applying half-wave rectification to the output of the
gammatone filters (Braasch, 2013;Cooke, 2005).
To account for the precedence effect, suppression

and release mechanisms for reflections were employed.
A segmented function was adopted to fit the original
function proposed in (Martin, 1997; Yost, Goure-
vitch, 1987). Figure 7 shows the delay-varying func-
tion of the precedence effect on the lag component
in localization. In the first few milliseconds, the influ-
ence of the delayed sound diminishes as the delay in-
creases. When the delay reaches about 3ms, the weight
is approximately 0, and this value is maintained until
the delay is 15ms. This stage corresponds to the in-
hibition process. As the delay continues to increase,
inhibition slowly releases, and the weight gradually in-
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Fig. 7. Function simulating the precedence effect

on lag sounds.

creases until the delay reaches 35ms. For delays greater
than 35ms, the weights remain unchanged.
In this model, the stage of binaural processing oc-

curs after the precedence effect. The binaural processor
was simulated using a cross-correlation model, with the
following cross-correlation function employed to obtain
the ITD:

ΦLR(τ) =

+∞

∫
−∞

BL,N (t + τ)BR,N (t)dt

⎧⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎩

⎡⎢⎢⎢⎢⎢⎢⎢⎣

+∞

∫
−∞

B2
L,N (t)dt

⎤⎥⎥⎥⎥⎥⎥⎥⎦

⎡⎢⎢⎢⎢⎢⎢⎢⎣

+∞

∫
−∞

B2
R,N (t)dt

⎤⎥⎥⎥⎥⎥⎥⎥⎦

⎫⎪⎪⎪⎪⎪⎬⎪⎪⎪⎪⎪⎭

1/2 , (7)

where BL,N and BR,N represent the binaural signals of
the N -th ERB channel. The range of ΦLR(τ) is from 0
to 1. This equation gives the maximum value of ΦLR(τ)
in the case of ∣τ ∣ ≤ 1ms, which represents the interau-
ral cross-correlation coefficient (IACC). Lower IACC
values (greater than 0) typically indicate a larger au-
ditory source width, potentially resulting in an in-
creased localization variability (SD of perceived az-
imuth) (Blauert, 1997; Morimoto, Iida, 1995).

4.2. Modified binaural localization cues

As described in Eq. (7), under anechoic conditions,
τ = τmax corresponding to this maximum value is de-
fined by the ITD (Xie, 2013). Under reflective condi-
tions, the interference between the reflected sound and
the direct sound causes severe fluctuations in binau-
ral factors with frequency variations (Kosmidis et al.,
2014; Tan et al., 2023). This also leads to apparent
multi-peak situations, where the ITD obtained from
the peak corresponding to the maximum value usu-
ally has difficulty matching the actual perceived direc-
tion of the sound source. Therefore, we calculated the
delay values corresponding to all peaks of the cross-
correlation function and selected the one closest to the
ITD value under anechoic conditions as the ITD in
the reflective sound environment (i.e., choosing a rea-
sonable ITD value) (Tollin, Henning, 1998).
The ILD is defined as

ILD(f) = 20 log10 ∣
PR(f)
PL(f)

∣, (8)
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where PR(f) and PL(f) represent the binaural sound
pressures at frequency f .
Drawing on the auditory system’s mechanism of

amalgamating spatial cues across different frequency
ranges, we calculated the average value and SD of
the ITD below 1500Hz (corresponding to ERB chan-
nels 1 to 21) and the ILD from 1.5 kHz to 10 kHz
(corresponding to ERB channels 22 to 42). Moreover,
the sensitivity of observers to the ITD in the fre-
quency range centered around 700Hz is widely rec-
ognized (Bilsen, 1973; Folkerts, Stecker, 2022;
Zwislocki, Feldman, 1956); this frequency band is
described as ‘the dominance region’. Here, we set up
an empirical frequency weighting function to simulate
this phenomenon (Stern et al., 1988). For frequencies
below 1200Hz, this function is fitted as a cubic polyno-
mial, and for frequencies above 1200Hz, the weight co-
efficients are equal to the value at 1200Hz. The weight-
ing function is shown in Fig. 8.

0 5 0 0 1 0 0 0 1 5 0 00 . 0 0

0 . 2 5
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t

Fig. 8. Empirical frequency weighting function of ITD.
The data were gathered by Raatgever (1980).

The weighted average ITDs under the different ex-
perimental conditions are shown in Fig. 9. Compared
with the localization results of Figs. 4 and 7, the ITDs
under these conditions exhibit analogous trends. First,
regardless of the experimental conditions, the ITD
increases with the target azimuth. Second, as shown
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Fig. 9. Weighted average of ITDs under different: a) RTs
(reflection intensities); b) distances (temporal structures).

in Fig. 9a, the ITD does not change with RT or the
intensity of the reflections at most target azimuths.
In Fig. 9b, with increasing distance, the delay of the
reflection decreases, the intensity of the reflection in-
creases, and the ITD of lateral target azimuths de-
creases. The above ITD trends generally align with
the trends observed in localization results. However, in
some cases, the ITD results do not match the localiza-
tion results (e.g., at −30○ under RT conditions of 0.8 s
or 1.2 s). This discrepancy may be due to the general
binaural auditory model not being applicable to all ex-
perimental conditions. Generally, even under larger RT
conditions, ITD factors can provide relatively accurate
localization information.
The average ILDs at different azimuths under the

different experimental conditions are shown in Fig. 10.
The absolute values are significantly smaller in the
higher reverberation condition than in the low re-
verberation condition. For example, the ILDs with
RT = 0.3 s are larger than those for RT = 1.2 s or 0.8 s.
This is because the late reverberant reflections can
come from any direction, causing both ears to re-
ceive late reverberant energy of equal intensity. Con-
sequently, ILD (absolute value) decreases towards zero
as the DRR decreases, making it less reliable (Shinn-
Cunningham et al., 2005). A comparison between the
results for the average ILDs and the localization re-
sults shows that there are almost no similar trends.
This validates the unreliability of ILDs under low-DRR
conditions.
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Fig. 10. Average ILD under different: a) RTs (reflection
intensities); b) distances (temporal structures).

5. Discussion

5.1. Effects of reflection intensities (change RTs)

An increase in reflection intensities will decrease
both the DRR and the ILD. The ILD cues (high-
frequency cues) indicate that the perceived direction
tends to be biased toward the front as the RT in-
creases. However, the localization results in Sec. 3 show
that the perceived azimuths are largely unaffected by
changes in RT within the range of our experiments
(i.e., 0.3 s–1.2 s). Similar findings have been observed in
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the localization of real sound sources, where alter-
ing the RT (within the moderate reverberation range)
alone did not markedly reduce the subjects’ ability to
localize sound sources (Rakerd, Hartmann, 2010;
Rychtáriková et al., 2009; 2011). This indicates that
the ILD is not reliable under low-DRR conditions,
as reported in a previous study (Shinn-Cunningham
et al., 2005). In contrast, the results in Fig. 9a demon-
strate the robustness of the ITD against changes in
reflection intensities (RT), which agrees with the lo-
calization results. Owing to the large distance from
the loudspeaker to the wall, the earliest delay exceeds
11.40ms (calculated based on geometric distance). In
this situation, early reflections are largely suppressed
by the precedence effect, resulting in little effect on lo-
calization cues. Furthermore, late reverberation adds
uncorrelated signals with approximately equal ampli-
tudes into two ears, which decreases the IACC but has
little influence on the ITD. The IACC and ITD are
calculated using the maximum peak value within a cer-
tain delay range of the cross-correlation function and
the position at which this maximum peak value oc-
curs, respectively. The cross-correlation function, i.e.,
Eq. (7), can be rewritten as

ΦLR =
(BL,dir +BL,rev) ⊗ (BR,dir +BR,rev)
∣BL,dir +BL,rev∣∣BR,dir +BR,rev∣

, (9)

where BL,dir and BL,rev represent the direct sound and
reverberation sound of the left impulse response, re-
spectively, and similarly for the right impulse response.
The symbol ⊗ denotes the correlation operation.
We hypothesize that the role of early reflection in

localization is largely suppressed, and the late rever-
beration creates an ideal diffuse sound field. Hence,
the correlation between direct and late reverberation
sound, as well as the correlation with binaural late re-
verberation, is zero. Equation (11) can then be further
simplified as

ΦLR =
BL,dir ⊗BR,dir

(B2
L,dir +B2

L,rev)
1/2(B2

R,dir +B2
R,rev)

1/2 . (10)

Considering our experimental conditions, the late
reverberation increases with increasing RT, and so the
denominator in Eq. (10) becomes larger. Moreover,
the maximum peak value of the cross-correlation func-
tion decreases, indicating a decrease in the IACC (this
implies a slight increase in the SD of the perceived azi-
muths with increasing RT). However, the position of
the maximum peak remains unchanged, resulting in an
unchanged ITD.
Based on the above analysis, the possible reason

for the slight effect of the reflection intensities (RTs) on
the localization of virtual sources are that listeners are
more reliant on the ITD (low-frequency cues) than the
ILD (high-frequency cues) for the localization in a re-
verberant environment. Previous studies have shown

that subjects struggle to rely on the ITD for localiza-
tion when stimuli lack transient information (Hart-
mann, 1983). Although the pink noise in our study was
subjected to fade-in and fade-out processing, its local-
ization does not differ significantly from other tran-
sient signals. This can be attributed to the fact that
pink noise is composed of a series of small impulses,
which have random amplitude fluctuations. These fluc-
tuations are transient, meaning that the subjects are
still able to utilize the ITD information within it for
localization.

5.2. Effects of temporal structures of reflections
(change loudspeaker distances)

For a virtual room with constant acoustic pa-
rameters, changes in loudspeaker distance will alter
the temporal structure and intensity of the reflec-
tion. Under the condition of a 3.50m loudspeaker
distance, the minimum delay of the reflection is ap-
proximately 2.20ms. This delay falls within the range
where the precedence effect is actively suppressing
(below 3ms to 5ms). At this point, the relatively
high-energy early reflections are not completely sup-
pressed by the precedence effect. A series of par-
tially unsuppressed reflections interfere with the di-
rect sound, causing the ITD to fluctuate with fre-
quency. The average ITD changes with the loud-
speaker distance (as shown in Fig. 9), and this interfer-
ence also leads to a decrease in IACC (Gourevitch,
Brette, 2012; Rakerd, Hartmann, 2010; Shinn-
Cunningham, Kawakyu, 2003; Tan et al., 2023).
Moreover, the localization results in Sec. 3 demonstrate
the same trend as the ITDs, that is, as the distance
increases, the localization performance (including the
SD and deviation of localization) of lateral virtual
sources deteriorates. According to the auditory mech-
anism that merges locational data throughout various
frequency bands (Hancock, Delgutte, 2004; Xia,
Shinn-Cunningham, 2011), the degraded localization
performance of the virtual source may arise from fluc-
tuations in the ITD with frequency and the deviation
of the mean ITD.
Variations in both the RT and loudspeaker distance

change the DRR (as illustrated in Fig. 11), but only
the loudspeaker distance affects the localization of vir-
tual sources (as shown in Figs. 4 and 5). Even when the
DRR is similar under different conditions, e.g., an RT
of 1.2 s and loudspeaker distance of 3.5m, there may be
significant differences in the localization results. This
indicates that the DRR alone may not adequately pre-
dict the localization performance in rooms. The tem-
poral structure of reflections, i.e., the time distribution
of reflection sequences, may indeed play a crucial role
in the localization of the sound source. It is also reason-
able to believe that reflections with small delay have
a more disruptive effect on the localization of virtual
sound sources compared with later reverberations with
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Fig. 11. DRR of the right ear under different: a) RTS
(reflection intensities); b) distances (temporal structures).
DRR is calculated as the ratio of the sound pressure levels
between direct and reflected sound. As the DRR is obtained
from the impulse response of the right ear, the DRR of the
target azimuth on the right side (30○ to 90○) is expected to
be greater than that on the left side (−30○ to −90○).

higher intensity. These findings provide the following
guidance for CTC applications: even in rooms with-
out acoustic decoration, placing the loudspeaker far
enough from the wall (ensuring that the earliest delay
is much longer than 1ms) enables good localization
performance of the CTC system.

6. Conclusions

This paper has investigated the influence of dif-
ferent temporal structures and intensity of reflections
on the localization of virtual sources reproduced by
a two-loudspeaker CTC system. The reasons for the
variations in localization under different reflective con-
ditions have also been revealed.
The principal conclusions derived from this study

can be encapsulated in the following points:

– when the reproduction loudspeaker is located far
from the wall (larger than 2m in this work), in
the RT variation range of our experiments (0.3 s
to 1.2 s), the increase in the intensity of reflec-
tions does not significantly affect the localization
performance of virtual sound sources due to the
suppression of the precedence effect;

– when the reproduction loudspeaker distance in-
creases (moving away from the listener and closer
to the wall), the delay of early reflections de-
creases, and the temporal structure of the reflec-
tion changes. This results in a series of early re-
flections that are not fully suppressed interfering
with the direct sound. This interference causes lo-
calization deviation and an increase in the degree
of variation in the localization of lateral target an-
gles of the virtual sound source;

– the DRR alone seems inadequate for determin-
ing the localization performance of virtual sources
in reverberant environments. The temporal struc-
ture of reflections may play an important role in

sound source localization. Compared to the late
reverberation, early reflections with short delays
(especially for that not fully suppressed by the
precedence effect) have a greater impact on the lo-
calization of virtual sound sources;
– the average weighted ITD calculated based on the
binaural auditory model accounting for the prece-
dence effect can qualitatively explain the exper-
imental results to some extent, but the average
ILD does not.

It should be noted that, in this study, headphone-based
binaural reproduction was adopted, and an acoustic
simulation based on the ISM was employed. In reality,
due to the material properties and geometric irregular-
ities of room surfaces, complex absorption and diffuse
reflection occur. While the ISM simplifies the model-
ing process and improves computational efficiency, it
does not fully capture the acoustic response of real
environments. Therefore, the results and conclusions
presented in this study are limited to the specific
experimental conditions (purely specular reflections
in the room simulation and headphone reproduction)
adopted herein.
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30. RychtárikováM., van den Bogaert T.,VermeirG.,
Wouters J. (2009), Binaural sound source localization
in real and virtual rooms, Journal of the Audio Engi-
neering Society, 57: 205–220.
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