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ABSTRACT

Binaural reproduction methods aim to recreate an acous-
tic scene for a listener over headphones, offering im-
mersive experiences in applications such as Virtual Re-
ality (VR) and teleconferencing. Among the existing
approaches, the Binaural Signal Matching (BSM) algo-
rithm has demonstrated high quality reproduction due to
its signal-independent formulation and the flexibility of
unconstrained array geometry. However, this method as-
sumes far-field sources and has not yet been investigated
for near-field scenarios. This study evaluates the per-
formance of BSM for near-field sources. Analysis of a
semi-circular array around a rigid sphere, modeling head-
mounted devices, show that far-field BSM performs ade-
quately for sources up to approximately tens of centime-
ters from the array. However, for sources closer than this
range, the binaural error increases significantly. Incorpo-
rating a near-field BSM design, which accounts for the
source distance, significantly reduces the error, particu-
larly for these very-close distances, highlighting the ben-
efits of near-field modeling in improving reproduction ac-
curacy.
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1. INTRODUCTION

The increasing demand for immersive auditory experi-
ences in applications such as Virtual Reality (VR) and
teleconferencing has driven significant research into bin-
aural reproduction techniques [1–4]. Binaural reproduc-
tion aims to synthesize an acoustic scene over headphones
such that it accurately represents the spatial perception of
a listener [5].

A common method for the rendering of binaural sig-
nals uses High Order Ambisonics (HOA) signals, to-
gether with Head Related Transfer Functiong (HRTFs)
[6, 7]. This method has been widely studied for its abil-
ity to reproduce sound fields with high spatial accuracy
[2]. However, its direct application is constrained to
spherical arrays, making adaptation to arbitrary micro-
phone configurations nontrivial [2]. To address this limi-
tation, alternative approaches have been proposed, includ-
ing Beamforming-Based Binaural Reproduction (BFBR)
[8, 9], parametric spatial filtering methods [10], and Bin-
aural Signal Matching (BSM) [5]. BSM formulates bin-
aural reproduction as an optimization problem, minimiz-
ing the Mean-Squared Error (MSE) by matching the ar-
ray steering vectors to the HRTFs, thus offering flexibility
across different array geometries. All the methods pre-
sented share a significant limitation: they are primarily de-
signed under the assumption of far-field plane wave prop-
agation and are not specifically optimized for near-field
conditions.

In scenarios where the source is in close proximity
to the array, such as in whispering or close talk, the far-
field assumption becomes inaccurate, as the sound field
exhibits a spherical rather than planar wavefront [11].
This deviation may introduce errors in binaural reproduc-
tion, necessitating alternative formulations that account
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for near-field effects.
This study evaluates the performance of the BSM al-

gorithm in near-field conditions.

2. MATHEMATICAL BACKGROUND

This section provides mathematical background concern-
ing array processing, binaural reproduction and near-field
data. Throughout the paper, the spherical coordinate sys-
tem will be used, denoted by (r, θ, ϕ), where r is the radial
distance from the origin, θ is the elevation angle measured
from the Cartesian z-axis downward toward the xy-plane,
and ϕ is the azimuth angle measured from the positive x-
axis in the direction of the positive y-axis. The wave num-
ber k is defined as k = 2π

λ , where λ is the wavelength, and
f represents the frequency. Let Ω = (θ, ϕ) denote the di-
rection of arrival of a sound source in the sound field.

2.1 Array Measurement Model

The sound field is assumed to be composed of Q sound
sources, each with source signals sq(k) assigned to the
sources arriving from directions {Ωq}Qq=1. This sound
field is captured by an M -element microphone array cen-
tered at the origin. The recorded signals can then be rep-
resented by the following narrowband model [5]:

x(k) = V(k,Ω)s(k) + n(k) (1)

where x(k) = [x1(k), x2(k), . . . , xM (k)]T is an M -
dimensional vector containing the microphone signals;
V(k,Ω) = [v1(k),v2(k), . . . ,vQ(k)] is an M × Q
steering matrix, where each vq(k,Ωq) represents a steer-
ing vector corresponding to the direction of arrival Ωq

of the q-th source; s(k) = [s1(k), s2(k), . . . , sQ(k)]
T

is a Q-dimensional vector containing the source sig-
nals; and n(k) = [n1(k), n2(k), . . . , nM (k)]T is an M -
dimensional vector representing additive noise.

The steering vectors can be derived analytically or nu-
merically for specific array types [12], or obtained through
direct measurement. The representation of these steering
vectors for different source types, including plane waves
and point sources, will be demonstrated in the simulation
study.

2.2 Binaural Signal Model

Assuming the listener’s head is centered at the origin, the
binaural signal at the left and right ears can be expressed
as:

pl/r(k) = [hl/r(k)]T s(k), (2)

where pl/r(k) denotes the binaural signal, [hl/r(k)]T

is the transposed HRTF vector, and s(k) represents the
source signal vector. The HRTF vector is given by:

[hl/r(k)] =
[
hl/r(k,Ω1) . . . hl/r(k,ΩQ)

]T
, (3)

where hl/r(k,Ωq) is the HRTF from a source at direction
Ωq . The source model (e.g., point source or plane wave)
affects the complex amplitude of the HRTF [13].

2.3 Binaural Signal Matching

BSM estimates the binaural signal using weighted micro-
phone signals:

p̂l/r(k) = [cl/r(k)]Hx(k), (4)

where cl/r(k) is an M×1 complex weight vector and (·)H
denotes the Hermitian (conjugate transpose) operator. The
filter coefficients are obtained by minimizing the MSE:

cl/r = argmin
c

E
[∣∣∣pl/r(k)− p̂l/r(k)

∣∣∣2] . (5)

Under the assumption of spatially white noise and sources,
and uncorrelated noise and sources, the optimal filter so-
lution is [5]:

cl/r =

(
VVH +

σ2
n

σ2
s

IM

)−1

V[hl/r]∗, (6)

where σ2
n and σ2

s denote the noise and signal power, re-
spectively, and [hl/r]∗ is the complex conjugate of the
HRTF vector. The normalized reproduction error is de-
fined as:

ϵl/r(k) =
E
[∣∣pl/r(k)− p̂l/r(k)

∣∣2]
E
[∣∣pl/r(k)∣∣2] . (7)

Expanding this expression:

ϵl/r(k) =
σ2
s

∥∥∥VT
(
c
l/r
BSM

)∗
− hl/r

∥∥∥2
2
+ σ2

n

∥∥∥(cl/rBSM

)∗∥∥∥2
2

σ2
s

∥∥hl/r
∥∥2
2

,

(8)
where ∥ · ∥2 denotes the L2-norm. This formulation quan-
tifies the accuracy of BSM-based binaural reproduction
relative to the target HRTFs.
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3. NEAR-FIELD BSM: MATHEMATICAL
FRAMEWORK AND MODELING

This section presents the mathematical framework for ap-
plying the BSM algorithm to near-field sources. It intro-
duces the necessary modifications for steering functions
and HRTFs to account for near-field effects, followed by
an evaluation of BSM using both far-field and near-field
filter designs. Finally, the modeling of near-field data is
described.

3.1 BSM Formulation for Near-Field Sources

For a sound field composed of Q point sources, the signal
model given in (1) can be written as:

x(k) = Vnf(k,Ω, rs)s(k) + n(k), (9)

where Vnf(k,Ω, rs) is the near-field steering matrix,
with rs denoting the source distance. Each column
vq(k,Ωq, rq) represents the steering vector of a point
source located at (Ωq, rq) relative to the M -element mi-
crophone array.

The true binaural signal, specified in (2), becomes:

pl/r(k) = [h
l/r
nf (k)]T s(k), (10)

where h
l/r
nf (k) is the near-field HRTF vector, incorporat-

ing the wavefront curvature and interactions with the head,
torso, and pinna.

The estimated binaural signal is calculated as detailed
in Equation (4), where the BSM filter coefficients cl/r(k)
are computed based on Equation (6). The difference be-
tween the far-field and near-field formulations lies in the
choice of the steering matrix and HRTFs:

1. Far-Field BSM Filters (FF BSM): This approach
assumes a plane wave model, using the far-field
steering matrix and HRTFs. Here, the filter coef-
ficients are computed using Eq. (6), with the sub-
stitutions:

V = Vff, [hl/r] = [hl/r]ff, (11)

where Vff represents the far-field steering matrix,
and [hl/r]ff are the far-field HRTFs. As a result,
the computed filter coefficients for the far-field case
are:

c
l/r
ff =

(
VffV

H
ff +

σ2
n

σ2
s

IM

)−1

Vff[h
l/r]∗ff. (12)

2. Near-Field BSM Filters (NF BSM): This ap-
proach incorporates the near-field steering matrix
and HRTFs, explicitly accounting for source prox-
imity. The filter coefficients are again computed
using Eq. (6), but with the substitutions:

V = Vnf, [hl/r] = [hl/r]nf, (13)

As a result, the computed filter coefficients for the
near-field case are:

c
l/r
nf =

(
VnfV

H
nf +

σ2
n

σ2
s

IM

)−1

Vnf[h
l/r]∗nf. (14)

3.2 Modeling Near-Field Data

Near-field BSM requires accurate steering matrices and
HRTFs. However, obtaining such data experimentally is
challenging due to the need for broadband sources, precise
positioning, and extensive measurements [14]. To address
this, a simulation-based approach is employed, leveraging
the Directional Variation Function (DVF) [13] and a rigid
sphere model.

The DVF, defined as:

DVF =
p(rn, θ, ϕ, k, ra)

p(rf , θ, ϕ, k, ra)
(15)

captures the pressure ratio between a near-field source at
distance rn and a far-field source at distance rf . The pa-
rameter rf corresponds to the reference far-field distance
where the original HRTF was measured, while rn repre-
sents the near-field distance where the HRTF is estimated.
The rigid sphere model, with radius ra, is used to approx-
imate the human head in acoustic simulations. It provides
an analytical solution for the acoustic pressure due to a
near-field point source. This solution is expressed as [11]:

p(rn, θ, ϕ, k, ra) =

N∑
n=0

n∑
m=−n

i−(n+1)kh(2)
n (krs)4πi

n

×

[
jn(kra)−

j′n(kra)

h
(2)′
n (kra)

h(2)
n (krn)

]
× Y m

n (θs, ϕs)
∗Y m

n (θ, ϕ) (16)

where N is the Spherical Harmonics (SH) truncation or-
der, jn and h

(2)
n are the spherical Bessel and Hankel func-

tions, respectively, and Y m
n are SH.
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3.2.1 Near-Field Steering Functions

In this work, it is assumed that the microphones are ar-
ranged in a semi-circular configuration, where all micro-
phones are equidistant from the origin and positioned on
the surface of a rigid sphere. There was no need to use the
DVF here because the near-field steering matrix in this
work is computed directly using the rigid sphere model,
leveraging the analytical solution in Equation (16).

3.2.2 Near-Field HRTFs

Near-field HRTFs are modeled by scaling far-field HRTFs
with the DVF:

hl/r(rn, θ, ϕ, k) = DVF(rn, rf , θ, ϕ, k, ra)·hl/r(rf , θ, ϕ, k).
(17)

Ear positions are defined at 90◦ elevation, with azimuth
angles of 100◦ (left) and 260◦ (right).

4. SIMULATION STUDY

This section presents a simulation study quantifying the
performance of BSM for near-field sources. The study
models near-field HRTFs and steering functions to assess
reproduction accuracy using a semi-circular microphone
array, reflecting potential head-mounted devices.

4.1 Simulation Setup

The array used is a semi-circular configuration with
M = 4 omnidirectional microphones mounted on a rigid
sphere of radius r = 0.1 m, and arranged on the hor-
izontal plane. This setup approximates head-worn ar-
rays. The microphone positions are defined in spheri-
cal coordinates (0.1, 90◦, ϕm) with azimuth angles ϕm =
[30◦, 80◦, 280◦, 330◦].

Steering vectors and HRTFs were computed in the SH
domain, truncated at N = 30. Near-field HRTFs were de-
rived from far-field HRTFs measured using the Neumann
KU100 manikin from the Cologne database [15], utilizing
the DVF and the rigid sphere model as detailed in Sec.
3.2. Simulated source distances ranged from rs = 0.15
m to rs = 3.2 m, with 3.2 m representing the far-field
condition. Binaural reproduction error as in Eq. (8) was
evaluated using the two BSM filter formulations specified
in Eqs. (12) and (14).

4.2 Results

Figure 1 presents the normalized MSE for the left ear as
defined in Equation (8) for both far-field and near-field
BSM filters, computed using Equations (12) and (14), re-
spectively. Dashed lines indicate near-field filter errors,
while solid lines represent far-field filter errors.

The errors are shown for frequencies between 75Hz
and 10 kHz and the results are presented for several source
distances, with 3.2m representing the far-field distance at
which the original far-field HRTFs were measured. As ex-
pected, the error above 2 kHz is large for all cases due to
the increasing SH order of the HRTFs, as noted in [5]. Be-
low 2 kHz, the binaural error for FF BSM is higher than
for NF BSM. This is expected, as the NF BSM incorpo-
rates source distance information, allowing for improved
accuracy in near-field conditions. At closer distances, par-
ticularly at rs = 0.15 m and 0.2 m , corresponding to a
source of only 5 − 10 cm from the rigid sphere surface
(r = 0.10m), a significant increase in error is observed.
It appears that at such close distances, the performance of
NF BSM is limited.

Figure 1. Normalized MSE for the left ear using far-
field (solid lines) and near-field (dashed lines) BSM
filters as a function of frequency for source distances
ranging from 0.15 to 3.2 meters.

5. DISCUSSION AND CONCLUSIONS

This paper investigated the development of a framework
for performing near-field binaural reproduction, including
the signal model and a proposed method for computing
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near-field BSM that incorporates source distance informa-
tion. The approach was developed using simulated near-
field data, based on previous work, and adapted for binau-
ral reproduction in near-field conditions.

The results show that for sources at moderate dis-
tances from the array, far-field BSM provides reasonable
accuracy. However, for closer sources, the near-field BSM
approach significantly reduces the MSE, demonstrating
the advantage of incorporating source distance informa-
tion. Nevertheless, for very close distances, particularly
when the source is within a few centimeters of the array,
the binaural error remains relatively high, even when us-
ing near-field BSM. This suggests that additional factors
affect the performance at extreme near-field distances. Fu-
ture work should investigate the underlying reasons for
this limitation and explore potential solutions. Addition-
ally, a listening test should be conducted to assess the per-
ceptual impact of these errors and validate the objective
measures used in this study.
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