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Abstract—Non-interactive and linear experiences like cinema
film offer high quality surround sound audio to enhance immer-
sion, however, the perspective is usually fixed to the recording
microphone position. With the rise of virtual reality, there is a
demand for recording and recreating real-world experiences that
allow users to move throughout the reproduction. Sound field
translation achieves this by building an equivalent environment
of virtual sources to recreate the recording spatially. However, the
technique remains to restrict the maximum distance a user can
translate away from the recording microphone’s perspective due
to the discrete sampling by commercial higher order microphones
only being capable of recording an acoustic sweet-spot. In this
paper, we propose a method for binaurally reproducing a micro-
phone recording in a virtual application that allows the user to
freely translate their body further beyond the recording position.
The method incorporates a mixture of near-field and far-field
sources in a sparsely expanded virtual environment to maintain
a perceptually accurate reproduction. We perceptually validate
the method through a Multiple Stimulus with Hidden Reference
and Anchor (MUSHRA) experiment. Compared to the planewave
benchmark, the proposed method offers both improved source
localizability and robustness to spectral distortions at translated
listening positions. A cross-examination with numerical simula-
tions demonstrated that the sparse expansion relaxes the inherent
sweet-spot constraint, leading to the improved localizability for
sparse environments. Additionally, the proposed method is seen
to better reproduce the intensity and binaural room impulse
response spectra of near-field environments, further supporting
the perceptual results.

Index Terms—Sound field translation/navigation, virtual-
reality, binaural synthesis, MUSHRA, higher order microphone.

I. INTRODUCTION

Virtual reality devices will provide a novel framework for
people to interact with each other at a higher social bandwidth
through immersive audio and visual reproductions of the real-
world [1], [2]. For example, in the future a person may be able
to experience a live concert or orchestral performance through
a virtual reproduction in their own home [3]. To complete the
immersive experience, the listener/viewer should be allowed
to explore/navigate and interact with the virtual reproduction
[4]. Subsequently, methods to accurately record and model the
perceptual change in visual and auditory information as the
user moves are required to reconstruct a perceptually equiv-
alent experience. Camera arrays have been used to capture
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visual information at multiple points-of-view for use in virtual
reproductions [5]. Similarly, microphones distributed about
an environment can record the spatial auditory scene from
multiple points-of-view [6]. However, hardware and feasibility
restrictions limit the continuous space that can be recorded,
and as a result, acoustic reproductions are usually spatially
confined to the perspective of each microphone. [7].

We are interested in binaurally reconstructing an acoustic
environment that is perceptually equivalent to a recorded target
environment, in a way that enables a listener to seamlessly
move about the acoustic reproduction in a virtual/augmented
reality application. Likewise, we are interested in using sound
field translation to shift the three-dimensional space-varying
acoustic field of a recorded environment about a listener (or
reference point), such that the listener experiences the auditory
sensation of moving seamlessly through the original sound
field. Equivalently, the task of sound field translation can
also be achieved by shifting the listener’s binaural perspec-
tive through a recorded/modeled continuous three-dimensional
sound field.

A continuous sound field can be modeled by matching
the pressure and normal particle velocity over a bounding
surface that surrounds the source free acoustic region of
interest [8]. In practice, the equivalent source method is
commonly utilized for estimation/reconstruction of the sound
field exterior/interior to a single-layer surface [9]. This method
simplifies the sound field estimation/reconstruction by a dis-
cretized superposition of virtual point-sources or planewaves
throughout the bounding surface [10]–[12]. Additionally, the
equivalent source method can be further simplified when con-
sidering a sparse acoustic environment that contains only a few
sound sources [13]. Typically, the method’s equivalent virtual
sources are estimated from microphones distributed about the
target sound field’s bounding surface. Many microphones are
required to adequately sample the boundary of larger acoustic
environments. This often leads to an infeasibility of traditional
equivalent source methods for the desired goal of capturing
larger real-world environments for listeners to move through-
out. Therefore, alternative approaches towards sound field
translation, and thereby sound field estimation/reconstruction,
that utilize fewer and more practical microphones are desired.
Methods that extend the spatial capabilities of smaller com-
mercial microphone arrays are of most interest.

Recently, there have been two key sound field translation
approaches towards extending the auditory range of a spatial
microphone recording that a listener can move within. These
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are an interpolation-based [14] and an extrapolation-based
approach [15]. First, the interpolation-based approach records
an acoustic environment with a distributed grid of multiple
higher order microphones [16], [17]. During reconstruction,
the sound field is continuously interpolated between each
microphone, such that the listener is able to seamlessly move
about the interior region recorded by the microphone grid.
Good coloration and localization performance is expected from
this interpolation-based approach [14]. However, the micro-
phone grid may not be feasible for all real-world scenarios
due to the large spatial, hardware, and synchronization costs
associated with implementation [18]. Furthermore, listeners
are typically confined to only moving within the boundaries of
the microphone grid [19]; and sound sources within the grid
are difficult to handle and may cause comb-filtering spectral
distortions [20]. Methods that alleviate these drawbacks and
allow the listener to translate beyond the microphone grid
have been proposed. However, they usually require additional
localization and separation of direct sound field components
[21], [22]. Consequently, a large open area is required for
recording, which may not always be feasible.

On the other hand, the extrapolation-based approach utilizes
a single higher order microphone recording; and the listener
moves about an estimation of the sound field that is exterior to
the microphone [23]. This overcomes many of the hardware
and spatial drawbacks of the interpolation-based approach.
Because a single higher order microphone is utilized, the audio
and visual capture system can occupy a single seat in the
audience of a live event, which causes less obstruction and
allows for more impromptu recordings.

Many extrapolation-based sound field translation methods
have been developed, such as Ambisonic [23], [24], harmonic
re-expansion [25], discrete source [26], and point-source dis-
tribution [27]. One of the most popular extrapolation-based
methods which we consider to be the benchmark in this
paper is the planewave method [28]. In this method, similar
to the equivalent source method, the sound field within the
higher order microphone region is equivalently matched by
a superposition of discrete virtual planewave sources [29].
However, in addition, the planewave sound field translation
method also aims to estimate the sound field exterior to the
microphone region in a perceptually accurate manner. Overall
an unbounded sound field is reconstructed from the recording.
The listener can then perceptually move about the reproduction
by a phase shifting technique applied to translate the equivalent
virtual planewave sound field [26], [28].

In practice, however, most extrapolation-based approaches,
including the planewave method, are constrained by the inher-
ent properties of the higher order microphone [23]. Hardware
limitations result in a discretely sampled sound field recording
that is confined to a finite region [30]. This results in a
truncated (finite-order) expansion of the recorded sound field
that is governed by both the upper target frequency band and
the microphone’s radius [31]. As a result, accurate reproduc-
tion is only possible when the listener moves within a small
acoustic sweet-spot of a few centimeters which is defined by
the commercial microphone’s size [32]. Attempting to move
beyond this inherent sweet-spot region, even after extrapola-

tion, results in spectral distortions [33]–[35], degraded source
localization [23], [36], and a poor perceptual experience.

In this paper, we propose an alternative virtual source model
for an extrapolation-based sound field translation method that
enables both a near-field and far-field propagation mixture.
With the proposed source model we are able to binaurally
recreate a recorded sound field exterior to (or translated away
from) the recording microphone with sufficient perceptual
accuracy for human reception. Specifically, we are addressing
recordings of commercial higher order microphones [32], [37],
[38]. We emphasize that we are mainly interested in percep-
tual accuracy, not numerical accuracy; and that the proposed
method takes liberties with its implementation that are un-
conventional for typical sound field estimation/reconstruction.
We are concerned with the task of modeling/reconstructing
a spatially recorded sound source. We note that modeling of
complex acoustic environments and reverberation is beyond
the scope of this paper due to its equal difficulty as a separate
problem that requires an explicit solution [39].

The proposed sound field translation method builds upon the
benchmark planewave method which we review in Section II.
We add an additional distribution of near-field virtual sources
to the planewave method’s far-field virtual source distribution
(Section III). This allows the proposed method to compen-
sate for near-field effects of recorded sound sources, which
attributes to better sound field reproduction [40]. We note that
near-field effects are not managed well by the far-field virtual
sources in the planewave method [41]. Furthermore, we do
not use source localization processing or prior knowledge of
the recorded source position to achieve a near-field model;
which is typically the case for existing translation methods
[22], [42]–[44]. Alternatively, we apply a sparse assumption to
the proposed sound field translation method using a L1-norm
regularization [45] (Section III-C). Sparse solutions have been
used in several microphone array applications including source
localization and the equivalent source method [46], [47]. The
sparse expansion allows the proposed method to activate near-
field virtual sources for a recorded near-field target source; and
activate far-field virtual sources for a recorded far-field target
source. Moreover, the sparse expansion helps to extrapolate
the truncated sound field recording [48]–[50].

We initially proposed the near-field far-field source mixture
in [51] without any substantial verification of the method’s per-
ceptual performance. Furthermore, in many virtual/augmented
reality applications, the user is usually stimulated through both
auditory and visual sensory modalities at the same time. The
interaction between the two modalities and its consequences
on the user’s perception of the audio-visual scene are very
complicated and may significantly differ from the audio-only
case. Hence, in this paper we study the perceptual aspects of
the source mixture through an audio-visual listening test with
human participants in Section IV. We utilize a MUltiple Stim-
ulus with Hidden Reference and Anchor (MUSHRA) [52],
[53] framework adapted for use in a virtual environment to
provide listeners with both an auditory and visual reference of
the reconstructed target sound source [18], [43]. We compare
four sound field translation methods with differing virtual
source models and expansion techniques. We test the methods
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for the reproduction of human speech and music against the
metrics of source localizability and robustness to spectral
distortions. We show that the proposed method offers greater
perceptual accuracy and a more immersive experience for
listeners moving throughout an expanded virtual reproduction.

In Section V, we investigate our perceptual experiment re-
sults against numerical simulations of the extrapolated pressure
and intensity fields. We show that the proposed method’s
reconstruction better matches the pressure and intensity of
the original environment beyond the microphone’s sweet-spot.
Furthermore, we study the proposed method’s robustness to
moderate reverberation noise with the image source method
against translation distance and reverberation time (Sec. V-D).
We provide our concluding remarks and discuss future re-
search directions in Section VI.

II. PROBLEM FORMULATION AND THE PLANEWAVE
SOUND FIELD TRANSLATION METHOD

In this section, we formulate the problem of reconstructing
a recorded real-world experience such that a listener is able
to perceptually move through the acoustic reproduction. We
first present the process of recording a general sound field
with a commercial higher order microphone. We then review
the planewave sound field translation method presented in
[28], which segments the reproduction into three parts. First,
a virtual acoustic environment is built from a superposition
of planewave sources. Second, planewave driving signals are
estimated from the recording to model an equivalent acoustic
environment. Third, a listener is placed inside the virtual
equivalent environment and binaural signals are rendered as
they move. We provide a discussion on the perceptual short-
comings of this planewave translation method at the end.

A. Sound Field Capture

Consider a real-world acoustic environment that contains
multiple sound sources, for example, a musical performance
with many instruments. Let the origin o denote the center
of the environment’s listening space, such as a seat in the
middle of an audience. Each sound source is positioned at
z = (r, θ, φ) with respect to o, where θ ∈ [0, π] is the
elevation angle downwards from the z-axis, and φ ∈ [0, 2π)
is the azimuth angle counterclockwise from the x-axis. For
a listener in the audience at position d, the true sound they
experience in the real-world can be described by

(real)
{l,r}P (k,d) =

U∑
µ=1

H{l,r}(k, zµ;d)× sµ(k), (1)

where (real)
{l,r}P (k,d) is the pressure at the listener’s left and right

ear, H{l,r}(k, z;d) is the transfer function between each sound
source and the listener’s ears, or simply the Head-Related
Transfer Function (HRTF) when the listener is in a free-field
space without any reflections, sµ(k) is the sound signal of the
µth source, µ = (1, · · · , U), k = 2πf/c is the wave number,
f is the frequency, and c is the speed of sound. From here on,
we assume H to be the free-field HRTF for simplicity.

The aim is to record and reproduce the target real-world
auditory experience of (1) for every possible listening position.
The homogeneous sound field that encompasses every arbi-
trary listening position x, where |x| < |z|, can be expressed
through a spherical harmonic decomposition of [8]

P (k,x) =

∞∑
n=0

n∑
m=−n

αnm(k)jn(k|x|)Ynm(x̂), (2)

where | · | ≡ || · ||2 ≡ r, ·̂ ≡ (θ, φ), n and m are index terms
denoting spherical harmonic order and mode, respectively,
jn(·) are the spherical Bessel functions of the first kind,
Ynm(·) are the set of spherical harmonic basis functions, and
αnm(k) are the sound field’s coefficients which completely
describe the source-free acoustic environment centered about
o when αnm(k) is known for all n ∈ [0,∞).

In practice, the target real-world acoustic environment can
be recorded with an N th order microphone, by estimating the
sound field’s αnm(k) coefficients for a finite set of n ∈ [0, N ].
Consider a N th order microphone centered at o, such as an
open or rigid spherical [32] (or planar [54], [55]) microphone
array. The microphone array consists of q = (1, · · · , Q)
pressure sensors that enclose the spherical acoustic region
(listening space) of radius |xQ| to be recorded. The sound
field within this region can be estimated with [56]

αnm(k) ≈
Q∑
q=1

wq
P (k,xq)Y

∗
nm(x̂q)

bn(k|xQ|)
, n ∈ [0, N ], (3)

where wq are a set of suitable sampling weights [57], and
bn(·) is the rigid baffle equation [8].

However, commercial N th order microphones can only
record a small acoustic region (|xQ| < 0.05 m [32]) due to
the hardware complexity and size constraint trade-offs with
the spatial sampling Nyquist theorem [30]. The microphone’s
truncation order is restricted by the limited number of sensors,
such that Q ≥ (N + 1)2. Furthermore, the microphone’s
recording region and frequency range are balanced by the
N = dk|xQ|e rule [58]. These two microphone properties
define a maximum |xQ| inside which the sound field is
effectively of order ≤ N . For example, a Q = 32 sensor
microphone and a desired upper frequency limit of 5200 Hz
would define a N = 4th order recording region of maximum
size |xQ| = 0.042 m. The sound field within this region
can be recorded and reconstructed accurately up to 5200 Hz.
However, attempting to reconstruct the sound field beyond
|xQ| requires higher orders > N which are unknown, and this
results in truncation error that degrades perceptual accuracy.

When reconstructing (1) from the recording, the left and
right ear signals for the listener can be reassembled in the
spherical harmonic domain by [59], [60]

(mic)
{l,r}P (k,o) =

N∑
n=0

n∑
m=−n

Hnm
{l,r}(k)× αnm(k), (4)

where Hnm
{l,r}(k) are the spherical harmonic decomposition co-

efficients of the HRTF H{l,r}(k, z;o). In the reproduction (4),
truncation forces the listener to the fixed auditory perspective
of the microphone at o. If the listener attempts to move then
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they would immediately translate beyond the |xQ| boundary
and begin to experience spectral distortions, degraded source
localization performance, and a loss in perceptual immersion.

The objective of this paper is to relax this sweet-spot spatial
constraint when reconstructing the target sound field of a
commercial microphone recording, and to build an equivalent
virtual environment that allows for a listener to move about
the acoustic space with a sustained perceptual immersion. For
the remainder of this section we review the planewave sound
field translation method that we consider to be the baseline
method for enabling listener navigation.

B. Planewave Distribution

The planewave sound field translation method aims to
construct a virtual acoustic environment that is perceptually
equivalent to the real-world recording. The building block of
this virtual environment is the planewave source, whose sound
field is modeled as

P (k,x) =
e−ikŷ·x

4π
, (5)

where ŷ denotes the planewave’s incident direction. It is
known that any acoustic free field can be modeled by an
infinite superposition of planewaves [29]. Therefore, the equiv-
alent virtual environment is constructed from a spherical
distribution of virtual planewave sources, expressed as

(pw)P (k,x) =

∫
ψ(k, ŷ;o)

e−ikŷ·x

4π
dŷ, (6)

where ψ(k, ŷ;o) denotes the driving function of the planewave
distribution as observed at o. If the driving function is
modeled correctly then the planewave distribution can re-
create the acoustic environment, such that (pw)P (k,x) =
(real)P (k,x). To achieve this, the driving function needs to
be estimated/expanded from the recorded αnm(k) coefficients,
which we describe next.

C. Planewave Expansion

The sound field about o due to a single virtual planewave
(5) can be expressed by the decomposition of [8]

e−ikŷ·x

4π
=

∞∑
n=0

n∑
m=−n

(−i)nY ∗nm(ŷ)jn(k|x|)Ynm(x̂). (7)

Additionally, the driving function centered at o can also be
expressed in terms of a harmonic decomposition, given as

ψ(k, ŷ;o) =

∞∑
n′=0

n′∑
m′=−n′

βn′m′(k)Yn′m′(ŷ), (8)

where βnm(k) are the spherical harmonic decomposition co-
efficients of ψ(k, ŷ;o) which describe the sound field about
the planewave distribution. Substituting both (7) and (8) into
(6) gives the planewave distribution’s sound field in spherical
harmonics, as

(pw)P (k,x) =

∞∑
n=0

n∑
m=−n

(−i)nβnm(k)︸ ︷︷ ︸
αnm(k)

jn(k|x|)Ynm(x̂). (9)

From (9), the relationship between the βnm(k) coefficients
and the recorded αnm(k) coefficients can be extracted. Rear-
ranging this relationship for βnm(k) = inαnm(k), expresses
a planewave distribution that is equivalent to the recorded
environment. Substituting this relationship back into (8), gives
a closed-form expansion for a planewave driving function that
matches the recording,

ψ(k, ŷ;o) =

N∑
n=0

n∑
m=−n

inαnm(k)Ynm(ŷ). (10)

Synthesizing a virtual environment with this driving function
through (6) produces a sound field that is equivalent to the
recording. However, the recording (3) is only an approximation
of the real environment, and therefore (10) is also an approx-
imate, such that (pw)P (k,x) ≡ (mic)P (k,x) ≈ (real)P (k,x).

D. Planewave Auralization

A listener inside the equivalent planewave distribution ex-
periences a spatial reproduction of the recorded environment.
Binaural signals can reconstruct the recording at the distribu-
tion center by exchanging the listener’s HRTF into (6), giving

(pw)
{l,r}P (k,o) =

∫
ψ(k, ŷ;o)H{l,r}(k, ŷ;o)dŷ. (11)

Note that H{l,r}(k, ŷ;o) is rotated with the listener’s looking
direction such that the binaural signals are updated when the
listener turns their head. Furthermore, the listener can move
perceptually about the reproduction using the planewave sound
field translation method. The sound heard by the listener when
translated to x = [o+ d] ≡ d can be derived from (6) as

(pw)P (k, [o+ d]) =

∫
ψ(k, ŷ;o)

e−ikŷ·[o+d]

4π
dŷ

=

∫
ψ(k, ŷ;o)e−ikŷ·d

e−ikŷ·o

4π
dŷ.

(12)

It is observed from (12) that the translation in space differs
only by a phase shift in the planewave driving function.
Therefore, applying the translational phase shift of [41]

ψ(k, ŷ;d) = ψ(k, ŷ;o)× e−ikŷ·d, (13)

to the binaural signals in (11), allows for the listener to
dynamically move their acoustic perspective by

(pw)
{l,r}P (k,d) =

∫
ψ(k, ŷ;d)H{l,r}(k, ŷ;o)dŷ. (14)

In practice, the virtual planewave distribution (6) can be
realized with a discrete set of planewave sources,

(pw)P (k,x) ≈
L∑
`=1

w`ψ(k, ŷ`;o)
e−ikŷ`·x

4π
(15)

where ` = (1, · · · , L) index each virtual planewave, L is the
total number of sources, and w` are a set of suitable sampling
weights. Similarly, the listener’s binaural signals (14) can be
realized from the discrete planewave distribution with

(pw)
{l,r}P (k,d) ≈

L∑
`=1

w`ψ(k, ŷ`;d)H{l,r}(k, ŷ`;o). (16)
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Fig. 1: Illustration of the equivalent virtual planewave distri-
bution. The listener’s perspective is fixed at the distribution
center o, where a phase shift applied to the planewave driving
function translates the sound field about the listener. Note that
this illustrates a two-dimensional cross section, in practice the
source distribution is a sphere about the listener.

We illustrate this planewave method to sound field transla-
tion in Fig. 1. The reproduction is expressed by many discrete
planewave signals that are known continuously throughout the
virtual environment. Therefore, the method does not explicitly
limit the amount the listener can translate. However, (16) uses
ψ(k, ŷ;o) which is estimated through (3) and (10). As a result,
the recording’s N th order truncation inherently remains, and
the listener’s movement is still implicitly limited.

E. Planewave Sound Field Translation Method Discussion

The virtual planewave expansion enables listener transla-
tion, however, some shortcomings are still exhibited in the
listener’s perception:
• As mentioned, the planewave method inherits truncation

artifacts through an over-approximation of (10), and the
listener’s movement remains inherently restricted inside
the virtual reproduction. As the listener translates further
away from the recording’s sweet-spot, they begin to ex-
perience spectral distortions, a loss in source localization,
and poorer perceptual accuracy.

• The planewave expansion has difficulties in synthesizing
near-field sound sources due to its far-field source model.

• The planewave auralization (16) is degraded by the HRTF
perspective begin fixed to the virtual distribution center.
We discuss this further in Sec. III-F.

In the next section we propose an alternative sound field
translation model to address the above shortcomings.

III. MIXEDWAVE SOUND FIELD TRANSLATION METHOD

In this section, we define a virtual source that models both
a near-field and far-field propagation, which we will refer to
as a mixedwave source. We then build a virtual distribution
of mixedwave sources and expand a real-world recording
into an equivalent sound field. Additionally, we also propose
a sparse method for expanding a virtual source distribution
that alleviates some of the spatial restrictions imposed by the
truncated recording.

A. Source for Near-Field and Far-Field Mixture

Here, we define the virtual source that will be the building
block for our proposed method. Consider a near-field point-
source at y, where the driving signal of the source with
respect to itself is denoted ψ̇(k,y). We can express the driving
function observed at a position x with [8]

ψ(k,y;x) = ψ̇(k,y)
eik|y−x|

|y − x|
. (17)

Evaluating (17) when x = o gives the driving function
observed by a receiver/microphone, as

ψ(k,y;o) = ψ̇(k,y)
eik|y|

|y|
. (18)

Rearranging (18) gives an expression for the source signal
in terms of the source’s distance and the driving function
observed by the receiver,

ψ̇(k,y) = ψ(k,y;o)|y|e−ik|y|. (19)

Substituting (19) back into (17) provides the driving function
observed at any arbitrary point x in terms of the function
observed by the receiver/microphone, expressed as

ψ(k,y;x) = ψ(k,y;o)|y|e−ik|y|︸ ︷︷ ︸
ψ̇(k,y)

eik|y−x|

|y − x|
. (20)

We note that the |y|e−ik|y| term can be seen to have redefined
the point-source from being a function with respect to itself, to
being a function with respect to o. This allows us to observe
the source distribution at o with a microphone and estimate
the sound at any translated position x.

Additionally, the constant term has the property of [31]

lim
|y|→∞

|y|e−ik|y| e
ik|y−x|

4π|y − x|
=
e−ikŷ·x

4π
, (21)

which allows for a mixture of near-field and far-field virtual
source distributions to be modeled with this building block.
We define this building block as the mixedwave source,

P (k,x) = |y|e−ik|y| e
ik|y−x|

4π|y − x|
. (22)

In the spherical harmonic domain,

|y|e−ik|y| e
ik|y−x|

4π|y − x|
=

∞∑
n=0

n∑
m=−n

ik|y|e−ik|y|hn(k|y|)Y ∗nm(ŷ)jn(k|x|)Ynm(x̂),

(23)

where hn(·) is the spherical Hankel function of the first kind.
We note that spherical Hankel functions also have

lim
|y|→∞

ik|y|e−ik|y|hn(k|y|) = (−i)n, (24)

to correspond with (21). We can observe from (24) that when
the mixedwave source is placed in the far-field, the definition
of (23) will match that of the planewave source (7). This
property then allows for both a near-field sound propagation
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to be modeled by a mixedwave distribution with a small
radius, and a far-field sound propagation to be modeled by
a mixedwave distribution with a large radius. We will use this
near-field and far-field distribution of mixedwave sources as
the basis of our proposed sound field translation method next.

B. Mixedwave Method for Sound Field Translation

Following the planewave translation method, our proposed
mixedwave translation method is also broken into three parts.

1) Mixedwave Distribution: We propose constructing a
virtual equivalent sound field from two concentric spherical
distributions of mixedwave sources. The first virtual sphere is
placed in the near-field with a radius of R(nf), and the second
sphere is placed at R(ff) in the far-field, such that

(mw)P (k,x) =∫
ψ(k,R(nf)ŷ;o)R(nf)e

−ikR(nf)
eik|R(nf)ŷ−x|

4π|R(nf)ŷ − x|
dŷ

+

∫
ψ(k,R(ff)ŷ;o)R(ff)e

−ikR(ff)
eik|R(ff)ŷ−x|

4π|R(ff)ŷ − x|
dŷ,

(25)

where, ψ(k,Rŷ;o), R ∈ {R(nf), R(ff)}, are the driving func-
tions of the two mixedwave distributions co-centered at o.

2) Mixedwave Expansion: Following the procedure in Sec-
tion II-C, we can decompose the ψ(k,Rŷ;o) driving function
into spherical harmonic aperture coefficients of βn′m′(k,R),
expressed as

ψ(k,Rŷ;o) =

∞∑
n′=0

n′∑
m′=−n′

βn′m′(k,R)Yn′m′(ŷ). (26)

We substitute both (26) and (23) into (25) to extract the
relationship between βnm(k) and αnm(k), given as

βnm(k,R) =
αnm(k)

ikRe−ikRhn(kR)
. (27)

Finally, we substitute (27) back into (26) to derive a closed-
form expansion for the mixedwave driving functions in terms
of the recorded coefficients,

ψ(k,Rŷ;o) =

N∑
n=0

n∑
m=−n

αnm(k)

ikRe−ikRhn(kR)
Ynm(ŷ). (28)

We use the recorded coefficients αnm(k) of the target real-
world environment with (28) to estimate the driving functions
of the near-field and far-field virtual distributions, such that
(mw)P (k,x) ≡ (mic)P (k,x) ≈ (real)P (k,x).

3) Mixedwave Auralization: Consider a listener inside the
virtual mixedwave distribution at the translated position x =
[o + d] ≡ d, |d| < R(nf), as shown in Fig. 2. We render
the left and right binaural signals by applying the mixedwave
driving function to the HRTF based on the listener’s translated
position, given as [23]

(mw)
{l,r}P (k,d) =

∫
ψ(k,Rŷ;o)H{l,r}(k,Rŷ;d)dy, (29)

where Rŷ;d denotes the position of the mixedwave source
with respect to the listener at d, which is given by (y−d). We
note that H{l,r}(k,Rŷ;d) is rotated with the listener’s looking

Fig. 2: The equivalent mixedwave virtual source distribution.
The listener is translated to d, and the vectors (y`;d) are
updated with the HRTF to auralize an immersive reproduction.
Note that this illustrates a two-dimensional cross section, in
practice the source distribution is a sphere about the listener.

direction such that the binaural signals are updated when the
listener turns their head.

Once again, a set of discrete sources can be used to practi-
cally realize the virtual mixedwave distributions, given as

(mw)P (k,x) ≈
L∑
`=1

w`ψ(k,R(nf)ŷ`;o)R(nf)e
−ikR(nf)

eik|R(nf)ŷ`−x|

4π|R(nf)ŷ` − x|

+

L∑
`=1

w`ψ(k,R(ff)ŷ`;o)R(ff)e
−ikR(ff)

eik|R(ff)ŷ`−x|

4π|R(ff)ŷ` − x|
,

(30)

where the near-field and far-field distributions each contain
L sources. Similarly, we realize the mixedwave auralization
within the discrete virtual distributions by

(mw)
{l,r}P (k,d) =

2L∑
`=1

w`ψ(k,y`;o)H{l,r}(k,y`;d), (31)

where |y`| = R(nf) for ` ∈ [1, L], and |y`| = R(ff) for
` ∈ [L+ 1, 2L], and y`;d is the propagation direction of the
`th mixedwave source with respect to the translated listener.
Unlike the planewave method, the maximum distance a listener
can translate within the mixedwave environment is restricted
by R(nf). However, we suspect that R(nf) can be selected to
match the size of a small real-world room that is recorded.

C. Sparse Expansion Methods

The closed-form expansion constructs a virtual environment
that is equivalent to the original recording. However, the
expansion distributes energy ψ(k,y`;o) throughout all virtual
sources. This causes an over-approximation of the truncated
recording’s underlying spatial artifacts. As a result, the amount
a listener can translate before experiencing a loss in immersion
is still inherently restricted by the recording’s truncation.
Furthermore, it is believed that modeling fewer virtual sources
from propagation directions that are similar to the original
environment will lead to better perceptual immersion [51].
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For these reasons, we propose a sparse constrained expansion
method for constructing our virtual mixedwave environment.

The coefficients αnm(k) observed at the center of a virtual
distribution can be expressed in matrix form as

Aψ = α, (32)

where α = [α00(k), α1−1(k), · · · , αNN (k)]T are the recorded
coefficients, ψ = [ψ(k,y1;o), · · · , ψ(k,yL;o)] are the L
equivalent virtual source driving signals, and A is the
(N + 1)2 by L expansion matrix. The entries of A are
given by (−i)nY ∗nm(ŷ`) for a planewave expansion (10),
and ik|y`|e−ik|y`|hn(k|y`|)Y ∗nm(ŷ`) where L = 2L for the
two source distributions of a mixedwave expansion (28). We
assume L > (N + 1)2 for the under-determined case.

We construct a sparse source distribution by solving the
linear regression problem (32) using Iteratively Reweighted
Least Squares (IRLS) [45]. In brief, the IRLS approach
replaces the `p-objective function (where 0 < p ≤ 1)

min
ψ
|ψ|pp subject to Aψ = α, (33)

with a weighted `2-norm,

min
ψ

L∑
i=1

wiψ
2
i subject to Aψ = α, (34)

where wi = |ψ(ν−1)
i |p−2 are the weights computed from the

previous iterate ψ(ν−1). The next iterate is given by

ψ(ν) = QνA
T (AQνAT)−1α, (35)

where Qν is the diagonal matrix with 1/wi = |ψ(ν−1)
i |2−p.

Other regularization techniques can also be utilized, such as
the Least-Absolute Shrinkage and Selection Operator (Lasso)
[61], [62], and we direct the reader to [63] for further infor-
mation in regards to compressive sensing.

D. Selecting Mixedwave Spherical Shell Radius

Here we briefly provide some insight into how we select
the near-field and far-field radius of each spherical shell of
virtual mixedwave sources. The ideal inner shell radius would
match the distance of any recorded near-field sound source.
However, we do not propose using any source localization
in this paper, and therefore we do not know the source’s
distance. Instead, we select the near-field shell radius based on
the desired maximum translation distance, because the listener
cannot move beyond the inner most shell. For this reason
we select a 2 m radius for the inner shell. This radius is
suitable for keeping the virtual sources in the near-field for
a scenario where the listener is using a virtual reality device
inside a 2-by-2 m space. As for the outer spherical shell,
it can be placed anywhere so long as it is in the far-field.
Therefore, we simply select a 20 m radius. The mixedwave
distribution can be customized further with additional spherical
shells and/or more virtual sources per shell. We note that
for a traditional implementation of sparsity in sound field
estimation/reconstruction, the virtual sources should be placed
at every possible target source location [39]. That is, many

spherical shells of different radius and many virtual sources
per shell. However, given limited time and computation power
it is desirable to utilize the minimum number of virtual sources
required to obtain a perceptually accurate result. Additional
shells only provide minor benefit, as they can only be placed
outside the inner most shell to give more radii options for
the sparse expansion. Therefore, we have found that a single
near-field shell is sufficient for good perceptual performance.
Expanding more virtual sources per shell gives the sparse
expansion more opportunity to match the true sound direction
of arrival, however, at a trade-off with computation cost. As
such, we found L = 36 virtual sources per shell to be an
adequate trade-off between angular resolution and computation
cost for the perceptual experiment in Sec. IV.

E. Mixedwave Sound Field Translation Method Discussion

Continuing our discussion on the planewave method’s short-
comings in Sec. II-E, we give the following comments:
• Sparsely expanding the virtual source distribution (32)

with IRLS is expected to further enhance the percep-
tual immersion for a listener, as they should experience
more localized virtual sources. Additionally, the spar-
sity relaxes the spatial sweet-spot restriction and over-
approximation issue stemming from the closed-form ex-
pansion used by the planewave method. These properties
are demonstrated by experiment in Section IV and by
simulation in Section V.

• The mixedwave distribution can easily synthesize near-
field sound sources. The modified point-source (22) can
model a spherical-wave propagation by simply position-
ing the mixedwave source in the near-field.

• Below we discuss how unlike the planewave method, the
mixedwave auralization (31) translates the HRTF with the
listener. Intuitively, this attribute is expected to result in
greater perceptual immersion.

F. Translation of the HRTF

In the following we discuss and clarify the differences of
HRTF implementation between the planewave and mixedwave
translation methods. We observe from (16) that the HRTF
in the planewave auralization only updates when the listener
rotates their head, and that the HRTF does not change when
the listener translates. That is, the vector (ŷ`;o) only changes
H{l,r}(k, ŷ`;o) when the listener rotates. Consider a virtual
planewave that is approximating a target sound source 1 m
directly in front of the listener. If the listener translates away
from the origin, the virtual planewave phase is updated with
(13) to render the change in sound at the new listening posi-
tion. However, the HRTF does not update with this translation
as (ŷ`;o) is unchanged (assuming the listener did not rotate).
As a result, the HRTF still models binaural time and level
differences for a sound that is directly in front of the listener,
even though the listener may have translated to the left of the
source. This is inconsistent with reality. Instead, the HRTF
should update when the perceived sound direction changes as
the listener translates, such that the HRTF models (ŷ`;d).
However, by definition of a infinitely distanced planewave
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(ŷ`;d) ≡ (ŷ`;o), and therefore the planewave method’s
HRTF perspective is fixed at the origin. In contrast, the finitely
distanced mixedwave source allows for the vector (y`;d)
to update with the relative angle due to listener translation.
Therefore, the HRTF in the mixedwave auralization (31)
gives the binaural time and level differences that match the
listener’s movement. This benefit of the mixedwave source
is expected to improve perceptual accuracy, which we will
examine through binaural spectra in Sec. V-B3.

IV. PERCEPTUAL EXPERIMENT

Our aim is to maintain the immersion for a listener inside an
acoustic reproduction. Therefore, it is of crucial importance,
foremost, that we evaluate the proposed method against the
planewave benchmark in a perceptual listening experiment.
This section details the perceptual experiment system we have
implemented and presents the statistical results at the end.

A. Experiment Methodology

1) Compared Methods: We conducted a MUSHRA percep-
tual experiment to compare four translation methods. In total
the experiment presented six signals:
• Reference / hidden reference: Signals of the true free-

field transfer function between the target real-world point-
source and the translated listener, given by (1).

• Anchor: Signals of the truncated recording that is fixed
spatially to the microphone’s position (4). Sound field
rotation is still rendered, but no translation is processed.
This is a similar anchor to the three-degrees-of-freedom
used in [43].

• Benchmark / planewave closed-form (PW-CF): Signals
rendered from a virtual planewave distribution (16) that
are expanded through the closed-form expression (10).

• Planewave IRLS (PW-IRLS): Signals from a IRLS (Sec-
tion III-C) sparsely expanded planewave distribution.

• Mixedwave closed-form (MW-CF): Signals rendered from
a virtual mixedwave distribution (31) that are expanded
through the closed-form expression (28).

• Proposed method / mixedwave IRLS (MW-IRLS): Signals
from a IRLS sparsely expanded mixedwave distribution.

The perceptual experiment comprised of four separate
MUSHRA tests evaluated on the attribute of either source
localization or basic audio quality, for a source signal of either
human speech or music. The source localization test asked
listeners to score on the perceived direction of the sound-
source, the source width, and the sound field sparseness with
respect to both a visual-reference and the reference signal.
Whereas, the basic audio quality test asked listeners to score
against the reference for spectral distortions and other audible
processing artifacts. The speech signal was a male utterance
taken from the TIMIT dataset [64], and the music signal was
rock-music containing bass guitar, electric guitar, and drums
with cymbals. Both signals did not exhibit reverberation. In
total the scores of 17 participants were collected for the speech
sound-source, and 11 scores for the music sound-source. The
recording microphone was shown in the virtual environment,
and listeners were informed that the further they translate, the

greater the differences they should perceive between methods.
We asked the listeners to score while accounting for each
method’s performance over a 1 m by 1 m reproduction space.

2) Experiment System: We used an Oculus Rift along with
a pair of Beyerdynamic DT 770 pro headphones to track the
listener and provide a visual reference of the true sound source.
We used the HRTFs of the FABIAN head and torso simulator
[65] from the HUTUBS dataset [66], [67] for auralization.
The HRTFs were rotated for each test signal by multiplying
the HRTF coefficients with Wigner-D functions [68]. Signals
were processed at a frame size of 4096 with 50% overlap and
a 16 kHz sampling frequency, due to hardware constraints and
the computational costs of the real-time experiment.

3) Virtual Environment: We simulated the target real-world
auditory experience with a single free-field point-source in
order to generate a true experiment reference signal for the
listener at every position. We constructed a virtual environment
with o placed at the center, and the xy-plane 1.25 m above
the ground to align with a listener’s head while sitting. We
modeled the true target sound source with a static point-
source at (1, 0, 0) m. By true, we signify that the sound field
generated by this point-source is denoted as the target real-
world auditory experience we record and reproduce. Visually,
the participants were presented with an infinitely flat landscape
to best match the free-field acoustic environment they are
experiencing. Two visual references were presented for the
higher order microphone (at o), and the target sound source.

Additionally, we also simulated the process of recording
the truncated sound field of the target point-source. We used
a 4th order rigid spherical microphone array centered at o.
Microphone sensors were distributed at Fliege positions [69]
with 0.042 m radius to best represent a commercial micro-
phone [32]. Recordings were generated by convolving the
sound source’s signal with the microphone’s impulse response.
The αnm(k) coefficients were extracted with (3) before being
expanded into virtual distributions.

The planewave distribution consisted of L = 36 virtual
sources at Fliege positions [69]. This selection was made as a
trade-off with computation complexity. However, adding more
planewaves is not expected to improve source localization
performance, as the distribution already over-samples the 4th

order recording [15], [34], [36]. Similarly, the mixedwave
distribution consisted of two sets of L = 36 virtual sources
at the same Fliege positions. The first set was distributed in
the near-field at R(nf) = 2 m, and the second was placed at
R(ff) = 20 m in the far-field.

4) Experiment Auralization: The reference was rendered
by convolving (in frequency domain) the sound source signal
with the target source-to-listener HRTF. For the anchor (4), the
signals were convolved by multiplying αnm(k) with the spher-
ical HRTF-coefficients directly [60]. The planewave method
signals were rendered with the convolution of the HRTF at
o and the phase-shifted driving function (16). The phase-
shift was updated with the Oculus head position to render
perceptual translation. For the mixedwave methods, the HRTFs
were reconstructed between each source and the listener’s
translated position. Binaural signals were then rendered with
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(a) Source localization scores with speech sound-source.
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(b) Basic audio quality scores with speech sound-source.
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(c) Source localization scores with music sound-source.
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(d) Basic audio quality scores with music sound-source.

Fig. 3: Box plot of perception experiment scores for source localization (a) and (c), and basic audio quality (b) and (d).
Each box bounds the interquartile range (IQR) with the center bar indicating the median score, and the whiskers extend to a
maximum of 1.5× IQR. The v-shaped notches in the box refer to the 95% confidence interval. When the notches between two
boxes do not overlap it can be concluded with 95% confidence that the true medians differ.

the convolution of the mixedwave driving function and the
y`-to-d HRTF (31).

B. Experiment Results
1) Box Plot: Figure 3 shows the perceptual scores of the

translation methods for all four MUSHRA tests. We discuss
the results of these scores through an analysis of variance
(ANOVA) examination. During the following discussion we
use a Tukey-Kramer multiple comparison test with 95%
confidence to determine if two methods show a statistically
significant difference. That is, a p-value score of pval <
0.05 rejects the ANOVA null hypothesis, and suggests that
the difference in score was unlikely to have occurred by
chance. We also provide the F-statistic denoted by F(·,·) for
completeness. Note that a Lilliefors test (where pval > 0.01)
determined that our collected scores were normally distributed,
except for the speech-source anchors.

2) One-Factor ANOVA Results: We used a one-factor
ANOVA to determine if any of the translation methods per-
formed significantly different in each of the perception tests.
For speech localization (Fig. 3a), both MW-CF and MW-
IRLS showed a significant improvement in score (F(3,64) =
6.2, pval < 0.001) compared to the PW-CF benchmark. Similar
results (F(3,64) = 16.25, pval < 0.001) are shown for speech
quality (Fig. 3b), where the mixedwave methods were found
to be significantly different to PW-IRLS in addition to the
benchmark. In the music sound-source tests (Fig. 3c and Fig.
3d), only MW-IRLS showed significantly improved means
over the benchmark, while MW-CF did not. However, MW-
CF was still observed to perform well for music localization
in Fig. 3c and music quality in Fig. 3d as indicated by the
significant median scores.

3) Two-Factor ANOVA Results: We performed a two-factor
ANOVA to compare the effects of source-type (planewave
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Fig. 4: Normalized activity/magnitude |ψ| of each virtual
source averaged over time and frequency for the: (a) closed-
form expansions, and (b) sparse IRLS expansions. Note the
virtual sources are reconstructing a near-field source at φ = 0.

and mixedwave) and expansion-type (closed-form and IRLS).
In all four tests (pval ≤ 0.008), mixedwave source distri-
butions were found to score higher means than planewave
distributions. Whereas, a significant difference in expansion-
type was only found in the speech sound-source tests, with
IRLS showing better scores. For music localization (F(1,40) =
3.36, pval = 0.074) and music quality (F(1,40) = 1.07, pval =
0.307), no significant difference was found between closed-
form and sparse expansions. Lastly, no interaction effects
(pval ≥ 0.382) between virtual source-type and expansion-type
were found.

4) Summary and Discussion: The proposed MW-IRLS
method showed an improvement against the PW-CF bench-
mark in the perceptual criteria of source localization and audio
quality for both a speech and music source. Furthermore,
MW-CF also received higher mean scores when reconstructing
human speech, and higher median scores for music. When
comparing virtual expansion-types, the IRLS expansion was
seen to have better quality robustness and localizability for a
speech source, but not a music source. This may be explained
by the IRLS matching the sparseness of a single human’s
speech, but not the natural sound of music which is normally
generated by multiple sound-sources. Nonetheless, this paper
focuses on the modeling of secondary virtual sources. No
interaction effect between the source model and expansion-
type was found. This indicates that the strong perceptual
results achieved by mixedwave methods were not dependent
on the expansion-type, and are instead an outcome of the near-
field and far-field virtual source mixture. In Section V-B we
conduct a simulation analysis on the sound fields used in this
experiment to gain further insight on properties that may have
influenced these strong perceptual results.

C. The Equivalent Virtual Sources

In Figure 4 we show how the closed-form and sparse
expansions utilize the virtual source distributions for the per-
ceptual experiment. For the closed-form expansions (Fig. 4a)
we observe that many virtual sources are active in a cone shape
towards the direction of the target sound source. Intuitively
this behavior would perceptually obscure the location of the
reproduced sound source. In contrast, the sparse expansions

(Fig. 4b) have fewer active virtual sources that are aligned
with the target azimuth direction. This supports the previous
source localization results, where the IRLS expansions scored
higher than their closed-form counterparts. Furthermore, we
observe that both the MW-IRLS and PW-IRLS expansions
have activated virtual sources at the same locations. However,
the MW-IRLS expansion is able to selectively activate the
near-field mixedwave source to match the near-field target
source. This suggests that the difference in perceptual results
between MW-IRLS and PW-IRLS is predominantly attributed
to the modeling of the mixedwave virtual source.

V. SIMULATION ANALYSIS

In this section, we firstly simulate the same free-field virtual
environment that was used in the perception test (Section
IV-A3). We examine the pressure and intensity fields to iden-
tify factors that may correlate with the perceptual performance
results. Secondly, we also examine each sound field translation
method in an environment with minor reverberation and few
strong acoustic reflections using the image source method.

A. Error Metrics

We define the pressure error (PE) and intensity magnitude
error (IME) between the true and reproduced sound field as(

PE =
|P − P̃ |2

|P |2
, IME =

|I − Ĩ|2

|I|2

)
× 100(%). (36)

where I = 1
2Re (PV ∗), V ∗ is the conjugated sound field

velocity, and ·̃ denotes the reconstructed field. We also study
the intensity direction error (IDE) which is linked to human
perception of sound source localization [70]. The IDE, which
is denoted as the acute angle between the true recorded and
reproduced intensity field, is expressed as

IDE = arccos

(
I · Ĩ
|I| · |Ĩ|

)
/π × 100(%). (37)

Additionally, for intensity fields, we also illustrate the true and
reproduced intensity unit vector difference by I/|I| − Ĩ/|Ĩ|.

B. Pressure and Intensity of Perception Test Environment

1) Pressure and Intensity Fields: We discuss each sound
field translation method’s pressure field (Fig. 5) and intensity
field (Fig. 6) reconstruction performance together. The sound
field for the target sound source at (1, 0, 0) m that was
recorded and reproduced virtually in the perceptual experiment
is shown in Fig. 5a1 and Fig. 6a1. The reconstruction of the
recorded 4th order pressure field and intensity field of the
target source is given in Fig. 5b1 and Fig. 6b1, respectively.
Immediately we observe the consequence of truncation in
the measured pressure field, where the distinct near-field
wavefront of the target source is lost in the reconstruction of
the microphone array recording. As expected, the measurement
is seen to be localized spatially within the microphone array,
illustrated by the sweet-spot within the measurement PE
(Fig. 5b2). Similarly, the measurement’s intensity field is also
seen to be concentrated about the microphone sweet-spot.
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Fig. 5: Pressure fields and pressure errors of the target sound-source and sound field translation method reconstructions at
1000 Hz in the xy-plane, where the target point-source is located at (1, 0, 0) m.

Fig. 6: Intensity fields and intensity direction errors of the target sound-source and sound field translation method reconstructions
at 1000 Hz in the xy-plane, where the target point-source is located at (1, 0, 0) m.

Beyond the sweet-spot, truncation error is seen to degrade
the measurement’s pressure and intensity accuracy, leading to
the perceptual artifacts we wish to resolve by extrapolating an
equivalent virtual source environment.

We observe that the PW-CF method experiences the same
sweet-spot behaviors as the truncated measurement, where
once again the reproduced pressure (Fig. 5c) and intensity (Fig.
6c) fields are localized to the microphone’s region. A similar
result is also obtained by the MW-CF method, supporting that
the sweet-spot is produced from the closed-form expansion
over-approximating the truncated measurement. The PW-CF
and MW-CF intensity fields are also seen to be non-uniform
throughout the virtual reconstruction. It is expected that this
may be a dominant factor contributing to the poorer perceptual
evaluations of the closed-form expansions.

In contrast, the PW-IRLS and MW-IRLS reproductions
show better pressure (Fig. 5e/f) and intensity (Fig. 6e/f) results.

As intended, the IRLS expansions are seen to relax the
sweet-spot constraint and extend the region of reproduction
accuracy. This is believed to aid the perceptual stability of the
reproduction as the listener translates further from the orig-
inal recording position. Furthermore, the sparsely expanded
intensity fields are shown to be more uniform, leading to
better IDE results and likely contributing to stronger perceptual
evaluations. We observe that the MW-IRLS method produces
a better reconstruction than the PW-IRLS method. This is due
to the mixedwave virtual source model producing a spherical
near-field wavefront in the pressure field (Fig. 5f1), which also
leads to better IDE performance (Fig. 6f2). Finally, we take
note of the discrepancy between the MW-CF method’s good
perceptual evaluations and its poor sound field reconstruction
in comparison to the PW-IRLS method. We attribute this
discrepancy to the difference in the binaural rendering of each
sound field, which we will further examine in Section V-B3.



12

10-2

100

102

P
E

 [%
]

 500 Hz

Measurement PW-CF PW-IRLS MW-CF MW-IRLS

1000 Hz

0 0.02 0.04 0.06 0.08 0.1
Radius [m]

10-2

100

102

P
E

 [%
]

2000 Hz

0 0.02 0.04 0.06 0.08 0.1
Radius [m]

4000 Hz

Fig. 7: Average pressure error of reconstruction over a spher-
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measured and reproduced sound fields.
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Fig. 8: Average intensity magnitude error of reconstruction
over a 0.8 m spherical surface plotted against frequency.

2) Pressure and Intensity Error: We present the averaged
PE at various translation distances in Fig. 7. A clear difference
in performance is observed at the lower frequencies, where the
two IRLS expansions (PW-IRLS and MW-IRLS) are seen to
better reproduce the pressure field throughout a 0.1 m region.
This result corroborates with the prior sweet-spot observations,
where the IRLS expansions are able to relax spatial constraints.
On the other hand, the closed-form expansions are shown
to match the PE of the measurement, further illustrating
that the PW-CF and MW-CF methods over-approximate the
recording’s truncation artifacts.

All methods are observed to have poor IME at the transla-
tion of 0.8 m in Fig. 8. At higher frequencies both MW-CF and
MW-IRLS have lower error than their planewave counterparts.
However, the IME is still poor, and it is difficult to know if this
behavior contributed to perceptual results. Additionally, large
spikes in error are found when the microphone’s truncation
increases between the dk|xQ|e frequency bands. It may be
possible to smooth the activation of each band to further
improve perceptual stability.

The IDE shows clearer results at the 0.8 m translation in
Fig. 9. The MW-IRLS reproduction is seen to strongly match
the direction of the true sound-source’s intensity across the full
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Fig. 9: Average intensity direction error of reconstruction over
a 0.8 m spherical surface plotted against frequency.
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Fig. 10: BRIR spectral difference between the true (reference)
and reproduced signals for a translated listener positioned at
(0, 0.5, 0) m facing parallel to the x-axis (θ = π/2, φ = 0).

frequency range. This intensity alignment is expected to have
contributed to the perceptual results of the MW-IRLS method.
This is in contrast to the PW-CF benchmark which is seen to
follow the recording’s poor IDE at lower frequencies.

3) BRIR Response: Here we measure the system response
of each sound field translation method by recording, expand-
ing, and auralizing a sine-sweep signal for a translated listener
positioned at (0, 0.5, 0) m. The listener’s looking direction is
fixed forward parallel to the x-axis (θ = π/2, φ = 0) such that
the sound-source is roughly 1 m from and 60◦ to the right of
the listener. This system response can be seen as the binaural
room impulse response (BRIR) of the translated listener inside
the reconstructed virtual environment. Furthermore, unlike
the prior pressure and intensity results, the rendering of the
listener’s HRTF is included in the BRIR result. Therefore,
the BRIR provides insight into how well each translation
method reconstructs head reflections that match the original
listening experience. In Fig. 10 we give the spectra difference
of BRIR between each translation method compared to the
reference (the free-field point source convolved with HRTF)
for this single listener position and orientation. The BRIR
spectral results show the most substantial difference between
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Fig. 11: Average intensity direction error of each method’s
reconstruction over a 0.8 m spherical surface at 1000 Hz given
a target point-source at different recorded distances.

the PW-CF benchmark and the mixedwave methods thus
far. Below 1000 Hz the PW-CF BRIR is seen to deviate
significantly from the reference. At higher frequencies all
translation methods show some divergence from the reference,
however, the mixedwave methods still exhibit smaller BRIR
distortions. Between the two closed-form expansions, the MW-
CF shows significantly better BRIR accuracy. This is likely
due to the finitely distanced mixedwave sources allowing for
a more accurate HRTF translation (discussed in Section III-F).
Overall, the MW-IRLS method most accurately reconstructs
the sound heard by a translated listener in the true environ-
ment. As such, the BRIR results suggest that the MW-IRLS
offers greater perceptual accuracy, which is in agreement with
the perceptual experiment results.

C. Varying Distance of the Recorded Target Sound-Source

The mixedwave virtual source model improves upon the
planewave model in the case of reconstructing a near-field
target source. The mixedwave method’s performance should
not be significantly worse than the planewave method when
the target source is in the far-field. Figure 11 shows each
sound field translation method’s IDE when reconstructing a
target point-source recorded at different distances. Indeed, we
observe the MW-IRLS method to improve upon the PW-IRLS
method for a near-field target source. Best performance occurs
in the sparse expansion when the target source distance is close
to the mixedwave virtual source inner-sphere radius at 2 m.
It is expected that performance for near-field target sources at
< 1 m distances can be improved by reducing the inner-sphere
radius of the mixedwave model, however, at the expense of
a reduced maximum translation distance. Furthermore, we
observe that the MW-IRLS method is comparable to the PW-
IRLS method for far-field target sources. This suggests that the
mixedwave source provides near-field benefits to sound field
translation without any likely trade-off to far-field reproduction
performance.
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Fig. 12: Average intensity direction error of reconstruction
over a spherical surface of varying radius at 1000 Hz in an
environment with minor reverberation T60 = 190 ms.

D. Robustness to Environment Reverberation

Here, we briefly examine each sound field translation
method in an environment with minor reverberation and two
strong reflections. Our intention is to investigate each trans-
lation method’s robustness to reverberant noise. We want to
reiterate that we do not consider using the proposed method
for modeling highly reverberant environments in this paper. If
early reflections and diffuse reverberation are present in the
original recording, then we would intuitively recommend that
these properties of the sound are carefully handled separately
during reproduction. In such a case, we expect that the
sound source’s direct path can be isolated and processed with
the proposed sound field translation method. Moreover, the
reverberation can be isolated and removed to be processed
separately or be substituted by an artificial environment during
reproduction. Nonetheless, for this paper we consider the
proposed method to be applied in large open environments
where reverberation is negligible.

1) The Reverberant Environment: was modeled by a rect-
angular room with minor reverberation using the image source
method [71]. Room dimensions were 8 m, 6 m, 3 m and
wall reflection coefficients were (0.65, 0.65, 0.6, 0.6, 0.4, 0.6),
to give a reverberation time of T60 = 190 ms using the Sabine
formula [72]. We centered the higher order microphone in the
room, and placed the target true sound source at (1, 0, 0) m
with respect to this microphone. Additionally, we placed two
mirrored point sources at positions (1, 6, 0) m and (1, -6, 0) m
with an amplitude gain of 0.975 to model two strong acoustic
reflections.

2) Intensity Direction Error Against Translation Radius: is
given in Fig. 12 for the reverberant environment. We observe
that both the PW-IRLS and MW-IRLS methods perform better
than their closed-form counterparts for shorter translation
distances. This suggests that sparsity is the main contributor to
short translation performance. At larger translations (>0.5 m),
however, the MW-IRLS shows significantly better intensity
reconstruction than the PW-IRLS method, indicating that the
mixedwave source provides greater perceptual performance
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Fig. 13: Average intensity direction error of reconstruction
over a 1 m spherical surface at 1000 Hz in an environment
with minor reverberation of varying T60 reverberation time.

compared to the planewave source. This result aligns with
the conclusions drawn from the perceptual experiment. Fur-
thermore, we observe that the MW-IRLS IDE score remains
between approximately 20% to 30% throughout a 2 m transla-
tion. This result is comparable to the 20% IDE score achieved
in the free-field environment (Fig. 9), suggesting that the MW-
IRLS method is somewhat robust to minor reverberation.

3) Intensity Direction Error Against Reverberation Time:
is shown in Fig. 13. For this result we have adjusted the
image source method wall reflection coefficients of our con-
sidered environment to obtain various T60 reverberation times.
The room size and strong reflecting mirror-sources remain
unchanged. We clearly observe that the proposed MW-IRLS
method performs best in low reverberation. The contrasting
IDE performance between the MW-IRLS and the PW-IRLS
methods demonstrates the mixedwave source’s better intensity
field reconstruction in low reverberant environments. At higher
reverberation (T60>400 ms) all sound field translation meth-
ods converge to the performance of the truncated measure-
ment. This suggests that both the benchmark and the proposed
methods are susceptible to highly reverberant environments,
and therefore, perceptual performance is expected to be poor
during reconstruction.

VI. CONCLUSION

Virtual reality technology enhances acoustic real-world
reproductions by allowing listeners to perceptually move
about the environment. At this time, however, the bench-
mark planewave method towards sound field translation is
still limited by inherited microphone constraints. Furthermore,
the planewave source model is restricted to the far-field,
which results in the listener’s HRTF perspective being fixed
during translation. As a result, immersion in the planewave
environment is degraded by poor source localizability and
audible spectral distortions. We have proposed an alternative
source model for sound field translation that enables a sparse
virtual environment to contain a mixture of near-field and
far-field sources. We compared this proposed mixedwave
method against the planewave benchmark through a perceptual

MUSHRA experiment and cross-examined the results with
numerical simulations. For human speech reproduction, the
mixedwave source model improved the perceptual source
localizability and audio quality. Both the closed-form and
sparsely expanded mixedwave reproductions were found to
provide a more immersive experience. Similar results were
also found for a music sound source. The sparse expansion
was shown to help enlarge the reproduction sweet-spot, and
activate the near-field virtual sources to match the near-field
target source. The closed-form expansion also benefited from
the mixedwave source model, as the finitely distanced sources
allowed the relative angle in the HRTF to update with listener
movement. This was illustrated by the lower BRIR spectral er-
ror achieved by the mixedwave binaural rendering. Finally, the
proposed method better matched the target intensity direction
at differing frequencies, translation distances, and under low
reverberation noise; which further corroborates our perceptual
experiment results.

We note that this paper focuses on the perceptual effects
of modeling a near-field far-field mixture for sound field
translation. As such, we have only studied an over-simplified
acoustic environment to gain clear insight into the perceptual
attributes of the mixedwave method. Future work is required
to achieve a complete virtual application with satisfying
performance and human interactivity. Firstly, the modeling
of multiple sound sources should be investigated. Secondly,
algorithms to separate the direct sound of target sources from
a reverberant environment are required. This then enables the
complex reverberant environment to be treated explicitly with
its own model. Or, alternatively, it might be that replacing the
reverberation with a synthetic environment provides a more
satisfying experience for the listener. Thirdly, algorithms to
estimate and model the directivity of the sound source, and
using high resolution personalized HRTFs are both required
for more accurate perception. Finally, for virtual applications
it may be desirable to add synthetic objects to the environment,
and therefore a method to update the perceptual experience to
match the addition of objects that were not present during
the original recording is required. It is important to evaluate
the perceptual attributes of each component in the virtual
application, which is what we have provided for the modeling
of a target sound source with the proposed mixedwave sound
field translation method.
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