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ABSTRACT

Spatially accurate binaural reconstruction from rigid circular arrays requires a large number of microphones.
However, physically adding microphones to available arrays is not always feasible. In environments such as
conference rooms or concert halls, prior knowledge regarding source positions allows for the prediction of
pressure signals at positions without microphones. Prediction is performed by relying on a physical model for the
acoustically rigid sphere. Recently, we used this model to formulate a surface pressure interpolation method for
virtual microphone generation. In this study, we use virtual microphones to enhance the high-frequency spatial
accuracy of binaural reconstruction. Numerical experiments in anechoic and reverberant conditions demonstrate
that adding virtual microphones extends the frequency range of operation and attenuates the time-domain artifacts.

1 Introduction

Virtual reality systems are key components to create
high-definition multimodal interfaces for telepresence
applications such as teleconferencing, live streaming
of concerts, and motion simulators [1, 2, 3]. In these
applications, an accurate reconstruction of the spatial
features of sound enhances the user’s sensation of im-
mersion thanks to the synergy of spatial sound infor-
mation with information for other modes of perception
such as vision, touch, and body vibration [4, 1, 2].

Spatial sound systems for the reconstruction of acoustic
pressure signals on the eardrums, referred to as binaural
signals, are in high demand because of the popularity
of spatial audio reproduction devices for personal use,
such as headphones [5] and personal sound zone sys-
tems [6]. An important characteristic of a binaural

system is its spatial accuracy, that is, its ability to re-
solve sounds along directions. Spatial accuracy has a
high impact on the degree of realism and naturalness
when attempting to re-create the experience of being
immersed in a distinct acoustic environment [7].

Recent binaural systems [8, 9, 10, 11, 12, 13, 14, 15]
aim to reconstruct binaural signals by combining head-
related transfer functions (HRTFs) and spatial sound
recordings obtained with a microphone array mounted
on a rigid spherical baffle. The use of HRTFs allows
to account for the individual auditory localization cues
that arise from the interactions of sound waves with the
external anatomical shapes of listeners [16]. Addition-
ally, the use of microphone arrays allows to account
for the dynamic auditory cues that correspond to head
movements [8, 9, 10, 11, 12, 13, 14, 15].
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Obtaining HRTFs for dense sets of positions is becom-
ing possible by interpolation from measurements for a
single distance [17, 18]. More recently, HRTFs can also
be calculated with techniques based on 3D model acqui-
sition systems and numerical acoustic methods [19, 20].
In contrast, the recording of high-definition spatial
sound still represents a challenge because it requires a
large number of microphones.

The costs involved in the construction of high spatial
resolution arrays have largely confined their use to
research purposes [9, 10, 11, 21]. For instance, the
252-channel system in [10, 11] corresponds to the high-
est spatial resolution reported as a real-time binaural
system. On the other hand, the resolutions of commer-
cially available arrays are still in the range of a few tens
of microphones.

Various interpolation methods for generating recording
signals at positions on the rigid baffle where there are
no microphones have been proposed [8, 22]. These
methods, however, require distinct panning procedures
at different frequency bands [23]. Alternatively, we
have been exploring the conditions under which a sin-
gle method could be used over the full frequency range.

In environments such as conference rooms or concert
halls, the positions of sound sources are often con-
fined to a small region within the space in front of
the listeners. In these conditions, where sound source
positions can be assumed to be known, the pressure
generated at any point on the rigid spherical baffle
can be estimated using a physical model [24]. This
model is valid over the full frequency range. Based on
this model, we recently proposed a virtual microphone
generation method that leverages prior knowledge re-
garding source positions [25].

In this study, we apply the virtual microphone genera-
tion method in [25] to enhance the high-frequency spa-
tial accuracy of binaural reconstruction. The transition
between lower and higher frequencies is determined
by the number of available microphones. In this pa-
per, we review the binaural reconstruction algorithm
used in [10, 11, 15] and the virtual microphone gener-
ation method used in [25]. Subsequently, we present
numerical results of binaural reconstruction performed
in anechoic and reverberant conditions.

2 Binaural reconstruction

One approach to binaural reconstruction can be re-
garded as a beamformer [10, 11, 15]. An individual
HRTF dataset (hhh) constitutes a specified spatial pattern
to be approximated by a set of weighting filters (www)
that are applied to the microphone recordings (ppp). The
weighting filters are created by solving a linear system
of equations that approximates the HRTF dataset. The
entries in the matrix (CCC) associated with the linear sys-
tem are acoustic transfer functions from the positions of
microphones to the positions used to obtain the HRTF
dataset.

Let M be the number of microphones and L the number
of HRTF positions. The linear system to be solved for
each ear is formulated as:

CCCL×M ·wwwM×1 = hhhL×1 + εεεL×1, (1)

where εεε denotes approximation error. The solution
to (1) leads to a two-step reconstruction algorithm:

1. Weighting filters: www =CCC+hhh.

2. Binaural signals: bbb = www>ppp.

The reconstructed binaural signals bbb constitute the in-
put to binaural reproduction devices based on head-
phones or personal sound zone systems. The symbols
·+, ·>, and · denote pseudo-inversion, transpose, and
complex conjugate, respectively. Truncated singular
value decomposition is used in this study to perform
pseudo-inversion. The above-described reconstruction
procedure results in the processing structure illustrated
in Fig. 1.

3 Virtual microphone generation

The method introduced in [25] is summarized in this
section. Consider a rigid sphere with radius a and a
sound source at a distance r > a measured from the cen-
ter of the rigid sphere. The total pressure Ψ generated
by a source placed at a position~r = (r,θ) and measured
by an ideal microphone placed at a position~a = (a,θa)
on the rigid spherical surface is defined as [24]:

Ψ(~r,~a,k) =
−1
ka2

∞

∑
n=0

hn(kr)
h′n(ka)

(2n+1)Ln(cosΘ~r,~a).

(2)
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Fig. 1: Binaural reconstruction system as described in [10, 11, 15]. Virtual microphone generation [25] is used to
increase the inputs (pm) to this system. The total number of microphones M = Mr +Mv consists of Mr real
microphones (blue dots) and Mv virtual microphones (magenta marks).

Fig. 2: Geometry for virtual microphone generation
(top view). The angle θ is the azimuthal angle
on the horizontal plane. The front is at θ = 0◦

and the left ear is at θ = 90◦. A single reference
position~rref on the front is assumed known.

Here, k denotes the wave number, hn denotes the spher-
ical Hankel function of order n, and the symbol ′ indi-
cates a derivative with respect to the argument. Addi-
tionally, Ln denotes the Legendre polynomial of order
n evaluated at the cosine of the angle Θ~r,~a between~r
and~a.

When a reference sound source position~rref is known,
the model in (2) can be used to relate the pressure at

two arbitrary points~ar and~av on the rigid sphere. This
defines the surface pressure variation filter as:

Fr 7→ v =
Ψv

Ψr
, (3)

where

Ψr = Ψ(~rref,~ar,k), and Ψv = Ψ(~rref,~av,k). (4)

The filter Fr 7→ v represents the transmission of sound
over the rigid spherical surface from~ar to~av.

Let pr denote the signal recorded by a real microphone
placed at a position ~ar. Let pv denote a virtual micro-
phone signal to be generated at a position ~av where
there are no real microphones. The signal pv is ob-
tained as follows:

pv = Fr 7→ v× pr. (5)

Note that the use of Fr 7→ v in (3) only requires to specify
~rref and ~av. The position ~ar from which interpolation
is performed can be easily obtained using a nearest
neighbor search that consists of two steps. First, the
angles between ~av and every ~ar are calculated. Next,
the real microphone position~ar that creates the smallest
angle from~av is selected.

Given a number Mr of real microphones in the array, its
frequency range of operation is delimited by [26, 27]

fmax ≈
Mrc
4πa

, (6)
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(a) L = 36, and Mr = 180. (b) L = 36, and Mr = 36. (c) L = 36, Mr = 36, and Mv = 144.

(d) L = 36, and Mr = 180. (e) L = 36, and Mr = 36. (f) L = 36, Mr = 36, and Mv = 144.

Fig. 3: Left-ear transfer functions reconstructed from recordings in anechoic (top) and reverberant (bottom)
conditions for~rref = (50 cm,0◦). (a) and (d): Target. (b) and (e): Real. (c) and (f): Real+Virtual.

where c denotes the speed of sound in air. The maxi-
mum frequency fmax determines the transition between
the lower and higher frequencies. Reconstruction ar-
tifacts above fmax are referred to in the literature as
spatial aliasing [26, 27].

Virtual microphone generation aims at increasing fmax
by using prior knowledge of source positions. Because
lower frequencies are sufficiently covered by the avail-
able number of real microphones, they need to remain
unmodified. Virtual microphones are therefore gener-
ated for the higher frequencies only.

4 Numerical evaluation

In this section, the virtual microphone generation
method described in section 3 is used to increase the
number of real-microphone recording signals that feed
the binaural reconstruction system described in sec-
tion 2 (see Fig. 1). Virtual microphones are only added
at higher frequencies, which is the range that can not
be covered by the limited number of real microphones.

The numerical evaluations hereafter consider a rigid
spherical baffle of radius a = 8.5 cm. The following
three conditions regarding the number of microphones
were considered:

• Target: A number Mr = 180 of real microphones
was selected as the target condition.

• Real: A number Mr = 36 of real microphones was
used to exemplify a practical situation.

• Real+Virtual: At frequencies above fmax ≈
11 Khz, a number Mv = 144 of virtual micro-
phones was added to the Real case Mr = 36
so as to obtain a total number of microphones
M = Mr +Mv = 180.

All evaluations used a number L = 36 of HRTF posi-
tions at a distance of 50 cm from the center of the head.
All microphone and HRTF positions were equiangu-
larly distributed on horizontal circles. The reference
position ~rref, which is used to calculate Fr 7→ v, was
placed in front of the listener (θ = 0◦) at a distance of
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(a) L = 36, and Mr = 180. (b) L = 36, and Mr = 36. (c) L = 36, Mr = 36, and Mv = 144.

(d) L = 36, and Mr = 180. (e) L = 36, and Mr = 36. (f) L = 36, Mr = 36, and Mv = 144.

Fig. 4: Left-ear impulse responses reconstructed from recordings in anechoic (top) and reverberant (bottom)
conditions for~rref = (50 cm,0◦). (a) and (d): Target. (b) and (e): Real. (c) and (f): Real+Virtual.

50 cm. The sources to be recorded were also placed at
a distance of 50 cm (see Fig. 2).

Recordings in reverberant conditions were simulated
using the algorithm in [28]. This algorithm calculates
the sound pressure on the surface of a rigid sphere
that is placed inside a rectangular parallelepiped room.
The calculated sound pressure corresponds to the total
reverberant field, which includes the scattering from
the rigid sphere and the high-order reflections from the
walls. The center of the coordinate system coincides
with a bottom corner of the room. The dimensions of
the room were 3.5 m wide (along x), 3 m long (along
y), and 3 m high (along z). The reflection coefficients
of all walls were 0.3. A maximum reflection order
was obtained by setting the corresponding parameter
to −1. The center position of the microphone array
was (2,1.5,1) m. The frontal direction was along the
positive x-axis. These dimensions were used to make
the time-domain results visible within a frame of 10 ms.

Figure 3 presents frequency-domain left-ear signals
reconstructed in anechoic (top panels) and reverberant

(bottom panels) conditions. Reconstructions for the
Target condition Mr = 180 are shown in panels (a) and
(d). Reconstructions for the Real condition Mr = 36
are shown in panels (b) and (e). It can be observed that
using only Mr = 36 real microphones is not enough to
cover the higher frequencies. Reconstruction results
for the Real+Virtual condition, when adding Mv =
144 virtual microphones to the case of Mr = 36 in the
frequencies above fmax ≈ 11 Khz, are shown in panels
(c) and (f). When comparing the results in (c) and (f)
with the results in (b) and (e), respectively, it can be
observed that adding virtual microphones enhances the
performance at higher frequencies in both anechoic
and reverberant conditions. Enhancement is mainly
obtained on the side ipsilateral to the evaluated ear, as
can be observed when comparing the high-frequency
results for the azimuthal angles around θ = 90◦.

Figure 4 shows time-domain left-ear signals recon-
structed in anechoic (top panels) and reverberant (bot-
tom panels) conditions. These signals correspond to the
impulse responses of the transfer functions presented in
Fig. 3. Similar to Fig. 3, reconstructions for the Target

AES Conference on Audio for Virtual and Augmented Reality, Redmond, WA, USA, 2018 August 20 – 22
Page 5 of 9



Salvador et al. Virtual microphones for binaural reconstruction

(a) Error defined in (7). (b) Correlation coefficient defined in (8).

Fig. 5: Overall accuracy in anechoic conditions.

(a) Error defined in (7). (b) Correlation coefficient defined in (8).

Fig. 6: Overall accuracy in reverberant conditions.

condition are presented in panels (a) and (d); Real con-
dition in (b) and (e); and Virtual condition in (c) and (f).
A comparison of these results reveals that using only
Mr = 36 real microphones produces impulse responses
with artifacts in the form of forward and backward repli-
cas of the main peaks. These time-domain artifacts are
attenuated when adding Mv = 144 virtual microphones
to the case of Mr = 36. Adding virtual microphones in
the high-frequency range thus enhances the temporal
localization of the main peaks of the impulse responses
in both anechoic and reverberant conditions.

Finally, overall reconstruction accuracies with respect
to the Target condition, assuming anechoic and rever-

berant environments, were obtained by comparing the
binaural signals b̂bb for the Real or Real+Virtual con-
ditions with the binaural signals bbb for the Target con-
dition. Overall accuracies were evaluated in terms of
magnitude deviations of transfer functions and similar-
ities of impulse responses.
Magnitude deviations were calculated based on the
following error:

E( f ) =
RMSθ

[
bbb(θ , f )− b̂bb(θ , f )

]
RMSθ

[
bbb(θ , f )

] , (7)

where RMSθ denotes the root mean square value along
the azimuthal angle θ .
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Similarities were calculated based on the correlation
coefficient:

C(θ) =
Covt

[
IR{bbb}(θ , t), IR{b̂bb}(θ , t)

]
(

Vart
[
IR{bbb}(θ , t)

]
Vart

[
IR{b̂bb}(θ , t)

]) 1
2
,

(8)
where IR denotes impulse responses, and Vart and Covt
denote variance and covariance along t, respectively.

Figs. 5 and 6 present the overall accuracies in anechoic
and reverberant conditions, respectively. In both condi-
tions, the results reveal that adding virtual microphones
in the high-frequency range enhances the responses
thanks to decreasing the overall magnitude deviations.
In the time-domain, the benefits of adding virtual micro-
phones are translated into higher similarities for sound
source positions in front of the listener, that is, around
the reference position θ = 0◦.

5 Limitations and possibilities

The binaural reconstruction framework used in the
assessment of virtual microphone generation was re-
stricted to the beamforming approach reported in [10,
11, 15]. However, since virtual microphone generation
aims at increasing the number of recordings for its sub-
sequent combination with HRTFs, the method can also
be applied in other frameworks such as binaural am-
bisonics [9]. In general, virtual microphone generation
constitutes a preprocessing stage intended to be applied
before any array signal encoding is performed.

Recording environments with static conditions were
assumed throughout evaluations. Conference rooms or
concert halls can be roughly described by these con-
ditions provided that listeners tend to remain still in
their seats and sound sources are often confined to a
small region in front of them. Nevertheless, when aim-
ing at binaural reconstruction in real life situations, the
reference position required for virtual microphone gen-
eration must be estimated during an actual recording.
Addressing this problem would require an additional
processing stage for sound source localization in real
time. The use of methods such as the one proposed
in [29] would be beneficial in this regard.

The positions of sources and transducers were restricted
to the horizontal plane throughout evaluations. Given
the rotational symmetry of the rigid sphere model, the

results presented in this paper for a circular micro-
phone array might be regarded as a representative case
of spherical microphone arrays. Yet the assessment of
a complete three-dimensional binaural reconstruction
would necessarily require to consider spherical micro-
phone arrays and spherical HRTF datasets in future
evaluations.

6 Conclusion

The virtual microphone generation method introduced
in [25] was assessed numerically in the context of bin-
aural reconstruction from rigid circular microphone
array recordings performed in anechoic and reverber-
ant conditions. The results demonstrated that adding
virtual microphones extends the frequency range of
operation and attenuates time-domain artifacts.

Extensions of this work may include further energy-
based criteria when selecting the nearest real micro-
phone, as well as the combination of various numbers
of nearby microphones to generate a virtual micro-
phone. Additionally, perceptual evaluations by means
of detectability of differences and localization tests
along angles and distances are necessary to provide fur-
ther insight into the validity of the suggested approach.
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