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a b s t r a c t

Personalized Head-Related Transfer Functions (HRTFs) are needed as part of the binaural sound individ-
ualization process in order to provide a high-quality immersive experience for a specific user. Signal pro-
cessing methods for performing HRTF measurements in non-anechoic conditions are of high interest to
avoid the complex and inconvenient access to anechoic facilities. Non-anechoic HRTF measurements cap-
ture the effect of room reflections, which should be correctly identified and eliminated to obtain HRTFs
estimates comparable to ones acquired in an anechoic setup. This paper proposes a sub-band frequency-
dependent processing method for reflection suppression in non-anechoic HRTF signals. Array processing
techniques based on Plane Wave Decomposition (PWD) are adopted as an essential part of the solution
for low frequency ranges, whereas the higher frequencies are easily handled by means of time-crop win-
dowing methods. The formulation of the model, extraction of parameters and evaluation of the method
are described in detail. In addition, a validation case study is presented showing the suppression of reflec-
tions from an HRTF measured in a real system. The results confirm that the method allows to obtain pro-
cessed HRTFs comparable to those acquired in anechoic conditions.
� 2021 The Author(s). Published by Elsevier Ltd. This is an open access article under the CC BY-NC-ND

license (http://creativecommons.org/licenses/by-nc-nd/4.0/).
1. Introduction

During the last decades, spatial audio has become a very impor-
tant research topic with applications in different fields, including
Virtual and Augmented Reality (VR, AR), Audiology or Psychology,
and also in the musical industry [1–3]. According to [4], audiovi-
sual content is increasingly consumed through headphones, result-
ing in a remarkable expansion of headset-based audio playback in
recent years. In addition, headphones’ portability and individuality
make them the ideal complement to the head-mounted displays
used in VR and AR. In this context, headphone-based binaural ren-
dering is particularly interesting, allowing spatial audio scenarios
to be simulated at a relatively low cost. Binaural hearing refers to
the ability of the auditory system to analyze the sound at the
two ears, integrate the information embedded in the acoustic stim-
uli, and perceive sound as coming from a three-dimensional space
[5]. When binaural rendering is done in real time, the simulation
can be interactive, adding a greater sense of realism and presence
to multimedia content, which has applications in VR and AR [6].
In order to create a spatialized sound experience, binaural audio
uses Head-Related Impulse Responses (HRIRs) or their frequency-
domain equivalent, known as Head-Related Transfer Functions
(HRTF) [7]. For a specific position in space, the HRTF captures the
effect that a sound source has on a subject’s ear canals, under
free-field conditions. The HRTF includes the contributions of the
human body, which influence the way individuals perceive sound.
These contributions come mainly from the head, torso and pinna,
all of which are described by the HRTF [8]. Since the anthropomet-
ric characteristics differ among individuals and have a strong influ-
ence on sound perception, HRTFs present tailored features that
make them specific for each subject. Therefore, individualizing bin-
aural sound by means of personal HRTFs is important for providing
a better, immersive and natural listening experience [9], as well as
for improving localization and perception of elevated sound
sources.

Different techniques have been proposed to obtain individual-
ized HRTFs [10]. These can be classified into three main families:
acoustical measurements, anthropometric data and perceptual
feedback.
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Fig. 1. Anechoic and non-anechoic HRTF measurement. (a) Anechoic measurement
with no reflections. (b) Non-anechoic measurement with relevant early reflections.
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� Acoustical measurement: It is the most straightforward method
to obtain individual HRTFs [8,11]. The acoustic transfer path
between the loudspeaker and two microphones inserted in
the ears of the subject is captured for different discrete posi-
tions, creating a virtual sphere of measured points around the
listener. It is considered the ideal solution because of its fidelity,
but it is tedious as it requires long sessions of time that can
cause fatigue to the subjects, as well as requiring special facili-
ties such as anechoic chambers.

� Anthropometric data: Based on the morphology of the subject,
some methods try to compute or approximate the HRTF of indi-
viduals. They usually employ optical descriptors such as 3D
meshes or 2D images [12,13] and numerical methods (PCA,
FEM, BEM, artificial neural networks) to calculate a solution,
or structural models of the HRTF to adapt some acoustic param-
eters or choose a best-fit option [11]. These technologies are
based on acoustic principles and study the effects of indepen-
dent elements of the morphology, but usually require big
amounts of data and/or high resolution images or 3D scans.

� Perceptual feedback: By means of perceptual tests, subjects can
choose a suitable HRTF from a set, or modify some parameters
according to their responses [14,15]. These techniques are
exempt from complex installations and expensive equipment,
looking for an easy-to-apply method. However, the design of
the listening test is not obvious and is often time-consuming
to perform, limiting its use to expert or trained listeners.

The family of acoustical measurement methods is considered
the reference for all individualization techniques, as it provides
the direct acoustical HRTF. The traditional acoustical measurement
implementation [16] employs an anechoic chamber and a complex
motorized positioning system to vary the loudspeaker-listener rel-
ative position. While human beings are able to distinguish frontal
sources separated 1–2� [17], measurements are usually acquired
every 5� in the horizontal plane and every 10� in the vertical plane.
This leads to a measured set of HRTFs with more than 1,000 mea-
surements, which results in long HRTF recording sessions that pro-
duce fatigue and discomfort in the subjects, as no movement is
allowed to avoid measurement errors.

With the aim of overcoming the drawbacks of traditional acous-
tical measurement methods, techniques for reducing the total
measurement time have also been actively pursued. The most
straightforward is to install a set of loudspeakers in multiple posi-
tions to reduce the time required for loudspeaker positioning. Set-
ting up a loudspeaker in each measurement point is impractical,
since it would require more than a thousand units. Therefore,
hybrid systems have been proposed, which use multiple loud-
speakers to cover a polar angle and a single-axis positioning sys-
tem to cover the other. The most common combination employs
a loudspeaker array in an arc structure on the vertical plane, con-
taining as many units as elevation angles are being measured.
The rotation of either the arc around the listener or the listener
on a turntable [18] presents the real asset of this method. More-
over, there exist methods for simultaneous HRTF measurement
using multiple loudspeakers which save even more time, such as
the multiple exponential sweep method (MESM) where the repro-
duced sweeps overlap in time [19,20].

Despite the improvements in the reduction of measurement
time, the HRTF measurement procedure still requires anechoic
conditions, as HRTFs are natively referred to free-field measure-
ments. Conducting the process within a non-anechoic room will
introduce reflections that do not really belong to the actual HRTF.
Although processing of the measured HRIR can be performed to
crop contributions before the first room reflection, depending on
the loudspeaker-listener distance and the room geometry, the
result may reduce the resolution at low frequencies, affecting the
2

measurement of the real HRTF at frequencies where torso and
shoulder reflections assist localization (Section 2.3). Therefore,
ideal full-band HRTF measurements require anechoic chambers,
restricting high-quality HRTF acquisition to research laboratories
and creating a barrier that affects the adoption of binaural technol-
ogy by the general interested public or small companies.

In this paper, a method for measuring full-band HRTFs in non-
anechoic rooms based on the suppression of main room reflections
is proposed and validated. In Section 2, the background and prob-
lem formulation is presented. Section 3 describes in detail the
steps making up the proposed method. Section 4 presents the
experimental setup used to validate the proposal. In Section 5,
the results obtained at each experimental stage are discussed,
comparing with the ones obtained in anechoic conditions. Finally,
the extracted conclusions, as well as future work, are outlined in
Section 6.

Throughout this paper, the following notation conventions will

be used. Symbols with tilde, such as ~h tð Þ, denote measurements of

the actual quantities, i.e. h tð Þ. Symbols with hat, such as ĥ tð Þ,
denote estimates of the actual quantities. The superscript T0 , as in
~hT0 tð Þ, denotes a signal that has been cropped to a maximum time
T0.

2. Background and problem formulation

This section presents the analytical model to explain the prob-
lem, discusses the main drawbacks appearing in non-anechoic sce-
narios, and explains the expected frequency limitations as a
consequence of signal cropping techniques.

2.1. Signal model

Considering an ideal anechoic environment, as in Fig. 1(a), the
sound pressure measured at one of the ears resulting from a sound



Fig. 2. Typical impulse response in non-anechoic measurement room with large
floor and ceiling reflections.
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source signal, s tð Þ, coming from the spatial direction defined by the
azimuth and elevation angles /s; hsð Þ, can be expressed as:

yd tð Þ ¼ s tð Þ � hd t;/s; hsð Þ � hhrir t;/s; hsð Þ; ð1Þ
where � denotes convolution and hd t;/s; hsð Þ is the direct-path
acoustic channel, which can be modeled as a simple delay when
ideal transducers are used. The term hhrir t;/s; hsð Þ represents the
head-related impulse response (HRIR) corresponding to direction
/s; hsð Þ.

In non-anechoic conditions, as represented in Fig. 1(b), multiple
reflections coming from the different surfaces occur inside the
room and the measured acoustic pressure now contains a non-
desired component as:

y tð Þ ¼ yd tð Þ þ yr tð Þ; ð2Þ
with

yr tð Þ ¼ s tð Þ �
XM
m¼1

hm t;/m; hmð Þ � hhrir t;/m; hmð Þ
 !

; ð3Þ

where M is the total number of significant reflections and
hm t;/m; hmð Þ denotes the acoustic impulse response for the acoustic
path of the m-th reflection coming from direction /m; hmð Þ. As a
result, the measured HRIR in a non-anechoic measurement setup
will include the anechoic HRIR plus the contribution of the non-
desired acoustic path components:

h
�
hrir t;/s; hsð Þ ¼ hd t;/s; hsð Þ � hhrir t;/s; hsð Þ|fflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflffl{zfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflffl}

h
�
hrir dð Þ tð Þ

þ
XM
m¼1

hm t;/m; hmð Þ � hhrir t;/m; hmð Þ|fflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflffl{zfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflffl}
h
�
hrir rð Þ tð Þ

:
ð4Þ

In the frequency domain, the measured HRTF translates to the
addition of the anechoic HRTF plus multiple reflections coming
from different directions, filtered by their corresponding traveled
acoustic channel, i.e.

H
�
hrtf x;/s; hsð Þ ¼ Hd x;/s; hsð ÞHhrtf x;/s; hsð Þ

þ PM
m¼1

Hm x;/m; hmð ÞHhrtf x;/m; hmð Þ;
ð5Þ

where Hm x;/m; hmð Þ represents the Fourier transform of the reflec-
tion acoustic path hm t;/m; hmð Þ and Hhrtf x;/; hð Þ is the Fourier trans-
form of the head-related impulse response hhrir t;/; hð Þ.

2.2. HRIR temporal truncation or cropping

Consider a non-anechoic measurement scenario, as in Fig. 1(b).
At the listening position, the arriving signal is a mixture of the
direct sound and two typical significant room reflections. In this
example they are mainly originated on the floor and the ceiling.
The lateral and opposite walls also produce reflections, but they
are not considered here for the sake of simplicity. A typical mea-
sured impulse response in such type of scenario is shown in
Fig. 2, corresponding to a medium-size room with a standard ceil-
ing height of 2.6 meters. For a source to listener distance of 1 meter
and a source to ceiling distance of 2 meters, the floor reflection
arrives at 4.5 ms, while the ceiling reflection arrives at 12 ms
approximately. The direct signal and the two main reflections
can be identified arriving after the main signal. A first attempt to
reflection suppression would naturally come by cropping the mea-
sured response before the arrival of the first echo, thereby preserv-
ing just the direct path and eliminating subsequent reflections.

Let us assume that each reflected path is given by
3

hm t;/m; hmð Þ � am tð Þ � d t � smð Þ; m ¼ 1; . . . ;M: ð6Þ
where sm is the time-delay corresponding to the m-th reflection,
and am tð Þ encodes the filtering effect of such path. Cropping would
create a new measured HRIR as follows:

~hT0
hrir t;/s; hsð Þ ¼

~hhrir t;/s; hsð Þ; t < T0

0; t P T0;

(
ð7Þ

where T0 is selected as the delay corresponding to the first echo, i.e.
T0 ¼ min smf gð Þ, with smf g ¼ s0; s1; . . . ; sMf g.

However, cropping the signal in time with such a short window
implies a significant loss in frequency resolution, which at lower
bands can be considerably critical. Insufficient resolution at low
frequencies implies a lack of information in spectral ranges that
affect significantly localization accuracy. As an example, consider
the response of Fig. 2. The first reflection arrives approximately
4.5 ms after the direct signal. Given the frequency resolution
allowed by a time segment of duration T0, i.e.

f q ¼
Fs

N
¼ Fs

FsT0
¼ 1

T0
; ð8Þ

if the impulse response is cropped to a duration of T0 ¼ 4:0 ms, the
resulting frequency resolution is 250 Hz, independently of the
selected sampling frequency Fs. Moreover, when applying a non-
rectangular smoothing window, more restricting values are
expected due to the increased width of the main lobe (e.g. 500 Hz
for a Hamming window, but in practice it extends up to 1 kHz as
it will be seen in the next section). This windowing procedure can
be employed as part of techniques for measuring loudspeaker
responses [21–23], but it turns out to be incomplete for measuring
HRTFs.

If only the high frequency part of the HRTF is intended to be
obtained, this procedure might be sufficient. For the low frequency
part, there exist methods to reconstruct a flat low frequency
response maintaining interaural time differences (ITDs) [24]. How-
ever, important information of the HRTF at low frequencies, such
as the torso and shoulders reflections, are not properly acquired
due to the inaccurate information at frequencies below 1 kHz [25].

2.3. Other techniques for reflection removal

As presented in the previous section, HRIR cropping is the most
straightforward technique to remove reflections from non-
anechoic HRIR measurements. However, other solutions have been
previously proposed in the literature to deal with unwanted reflec-
tions in the measured responses. This section elaborates on some
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existing well-known approaches for reflection removal, discussing
their advantages and disadvantages through a reproducible
experiment.

� Frequency-dependent cropping [26,27]: Corresponds to a
frequency-dependent truncation approach that processes mid
to high frequencies by adapting the cropping length in each
band. However, the first window considered by this method still
includes effects of the first reflections as in the simple temporal
cropping technique (Section 2.2), which create comb-filter-like
distortions in the response at mid and low frequencies.

� Reconstruction of low frequency: It is a well-known fact that
HRTFs show a flat response along the lowest frequency band,
as the human physical features do not have any impact at such
low frequencies. There are methods for reconstructing the low-
frequency response while preserving ITDs. The missing infor-
mation could be completed by means of geometric models of
head and torso [28], with results from the boundary element
method [29], by cross-over filtering with an adequate low-
frequency response [30] or modeling a constant magnitude
and a linearly extrapolated phase [24]. However, the recon-
struction is usually dependent on information from the upper
neighboring band, in order to cross-fade it properly. We may
usually find two situations. First, when cropped measured
responses are used, the neighboring band may be too high
and it is not guaranteed that frequencies below show a flat
response (e.g. shoulder reflection effects). Second, if non-
anechoic responses are used, the upper frequency band will
contain spectral distortions caused by the reflected paths, lead-
ing to non-accurate reconstructions.

� Dereverberation: While one might think that dereverberation
methods can be used to fix spectral distortions on non-
anechoic HRTFs, it should be noted that reflections arrive from
different spatial directions. Thus, the reflected sound will be fil-
tered by different HRTFs corresponding to different incidence

angles, as shown by the sum making up the ~hhrir rð Þ tð Þ term in
Eq. (4). Classical dereverberation methods [31–33] do not take
into account the direction-dependent filtering of HRTFs, which
render these methods not suitable for isolating a target HRTF
from a non-anechoic measurement.

A practical case considering a common measuring setup, such
as the one in Fig. 1(b), is analyzed in the following to illustrate
why the methods above are not completely effective. Let us
assume that the subject is two meters away from the loudspeaker,
which is placed at a height of 1 meter, therefore creating a floor
reflection that arrives from a direction h1 ¼ �45o. For reproducibil-
ity purposes, HRTFs extracted from the KEMAR public dataset [34]
measured at MIT’s anechoic chamber are used. Specifically, we take
for the experiment the left-ear responses corresponding to
/ ¼ 0�; h ¼ 0�ð Þ and / ¼ 0�; h ¼ �45�ð Þ from the so-called ‘‘full”
measurement set.

According to Eqs. (4) and (6), the measured response for a single
(floor) reflection in the above setup is modeled as:

h
�
hrir t;0�;0�ð Þ ¼ hd t;0�;0�ð Þ � hhrir t;0�;0�ð Þþ

a1 tð Þ � d t � s1ð Þ � hhrir t;0�;�45�ð Þ;
ð9Þ

which can be further simplified to

~hhrir t;0�;0�ð Þ ¼ hhrir t;0�;0�ð Þ þ a1hhrir t � s10; 0�;�45�ð Þ; ð10Þ

if only a relative delay, s10 ¼ s1 � sd, and a relative scalar attenua-
tion factor, a1, are considered for the reflected path. Then, for such
setup, we can directly simulate a measured response by adding to
the target HRIR at / ¼ 0�; h ¼ 0�ð Þ a delayed and attenuated version
4

of the HRIR at / ¼ 0�; h ¼ �45�ð Þ. The temporal delay corresponding
to the path difference (0.82 m) is s10 ¼ 115 samples (c ¼ 343 m/s)
for Fs = 48 kHz. Also, we can consider a representative attenuation
factor of a1 ¼ 0:3, which is typical for a rigid floor.

Let us now apply the described methods to evaluate their
impact on the processed response at low frequencies. We apply
the first 3 since, as already explained, dereverberation does not
make sense in the considered context.

Fig. 3(a) shows the HRIRs used from the KEMAR public database
[34] and the composite HRIR obtained according to Eq. (10), where
the direct signal at 0� is mixed with the attenuated and delayed
signal at �45�. The rest of Fig. 3 compares the results after the pro-
cessing, where the dashed line always indicates the true (target)
anechoic HRTF for / ¼ 0�; h ¼ 0�ð Þ.

Fig. 3(b) compares the anechoic HRTF with the non-anechoic
one including the floor reflection and without applying any pro-
cessing method. Note that the anechoic HRTF shows some remark-
able oscillating effects (2 or 3 dB) between 400 Hz and 1 kHz,
which are produced by reflections on the shoulders [25,35]. The
comb filtering effect produced by the reflection degrades signifi-
cantly the response within the represented frequency range, dis-
torting the slight shoulders oscillations and adding more
pronounced deeps in the response.

Fig. 3(c) shows the result after applying temporal cropping just
before the arrival of the floor reflection. Although the comb filter-
ing effect is avoided in this case, unfortunately the shoulder reflec-
tions also disappear.

Finally, Fig. 3(d) depicts the result after applying frequency-
dependent cropping. Besides the window applied in the above
case, another window with two times its duration has been used
to increase the resolution at low frequencies. As observed, the
effects of the shoulder are neither preserved in this case and other
unwanted distortions appear such as the peak at 400 Hz.

The low-frequency reconstruction method would simply take
the response of Fig. 3(c) and would create a flat response below
one desired frequency (e.g. 400 Hz). Clearly, that would not solve
the problem since the shoulder and torso reflections would still
be missing and it is not worth representing it. Nonetheless, it
would have the benefit of preserving the group delay between
20 Hz and 400 Hz and the almost constant response shown within
the lowest part of the graph.

With this simple example we have tried to show that these
methods do not completely work in the specific case of HRTF mea-
surements when it is desired to preserve the effects at low fre-
quencies due to the torso and shoulders. Therefore, one of the
main objectives of this work is to obtain a good estimate of the
low frequency range of the HRTF by performing a proper compen-
sation of the most significant reflections, outperforming the meth-
ods discussed above.
3. Proposed method

This section presents the general measurement and processing
framework proposed in this paper for correcting HRTFs measured
in non-anechoic scenarios. As already discussed, simple cropping
can be applied to extract the information related to the high-
frequency range of the desired response. However, additional pro-
cessing is necessary to preserve low-frequency information while
minimizing the effect of room reflections.

The general processing scheme of the proposed sub-band
method is shown in Fig. 4. The bottom branch is aimed at process-
ing the low-frequency part of the input HRIR signal. The effect of
room reflections is cancelled based on the directional information
extracted by a spherical microphone array and sound field analysis
techniques. The top branch extracts the high-frequency informa-



Fig. 3. Comparison of methods to overcome reflections (a) HRIRs direct, from
reflection direction and combined to simulate ~hhrir t;0�;0�ð Þwhich includes the main
reflection. (b) BRIR, considering the reflection. (c) Cropping the reflection. (d)
Frequency-dependent cropping.

Fig. 4. Block diagram of the proposed method.
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tion of the desired signal. The input HRIR is cropped before the
arrival of the first reflection to keep only the direct path, leaving
only the high-frequency information.

An important aspect of the proposed approach is the lowest fre-
quency limit to be achieved, which is set at 100 Hz. For frequencies
below this limit, the magnitude of the HRTF is practically flat and
can be reconstructed. In addition, very low frequencies have prac-
tically no contribution to spatial localization [16,30]. A frequency
limit of 100 Hz implies a time interval of 10 ms after the arrival
of the direct sound (or 480 samples for a sampling frequency
Fs ¼ 48 kHz). Thus, reflections occurring within such time window
are the ones that must be properly handled. Note that the proposed
technique effectively extends the frequency range of non-anechoic
HRTF measurements to cover an important part of the low-
frequency response, between 100 and 500 Hz or even 1 kHz
depending on the time of arrival of reflections.

The following sections present the processing and measure-
ment steps proposed to achieve the suppression of important room
reflections in non-anechoic HRTF measurements. The methodology
involves the use of different sound capture techniques and loud-
speaker setups. For the sake of simplicity, only the removal of
the floor reflection is being considered in the following explana-
tion. The suppression of the ceiling reflection or other main reflec-
tions can be addressed by extending the same procedure taking
into account the direction of origin of the reflection. Furthermore,
the case of suppression of a floor reflection is especially relevant
because in non-anechoic rooms it will occur in almost any mea-
surement scenario. Unlike the distance to the ceiling or walls, the
measurement distance to the floor will always be quite similar
due to human dimensions. This results in main reflections coming
from the floor in a similar time range and close to the main peak of
the impulse response, which makes them difficult to remove by
windowing methods. On the other hand, the ceiling or walls are
easier to treat with acoustically absorbent material simply because
they are not walked on and the floor is.
3.1. Step 1: cropping

Let us assume the non-anechoic HRTF measurement setup
depicted in Fig. 5(a), corresponding to a source direction /s; hsð Þ.
As an example, the frontal direction /s ¼ 0 and hs ¼ 0 is consid-

ered, obtaining the measurement ~hhrir t;0;0ð Þ, which follows the
model of Eq. (4). The first and most relevant reflection affecting
the measurement is that coming from the floor surface, with direc-
tion /s; h1ð Þ. Obviously, there are many other contributions arriving
to the listener, but since they arrive considerably later, they can be
discarded by cropping. The measured response can be cropped
before the arrival of this first room reflection by selecting a crop-
ping time T1 (e. g. T1 ¼ 4 ms). However, depending on the length
and type of the cropping window used, a short time results in poor
frequency resolution. Unfortunately, such low resolution affects
frequency bands where there are relevant directional aspects



Fig. 5. HRTF correction procedure. (a) Non-anechoic HRTF measurement. (b)
Impulse response measurement with ominidirectional microphone and acoustic
channel estimation based on spherical array processing. (c) Echo path impulse
response measurement. (d) Echo path HRTF measurement.
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related to shoulder reflection and torso diffraction, as commented
at the end of Section 2.2.

An alternative to increase the frequency resolution is to use a
longer window with cropping time T2. As an example based on
Fig. 2, a cropping time T2 ¼ 11 ms would increase the frequency
resolution to 90 or 180 Hz, extending the frequency range to a fac-
tor close to 1.5 octaves with respect to T1. The cropping time T2 is
selected slightly before the arrival time of the second relevant
reflection (see Step 2). Thus, the cropped HRIR can be written as
6

h
�
T2
hrir t;/s; hsð Þ ¼ hd t;/s; hsð Þ � hhrir t;/s; hsð Þþ

h1 t;/s; h1ð Þ � hhrir t;/s; h1ð Þ;
ð11Þ

leading, in the frequency domain, to the HRTF

H
�
T2
hrtf x;/s; hsð Þ ¼ Hd x;/s; hsð Þ � Hhrtf x;/s; hsð Þþ

H1 x;/s; h1ð Þ � Hhrtf x;/s; h1ð Þ:
ð12Þ

The process employed is a variation of the Frequency-
Dependent Windowing (FDW) [26], also referred to as Frequency
Dependent Truncation [27] for the specific case of removing reflec-
tions of impulse responses (cf. Section 2.3).

It becomes apparent that to estimate the actual frontal HRTF
with increased frequency resolution, the effect from the reflection
must be suppressed. This implies estimating not only the acoustic
path corresponding to such reflection, but also the HRIR for its
direction. The following steps address such estimation process.

3.2. Step 2: acoustic channel estimation

The second step involves two measurements, as depicted in
Fig. 5(b). These are conducted as follows.

3.2.1. Impulse response measurement
First, the listener is substituted by a flat-response omnidirec-

tional microphone to measure the impulse response between the

source and the listener’s position, ~h t;/s; hsð Þ. By inspecting this
response, the cropping times T1 and T2 can be determined as those
right before the first and second relevant reflections, respectively.
Cropping the impulse response at time T2 results in the following
model for the measured signal

~hT2 t;/s; hsð Þ ¼ hd t;/s; hsð Þ þ h1 t;/s; h1ð Þ; ð13Þ
or, in the frequency domain, to the transfer functioneHT2 x;/s; hsð Þ ¼ Hd x;/s; hsð Þ þ H1 x;/s; h1ð Þ: ð14Þ
3.2.2. Spherical array measurement and PWD
A theoretical background of the Plane Wave Decomposition

(PWD) and the notation employed here is described in A.
To separate the contribution of the two acoustic paths defined

in the previous section, we obtain an M-channel impulse response
recorded with a spherical microphone array positioned at the loca-
tion of the previous omnidirectional microphone. We denote such

multi-channel impulse response as ePT2 x;/j; hj
� �

; j ¼ 1; . . . ;M,
where the T2 superscript indicates that temporal cropping is also
applied to avoid reflections. The cropped array response is ana-
lyzed by means of PWD, using Eqs. (A3) and (A6), to obtain the
desired responses at directions /s; hsð Þ and /s; h1ð Þ. The analysis
would provide as result the two plane-wave components
D x;/s; hsð Þ and D x;/s; h1ð Þ.

It is important to note that, while the signals obtained by PWD
are related to the actual acoustic channels, they may contain some
amplitude differences that are modeled here by an unknown filter
Q xð Þ as follows:

D x;/s; hsð Þ ¼ Q xð ÞHd x;/s; hsð Þ; ð15Þ

D x;/s; h1ð Þ ¼ Q xð ÞH1 x;/s; h1ð Þ: ð16Þ
The filter Q xð Þ takes into account both the frequency response

effect of the PWD and that of the microphones making up the
spherical array. By substituting Eqs. (15) and (16) into Eq. (14),
and omitting the variables x and /s to simplify notation, the mea-
sured response can be written as
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eHT2 hsð Þ � 1
Q
� D hsð Þ þ D h1ð Þð Þ; ð17Þ

so that the filter Q xð Þ is estimated as

bQ ¼ D hsð Þ þ D h1ð ÞeHT2 hsð Þ
: ð18Þ

The acoustic paths can therefore be estimated as

bHd hsð Þ ¼ 1bQ D hsð Þ ¼
eHT2 hsð Þ

D hsð Þ þ D h1ð ÞD hsð Þ; ð19Þ

bH1 h1ð Þ ¼ 1bQ D h1ð Þ ¼
eHT2 hsð Þ

D hsð Þ þ D h1ð ÞD h1ð Þ: ð20Þ

At this point, an estimate of the main acoustic paths have been
obtained, but the effect of the HRTF for the direction of the main
reflection is still completely unknown. The third step addresses
such issue.

The measurements should ideally be performed using long
enough sweep signals in order to increase the resulting signal-to-
noise ratio [19]. This avoids estimation problems at low frequen-
cies, allowing to obtain a good plane wave decomposition and
avoiding problems in the denominator of the Eqs. (19, 20).

3.3. Step 3: Reflection Path Measurements and Suppression

In the third step, the acoustic transfer function is again mea-
sured with the omnidirectional microphone, but this time using a
loudspeaker placed on the floor and oriented towards the direction
of the reflection h1, as shown in Fig. 5(c). It is important to note that

the measured acoustic channel, denoted as ~h1L t;/s; h1ð Þ, includes
the bass enhancement effect resulting from the floor placement
of the loudspeaker. Indeed, due to the speaker boundary interfer-
ence response [36], the loudspeaker behavior in Fig. 5(b) for frontal
radiation is different from the one observed when the loudspeaker
is placed on the floor. Note that, due to the orientation of the loud-
speaker, the reflections will arrive later in time than T2. Then, as

with ~hT2 t;/s; hsð Þ, this new response is also cropped with the same

window length to discard reflections, resulting in ~hT2
1L t;/s; h1ð Þ.

Subsequently, the microphone is substituted with the subject,
measuring and cropping the HRIR from the same direction (see
Fig. 5(d)). The resulting HRTF can be written as:eHT2

hrtf x;/s; h1ð Þ ¼ Hhrtf x;/s; h1ð Þ � H1L x;/s; h1ð Þ; ð21Þ

where H1L h1ð Þ is the frequency-domain equivalent of h1L h1ð Þ,
already known from the microphone measurement. Thus, the HRTF
for the echo direction can be estimated as:
Fig. 6. Measurement setup. On the left, elevation view of the 3D m
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bHhrtf x;/s; h1ð Þ ¼
eHT2

hrtf x;/s; h1ð ÞeHT2
1L x;/s; h1ð Þ

: ð22Þ

Finally, according to Eq. (14), an estimate of the echo-free HRTF
for the desired source direction can be obtained as:

bHhrtf hsð Þ ¼
eHT2

hrtf hsð Þ � bH1 h1ð ÞbHhrtf h1ð ÞbHd hsð Þ
; ð23Þ

where the azimuth angle /s and frequencyx have been again omit-
ted for notation simplicity.
4. Experimental setup

This section introduces the real experiments that have been car-
ried out to validate the proposed reflection suppression method.
First, the experimental setup is described in detail, providing as
well practical considerations related to the implementation of the
proposed method. To analyze the performance, a measured and
corrected HRTF is compared to the corresponding HRTF obtained
in an anechoic chamber using the same measuring equipment.

4.1. Array setup and measurement room

The setup employed to evaluate the proposed method is based
on a set of loudspeaker arrays at different heights. The system has
been designed to perform fast HRTF measurements by avoiding the
usual traditional drawbacks, bringing about a reduction of mea-
surement time, hardware complexity and cost.

The system, previously introduced in [37,38] is shown in Fig. 6.
It is composed by a 72-loudspeaker circular array of 2 meters of
radius at an elevation of 0� with a resolution of 5� in azimuth.
Two additional 8-loudspeaker circular arrays of 1 meter of radius
are placed at the ceiling and on the floor, with a lower resolution
of 45� and oriented towards the listener position at 45� and
�45�, respectively. The loudspeakers used in all the arrays are all
self-powered M-Audio model BX5 D2 audio monitors. The system
was installed inside a non-anechoic low reverberant room with
minimum acoustic conditioning. Table 1 summarizes the main
characteristics of the room.

The described configuration allows to perform HRTF measure-
ments for three different planes. Note that, although three elevation
planes do not provide a dense spatial sampling, the measurement
setup is highly simplified and interpolation techniques can be used
to extend the amount ofmeasurements in themedian plane [39,40].
In any case, the number of loudspeakers can be extended if neces-
sary. Nonetheless, an important feature is that the elevated arrays
are strategically placed to be at the approximate point of reflection
odel of the system. On the right, deployed setup inside room.



Table 1
Characteristics of the experimental room.

Dimensions D 9.88 	 W 4.80 	 H 2.65 m

Volume 128 m3

Surface Materials Walls: 70% conditioned
Floor: vinyl flooring (reflective)
Ceiling: low quality acoustic panels

RT60 169 ms

Number of loudspeakers 88
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on those surfaces, which will be useful in practice for applying the
proposed echo suppression technique. Thus, the proposed setup
not only allows to avoid costly and complex positioning systems,
but also facilitates the proposed measurement process to obtain
an extended low-frequency response.
4.2. Microphones

The Earthworks M30 [41] microphone was used to measure the
required omnidirectional impulse responses at the different stages
of the method. The spherical array recordings were captured by an
em32 Eigenmike from mh acoustics [42], composed by 32 individ-
ual electret capsules inserted on a rigid sphere of radius 4.2 cm, fol-
lowing the shape of a pentakis dodecahedron with the transducers
placed at its vertices. The HRIR measurements of this validation
experiment were acquired with the Brüel & kJær Head And Torso
Simulator (HATS) 4100 dummy head [43]. The multiple exponen-
tial sweepmethod (MESM) [19] was used, with measurements tak-
ing 2 min and 28 s for all the 88 loudspeakers. All the recordings
considered a sampling frequency of Fs ¼ 48 kHz.
4.3. PWD processing

Finally, the PWD processing was performed by means of the
open-source SOFiA MATLAB library [44]. The Eigenmike array
Fig. 7. Software GUI used for the spatial and tem
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allows a spherical harmonic decomposition up to the order
N ¼ 4. The reflection from the back and lateral walls are not con-
sidered in the low-frequency processing, since they are highly
absorbed by acoustic materials placed on these surfaces. The
reflection on the ceiling can be handled following the same proce-
dure as the one on the floor but using the elevated loudspeaker
array. In order to make easier the whole measuring process, which
includes the identification and location of the main reflections in
the measured response, a specific software with a GUI was
designed, as shown in Fig. 7. The GUI allowed for a convenient
visual inspection and cropping of the responses to properly set
the times T1 and T2, and supports a PWD analysis that facilitates
the identification of the direction of arrival corresponding to the
main reflections occurring within the room.
5. Measurements and results

This section presents the results obtained at the different stages
of the proposed method on a real validation case. In order to main-
tain the coherence of the explanation, an HRTF measurement in
which a main reflection from the floor will be suppressed has been
chosen as a real example. In the case of real measurements in
another room and/or HRTFs with different source directions, other
main reflections coming from different surfaces could be gener-
ated. In such cases the same method would have to be applied
but taking into account the HRTF of the measured direction and
obtaining the corresponding main reflection by PWD. Depending
on the case, this may require different loudspeaker setups and
the casuistry is infinite depending on the characteristics of the
measurement room. In the experiment presented below, the
selected direction was the frontal /s ¼ 0�; hs ¼ 0�ð Þ. The processing
dealing with echo suppression will consider the frequency range
between 100 and 1000 Hz. As already described, frequencies above
1000 Hz can be reliably measured by cropping the measured
HRIRs. On the other hand, the magnitude response of HRTFs below
100 Hz is completely flat, and its phase can be easily reconstructed
by ensuring that the ITD is properly preserved at low frequencies.
poral analysis of the measured responses.
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5.1. HRIR and impulse response cropping

As a first step, both the HRIR to be compensated and the room
impulse response, are measured with the dummy-head device and
the flat-response microphone, respectively. Thus, the signals
~hhrir t;0�;0�ð Þ and ĥ t; 0�;0�ð Þ are acquired. Since all the measure-
ments correspond to the same azimuth /s ¼ 0�, the azimuth angle
will be omitted for simplicity in what follows. Given the specific
geometry of the measurement setup, the reflection from the floor
arrives approximately at 4.4 ms (211 samples after the direct
sound, at Fs ¼ 48 kHz), leading to a low-frequency limit between
1=0:0044 ¼ 227 Hz to 454 Hz depending on the windowing. As
described in Section 3.1, T1 is fixed to 200 samples in order to avoid
this reflection. The acquired impulse response is shown in Fig. 8,
where such reflection can be clearly identified, as well as the sec-
ond one. Therefore, T2 is fixed just before this second reflection
at 420 samples. Note that the longer window T2 contains the effect
of the first reflection that must be suppressed with the proposed
Fig. 8. Measured impulse response from the frontal dir

Fig. 9. PWD Components, D 0�ð Þ and D �45�ð ), and estimated acoustic channels, bHd 0�ð Þ an
measured omnidirectional response eHT2 0�ð Þ.
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compensation method. The windows used to crop the measured
temporal responses are also depicted in Fig. 8, which have the
shape of a soft decay rectangular window having a Hann profile.

5.2. Acoustic channel estimation

In the next step, the multichannel impulse response at the same
location is measured with the Eigenmike microphone array,
extracting by means of PWD the signals D x;0�ð Þ and D x;�45�ð Þ.
Both are represented in Fig. 9 for the frequency range of interest.
The result after performing the equalization operation of

Eqs. (19) and (20) are also represented as bHd 0�ð Þ and bH1 �45�ð Þ.
The sum of both corrected responses bHd 0�ð Þ þ bH1 �45�ð Þ

� �
is

shown to match perfectly the original frequency response mea-

sured with the microphone, eHT2 0�ð Þ, which includes the combina-
tion of the two paths. The need for such equalization is also
demonstrated by showing the addition of the two PWD signals
ection, ~h t;0� ;0�ð Þ, and selected cropping windows.

d bH1 �45�ð Þ. The addition of the two estimated acoustic paths is shown to match the



J.J. Lopez, P. Gutierrez-Parera and M. Cobos Applied Acoustics 188 (2022) 108523
D 0�ð Þ þ D �45�ð Þð Þ, which results in a magnitude difference
between 10 and 12 dB due to factors such as the frequency
response of the array capsules and other effects derived from the
PWD processing.
5.3. Reflection path measurements and compensation

For the next measurement step, the HRTF for the reflection
direction must be properly estimated. To this end, a loudspeaker
having the same azimuth angle, /s ¼ 0�, but from the lower loud-
speaker array, is selected. This loudspeaker has the elevation angle
of the reflection hs ¼ �45�ð Þ and points towards the listener posi-
tion. The response is measured both with the flat-response micro-
phone and with the dummy-head device, resulting in the signals
~hhrir t;�45�ð Þ and ~h1L t;�45�ð Þ, respectively. Due to the back radia-
tion of the loudspeaker on the floor, the original room transfer
function presents a relevant boost in the range 100–250 Hz. The
compensation is performed by applying Eq. (22). To this end, a reg-
ularized inverse filter [45] with b ¼ 0:05 is considered. Fig. 10

shows the measured eHhrtf �45�ð Þ, the inverse filter eH1L �45�ð Þ�1

and the compensated version bHhrtf �45�ð Þ, in the frequency domain
for the frequency range of interest. As observed, the result is the
cancellation of the low-frequency boost at the frequencies of inter-
est, with a reduction in magnitude close to 5 dB.
Fig. 11. Measurements in t

Fig. 10. Measured eHhrtf �45�ð Þ
� �

and compensated bHhrtf �45�ð Þ
� �

HRTFs from the echo
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5.4. Final HRTF estimation

The last step corresponds to the final estimation of the
reflection-free HRTF for the frontal direction, as given by Eq. (23).
Following our experimental setup, the compensated low-
frequency response obtained from the T2 cropping window is
crossed-over at 1 kHz with the high frequency response obtained
by the T1 cropping window. In this way, after processing low and
high frequencies separately and adding them back together, we
obtained the final processed and compensated HRTF, free from
reflections. For comparison and checking purpose, an anechoic
chamber measurement was acquired under the replication of the
measurement conditions of the non-anechoic setup, as shown in
Fig. 11. The same source-to-listener distance and same measure-
ment equipment was considered in this checking anechoic mea-
surement in order to avoid changes due to different loudspeaker

responses. The final compensated HRIR ĥhrtf 0�;0�ð Þ and the equiva-
lent anechoic HRIR measurement hhrtf 0�;0�ð Þ are shown together in
Fig. 12 to evaluate the temporal error.
5.5. Discussion

In order to properly interpret the results and be able to compare
the performance of the method, different frequency responses are
he anechoic chamber.

direction, together with the inverse of the measured transfer function eH1L �45�ð Þ.



Fig. 12. Comparison between the compensated HRIR and the corresponding measurement in anechoic chamber.

Table 2
Average error per 1=2 octave band for the non-compensated measurement and the
proposed method with respect to the anechoic measurement.

ISO 1/2 octave band Non-compens T2 Non-compens T1 Compensated

125–175 Hz 3.88 dB 1.36 dB 2.21 dB
175–200 Hz 3.13 dB 3.84 dB 0.47 dB
200–250 Hz 6.50 dB 4.44 dB 0.44 dB
250–350 Hz 6.45 dB 5.16 dB 0.77 dB
350–500 Hz 3.80 dB 1.81 dB 1.18 dB
500–700 Hz 4.20 dB 3.10 dB 0.42 dB
700–1000 Hz 2.37 dB 2.28 dB 1.09 dB
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represented in Fig. 13. Firstly, the HRTF measured in anechoic
chamber Hhrtf 0�;0�ð Þ, is shown as a reference and target. In addi-
tion, the figure also shows the non-compensated HRTFs obtained
in non-anechoic conditions using the cropping windows T1 and

T2, i.e. eHT1
hrtf 0�;0�ð Þ and eHT2

hrtf 0�;0�ð Þ. Finally, the HRTF estimated

with the proposed compensation method, bHhrtf 0�;0�ð Þ, is
represented.

The responses corresponding to all the non-anechoic curves
overlap in the high-frequency range (above 1 kHz), as expected
from the sub-band processing scheme. In the low-frequency range,
the two non-compensated responses show undesired effects. The
response obtained from the longer window T2 presents a remark-
able comb filtering effect resulting from the main reflection on the
floor. This effect is highly mitigated in the response corresponding
to the shorter T1 windowing, although other inaccuracies appear
derived from the loss in frequency resolution and, to a less extent,
from other effects related to the neighboring loudspeakers of the
array. In contrast, the HRTF obtained with the proposed compensa-
tion method is free from the low-frequency ripples produced by
the room reflections and shows a response that is closer to the
one measured in anechoic chamber.

The most notable differences between the compensated signal
and the anechoic one appear in the 100–150 Hz band, which are
probably due to the effects caused by the T2 cropping window.
However, above this frequency, the results are very well aligned
with the objective of the proposed method, which aimed at the
full-band suppression of room reflections in non-anechoic HRTFs.
Fig. 13. Comparison between the anechoic, non-compensated and compensated
HRTFs.
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This can be more clearly observed in Table 2, which shows a more
detailed evaluation of the error. It contains the average error with
respect to the anechoic response for the estimated and non-
compensated signals in half octave bands (according to ISO stan-
dard frequencies). The error has been computed by averaging the
absolute value of the error in dB for each frequency bin within each
band, i.e.

Errori dB½ 
 ¼ 1
Ni

X
xk2Bi

jHhrtf xkð Þ dB½ 
 � Hhrtf xkð Þ dB½ 
j; ð24Þ

where Ni denotes the number of frequency bins in band Bi and
Hhrtf xkð Þ the response under evaluation at the k-th frequency bin.
For the compensated version, the error is always below or around
1 dB, except for the first band due to the reason previously com-
mented. However, for the non-compensated version T1, the error
is higher than 5 dB for one band and is around 3 or 4 dB for other
two bands. An important result is that of the 500–700 Hz band,
which contains the effect of shoulder reflections. The numerical
analysis of the measurements confirms both the validity of the pro-
posed method and its advantages.

Finally, it is worth commenting on an interesting aspect that,
although not related to the low-frequency correction of the
response, is important to take into account. By looking at the HRTF
results, some differences are observed around 4–5 kHz. There is a
level mismatch between the anechoic signal and the estimated
HRTF. Such undesired effect is thought to be related to the acoustic
diffraction caused by loudspeaker edges. In fact, when measuring
inside the non-anechoic room, speakers followed a circular array
arrangement, working as an infinite screen. As a result, diffraction
is minimized and it might occur at a much lower amplitude. On the
other hand, the loudspeaker in the anechoic chamber was
set alone, producing wave diffraction on the edges. As a result,
the frontal radiation due to this effect appears as peaks in the tem-
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poral response after the arrival of the direct sound. Note that the
array-based measurement setup improves this issue, obtaining
an even clearer HRTF.

6. Conclusion

This paper presents ameasurementmethodology andprocessing
method that allows to obtain quasi-anechoicHRTFs in non-anechoic
measurement setups. The method is based on a sub-band approach
that treats separately the low-frequency and high-frequency ranges
resulting from different croppings of the measured response. The
low-frequency part of the estimated HRTF is obtained by means of
several measurement and processing steps that involve acquiring
the HRIR, the room impulse response and plane-wave decomposi-
tion (PWD) signals extracted from a spherical array. Similarly, the
method also needs to estimate and compensate HRTFs measured
from the most prominent room reflections. The model formulation
for the proposed method also includes additional equalization pro-
cedures, which are aimed at cancelling the effect of the different
transducer and array responses. The different steps of the method
have been validated by a case study that eliminates the main floor
reflection from a real HRTF measurement obtained in a non-
anechoic room. The results of the proposed method have been
shown to be completely comparable to the ones obtained in ane-
choic conditions, with estimated signals that are free from reflec-
tions and preserve the shape of the anechoic HRTF, i.e. without
altering important localization cues.

The final aim of this work is to make out of this novel system a
potential alternative to traditional anechoic methods. The method
facilitates the acquisition of HRTFs by avoiding the need for very
complex setups and long measurement times. Indeed, measure-
ments over real subjects have already been performed for spatial
sound personalization purposes. However, there is still work to
carry out to further refine and improve the current system. Addi-
tional loudspeaker arrays at intermediate elevation positions will
be set to increase resolution in the measurement process. Alterna-
tively, the development of intelligent interpolation and correction
methods based on deep neural networks will be considered to
relax the hardware needs of the system. To this end, a large HRTF
dataset extracted with our proposed method will be created with
the aim of bringing personalized spatial audio closer to the general
public.
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Appendix A. Plane wave decomposition (PWD)

A given sound field can be decomposed into its plane wave
components according to the principle of superposition. Assuming
a continuous pressure distribution P x;/; h; r0ð Þ on an open sphere,

and its corresponding spatial Fourier coefficients, P
�
nm x; r0ð Þ, the

PWD would return the plane wave components D for a
specific spatial decomposition direction and angular frequency
x;/d; hdð Þ:
12
D x;/d; hd;ð Þ ¼
X1
n¼0

Xn
m¼�n

1
injn

x
c r0
� � P� nm x; r0ð ÞYm

n /d; hdð Þ: ðA1Þ

The angular functions Ym
n /; hð Þ are referred to as spherical

harmonics:

Ym
n /; hð Þ ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
2nþ 1
4p

n�mð Þ!
nþmð Þ!

s
Pm
n cos hð Þeim/; ðA2Þ

where Pm
n cos hð Þ are Legendre functions of the first kind of order n

and mode m. The radial part in Eq. (A1) depending on x and r0 is
written in terms of jn, which is the nth-order spherical Bessel func-
tion of the first kind.

In practice, the pressure distribution on the sphere is sampled
at a limited amount of discrete spatial sampling nodes. As a conse-
quence, discrete sampling schemes resolve spherical harmonics up
to a maximum order N. While ideal PWD for N ! 1 corresponds to
a spatial Dirac pulse, order truncation results in a widened main
lobe and additional side-lobes, decreasing substantially spatial res-
olution. In fact, practical signal processing applications limit the
maximum order N, so that N < x

c r0 to reduce aliasing contributions
arising from discrete spatial sampling. For M discrete microphone
positions defined by a quadrature grid on the sphere, the spatial
Fourier coefficients in the spherical wave domain are given by
the summation:

P
�
nm x; r0ð Þ ¼

XM
j¼1

bjP x;/j; hj; r0
� �

Ym
n hj;/j

� ��
; ðA3Þ

where bj are weighting factors that account for the selected spatial
grid.

A.1. Radial filters

Radial filters compensate for the radial portion of the Helmholtz
equation, scaling the amplification gain of spherical harmonic
modes. Radial filters depend on the sphere configuration, which
describes whether sensor nodes on the sphere are in free field or
mounted on a rigid body. For an open measurement sphere with
pressure transducers, as the radial part in Eq. (A1), the radial filters
are directly given by

dn
x
c
r0

� �
¼ 4pinjn

x
c
r0

� �h i�1
: ðA4Þ

For pressure transducers mounted on a rigid sphere, radial fil-
ters take the following form:

dn
x
c
r0

� �
¼ 4pin jn

x
c
r0

� �
� j0n

x
c r0
� �

h0ð2Þ
n

x
c r0
� �h 2ð Þ

n
x
c
r0

� � !" #�1

; ðA5Þ

where h 2ð Þ
n denotes the spherical Hankel function of the second kind.

In a practical scenario, radial filters are not assumed to cover
the entire frequency range. The modal amplification demanded
by such filters is too high at low x

c r0
� �

, leading to unstable array
responses at lower frequencies due to noise amplification. Thus,
the amplification of higher modes is limited in practice to a reason-
able value, although the limiting operation results in a loss of spa-
tial resolution at lower frequencies. Taking into account both the
limited order imposed by discrete spatial sampling and the effect
of radial filters, the response signal for a frequency/direction
x;/d; hdð Þ is obtained by

D x;/d; hdð Þ ¼ 4p
XN
n¼0

Xn
m¼�n

dn
x
c
r0

� �
P
�
nm x; r0ð ÞYm

n /d; hdð Þ: ðA6Þ

Despite the use of non-critical radial filters have an impact on
the effective operational bandwidth of spherical arrays and the
ideal constant directivity PWD response is distorted for very low
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frequencies, such limitation is not really relevant for the applica-
tion at hand.
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