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The authors present a perceptual evaluation of the binaural rendering quality of signals
from several types of baffled microphone arrays. They employ the multi-stimulus category
rating (MuSCR) paradigm that does not require a reference stimulus. The tested conditions
also comprise a very high numerical accuracy stimulus, given the highest quality rating in
approximately half of the multi-stimulus trials. A comparison with the literature on spherical
microphone arrays (SMAs) shows that MuSCR allows for drawing representative conclusions
regarding the dependency of the perceived quality on the array and rendering parameters as in
previous experiments with an explicit high-fidelity reference. The authors applied the MuSCR
paradigm to evaluate the perceived reproduction quality of equatorial microphone arrays
(EMAs) with microphones only along the equator of the spherical baffle and of equatorial
arrays with a nonspherical baffle (XMAs). The results endorse the observations from SMAs
that an increasing spherical harmonic order leads to improved perceived quality. The authors
also confirm that EMAs lead to the same perceived quality as SMAs despite the substantial
difference in the number of microphones. Magnitude equalization of artifacts from spatial
undersampling can be very effective for XMAs the raw solution deviates significantly from

the other array types at high frequencies.

0 INTRODUCTION

The accurate capture and reproduction of existing acous-
tic events and environments are of relevance to many im-
mersive experiences and virtual reality applications. A spa-
tial reproduction of the audio content allows interactions
with the presented auditory scene with increasing degrees
of freedom (DOF; e.g., changes in listener orientation or
position through sound field rotation or translation, respec-
tively). Spherical harmonics (SHs) [1] are an efficient and
flexible mathematical framework for the storage and subse-
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quent auralization of the captured audio content. Although a
broad range of reproduction setups are possible, the authors
target the application of binaural rendering to provide a
first-person experience for a listener with headphones. The
rendering utilizes head-related transfer functions (HRTFs)
as an acoustic representation of the physiological shape of
the listener’s ears, head, and torso.

Spherical microphone arrays (SMAs) employ micro-
phones distributed over a spherical surface of an open or
rigid baffle and are an established tool for the capture and
subsequent analysis or auralization of spatial sound fields
(e.g., [2]). A convenient property of SMAs is that their cap-
ture properties are independent of the direction of sound
incidence. Equatorial microphone arrays (EMAs) also em-
ploy a spherical baffle, whereby they achieve the same SH
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order N with a significantly lower number of 2N + 1 mi-
crophones [3] compared to at least (N + 1) for SMAs. This
comes at the price of partially incorrect elevation cues in
the binaural signals for sounds impinging from outside the
equatorial plane while interaural time delays are preserved
[4]. Possible perceptual implications of this have not been
documented formally, which is one of the purposes of the
present article. It was demonstrated for room environments
that EMAs provide similar spectral accuracy as SMAs of
the same SH order so long as the sound source is close to
the equatorial plane [5].

The requirement of a spherical baffle was removed in [4]
for both SMAs and EMASs, which led to the new category of
nonspherical microphone arrays (XMAs). XMAs require a
calibration measurement under anechoic conditions, as the
acoustic influence of the baffle cannot be modeled analyt-
ically. The authors only consider equatorial XMAs in the
present work because of their practical relevance.

Practical implementations of either SMAs, EMAs, or
XMAs require using a finite number of microphones, which
leads to spatial undersampling of the captured sound field.
This produces a loss of information in the form of SH or-
der truncation [6] and ambiguities in spatial information in
the form of spatial aliasing [7]. The spatial undersampling
manifests as deviations in the magnitude and time compo-
sition of the binaural output signals, which occur primarily
at frequencies above the spatial aliasing frequency, which
in turn depends on the size of the array and the number of
microphones employed [8]. Perceptually, the loss of spatial
information can lead to reduced externalization and local-
izability of virtual sound sources as well as impairments
in the perceived location or timbre during head movements
(see, e.g., [7, 9)).

SMAs have been evaluated extensively in the literature
[7, 10-12]. Usually, a variant of the multi-stimulus test with
hidden reference and anchor (MUSHRA) [13] paradigm
was used in which the subjects compared a given condition
to a reference with high accuracy. This reference are typi-
cally binaural signals from a mannequin measurement or an
emulation of a very high—accuracy SMA achieved through
sequential measures. The most important conclusion is that
differences toward the reference become minor for higher
SH orders and frontal sound incidence. With state-of-the-
art equalization of the binaural signals, diminishing returns
are observed from approximately SH order 7, above which
some difference remains detectable and does not dimin-
ish further [12, 10, 11]. EMAs and XMAs have not been
evaluated formally.

The disadvantages of the MUSHRA paradigm are 1)
the circumstance that it requires a high-accuracy reference,
which is not available in many relevant situations, and 2)
the fact that it measures a deviation from the reference
without providing information about what the deviation
entails. It is important to note that a perceptual difference
from a reference in a MUSHRA-like experiment does not
necessarily mean a quality reduction [14].

To overcome the disadvantages, the authors use a vari-
ant of multi-stimulus category rating (MuSCR) [15] in
which the subjects rate the overall quality on a continu-
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ous scale without a reference stimulus. MuSCR can help
identify the most favorable condition, but the ability to
conclude what property makes a stimulus receive a higher
rating is minimal. Each trial in this experiment comprises a
high-accuracy stimulus, which enables the authors to com-
pare the results from their experiment to those from the
MUSHRA-like experiments in the literature. The authors
first demonstrate the effectiveness of the MuSCR paradigm
in the present context with SMAs and then evaluate EMAs
and XMAs with the same method.

The structure of this article is as follows. The methods for
the binaural rendering of the different microphone arrays
are summarized in SEC. 1, followed by a description of the
employed acoustic data sets in SEC. 2. Subsequently, the
setup of the implemented evaluation procedure is specified
in SEC. 3, and the perceptual results are summarized and
discussed in SEC. 4. The article is concluded in SEC. 5.

1 PROCESSING METHOD

For SMAs, the captured sound pressure field, including
scattering on the surface of the baffle, is decomposed in
the SH domain [1]. The resulting coefficients are a com-
plete representation of the incident sound field. In practice,
this transformation is order-limited, leading to the impair-
ments from spatial undersampling due to the finite number
of microphones employed. In the case of SMAs, the SH
coefficients allow for removing the influence of the rigid
baffle with analytic solutions by so-called radial filtering
[2].

The solution for EMAs performs a circular harmonic de-
composition of the captured sound field from which an SH
representation is computed [3]. This yields a horizontally
propagating sound field (i.e., a projection of the imping-
ing sound field on the array’s equatorial plane). Like with
SMA:s, the effect of the baffle is removed utilizing radial
filters that are computed analytically. EMAs and SMAs
of identical size and SH order exhibit similar properties
regarding magnitude deviations due to spatial undersam-
pling and during 3-DOF head rotations [5]. In either case,
equalizing the binaural signals is useful [12]. The authors’
equalized SMA and EMA conditions employ end-to-end
magnitude least squares (eMagLS) rendering as described
in [16] and [5].

XMAs perform SH decomposition and removal of the
baffle’s effect based on linear filters obtained from a least-
squares fit on anechoic calibration data in the frequency
domain [4]. Approximately spherical body shapes, such
as a human head, have been shown to work well. Even
convex body shapes with corners are possible [17]. The
binaural signals from XMAs exhibit significant deviations
from the ground truth above the spatial aliasing frequency.
This is equalized via a MagL.S-based filter applied in the
SH domain.

In the rendering, the listener’s HRTFs are decomposed
in the SH domain to compute the virtual left and right ear
signals that arise as if the listener were exposed to the cap-
tured sound field. The authors implement the rendering into
binaural room impulse responses (BRIRs) by multiplying
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the sound field and HRTF coefficients directly in the SH
domain, referred to as modal rendering [18]. An alternative
method exists via spatially sampling the HRTF coefficients
to a discrete grid at the SH order of the microphone array as
virtual loudspeakers [19]. A summary of the mathematical
pitfalls for binaural rendering in the SH domain and com-
patibility to established ambisonic frameworks is presented
in [20].

Note that encoding the captured sound field as described
above is signal-independent. The alternative is parametric
encoding that separates direct sound field components from
diffuse ones (e.g., for the binaural reproduction from SMAs
[21] and arbitrary array geometries [22]). For this experi-
ment, the authors perform the analytic SH transformations
for SMAs and HRTFs by discretizing the transformation
integral and including the specific quadrature weights of
the sampling grids.

The SMA and EMA renderings without equalization em-
ploy modal radial filters with a length of 4,096 samples
and Tikhonov regularization [23] of the filter magnitude at
18 dB or equivalently 40 dB according to the convention
for EMA radial filters [3, Egs. (18) and (20)]. The eMagLS
filters are generated with identical parameters to [16] and
[5] (i.e., a target length of 512 samples and the regulariza-
tion weight of 0.01). Thereby, the transition frequency of
the eMagLS processing is adjusted to the array order by
N-500Hz resulting in 1, 2, and 4kHz for the equalized
SMAs and EMAs, respectively. The XMA calibration and
equalization filters for each SH order are generated with a
target length of 1,024 samples via a least-squares fit in the
frequency domain. For all array and equalization configu-
rations, the delays arising from different processing filter
lengths are compensated for by time alignment. Further
implementation-specific parameters and their adopted set-
tings are available in the MATLAB rendering scripts' and
the supplementary materials.”

2 DATA

An overview of all array/rendering configurations and
acoustic scenarios in this experiment is given in Table 1. The
abbreviations are used throughout the manuscript to encode
the employed study conditions and trials. All scripts for the
capture, post-processing, and the resulting acoustic impulse
responses are based on open-source software and available
as a self-contained dataset.> The MATLAB scripts for BRIR
rendering based on the above data set are published in a code
repository.! The resulting prerendered BRIRs are available
as part of the supplementary materials® (see SEC. 3).

An anechoic percussion stimulus (bass drum, snare, and
hi-hat) of 7.7-s length serves as the program material termed
drums. It provides a spectrally broad and temporally tran-
sient signal, which was shown to be suitable for the per-
ceptual evaluation of binaural rendering from SMas [7, 11,
9]. Depending on the acoustic scenario, percussive signals

"https://github.com/HaHeho/baffled-arrays-to-binaural.
Zhttps://doi.org/10.5281/zenodo. 10901444,
3https://doi.org/10.5281/zenodo.8206571.
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Fig. 1. Reverberation decay time in third-octave bands of the
auralized source/room environment as estimated from averaging
the 42 individual impulse responses (gray lines) of the SMA for
SH4.

yielded similar to slightly more critical results for revealing
differences between array conditions. The authors, there-
fore, limit this investigation to the drums audio source
signal in order to limit the required experimental time and
number of trials.

2.1 Room Environment

In this experiment, the subjects evaluate the static acous-
tic scenario shown in Fig. 2(a). The room constitutes a
laboratory environment at Chalmers University of Tech-
nology, Gothenburg, Sweden, with the dimensions of ap-
proximately 4.0 x 6.8 x 2.4 m (width, length, height) and
a volume of ~66 m>. The sound source is a Genelec 8030A
loudspeaker placed on a speaker stand. The receiver po-
sition is approximately in the middle of the room, and the
source is at a distance of 2.6 m along the long axis and 1.2 m
to the back wall of the room. The center points of the acous-
tic source and the receivers are placed at a height around
1.2 m, the typical ear height of a sitting adult listener. The
source elevation is therefore labeled ear in Table 1.

The room [see Fig. 2(a)] exhibits an acoustically dry
environment due to a multilayer construction with an air
gap behind absorptive panels at the walls and a thick layer
of porous absorber material at the ceiling. The concrete
floor is intentionally left without absorption in order to
present a challenging scenario for EMAs and XMAs with
nonhorizontal sound incidence from a floor reflection that
may be present in many practical recording scenarios. The
room exhibits an average reverberation decay time of 0.13 s
with individual third-octave band values shown in Fig. 1.

2.2 Array Data

High-resolution SMA measurements are captured with a
DPA 4060 microphone flush-mounted on the spherical sur-
face of a rigid wooden baffle of 8.5-cm radius, as shown
in Fig. 2(b). Thereby, 2,702 points on a Lebedev grid are
captured sequentially by rotating the baffle on a VariSp-
hear turntable similar to the one used in [24]. In order to
minimize measurement time, the authors generate arbitrary
lower-resolution microphone grids from this data by spa-
tially resampling the 44th-order data in the SH domain. The
method yields accurate results (i.e., the post hoc resampled
data was confirmed to be equivalent to a sequential SMA
room measurement at a grid suitable for decomposition at
SH order 8). For the experiment configurations in Table
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Fig. 2. Capture of the sound source and room environment with different microphone arrays auralized in this experiment. (a) Utilized
sound source at ear height (dashed circle) and head-mounted XMA, which is spatially subsampled to lower-order XMAs. (b) VariSphear
turntable to capture a high-accuracy SMA, which is spatially resampled to lower-order SMA and EMA grids.

1, SMA data are generated on a t-design grid* for SH1 (6
points), SH2 (14 points), SH4 (42 points), and SH8 (146
points). EMA data is generated by spatial resampling to an
equiangular grid for SH2 (5 points), SH4 (9 points), and
SH8 (17 points). The number in the configuration name rep-
resents the SH order that the respective microphone array
provides.

XMA measurements are captured with 18 microphones
of the type Rode Lavalier GO mounted in an elastic band
on a wooden head-shaped baffle shown in Fig. 2(a). The
resulting microphone arrangement is an ellipse with 7.5-
cm and 10.5-cm semiaxis length. The authors use the room
measurement with the nose of the baffle facing the acoustic
source. Subsets of every third and every second microphone
are taken from each measurement to yield lower-resolution
XMA data for the respective orders SH2 (6 points), SH4 (9
points), and SH8 (18 points).

Anechoic measurements of the XMA setup are required
to generate the array calibration and equalization filters
(see SEC. 1). Array transfer functions for 360° incidence
directions in the equatorial plane are captured in 1°-steps.
These measurements demand careful postprocessing of the
impulse responses because of scattering off the measure-
ment apparatus. Therefore, the authors applied frequency-
dependent truncation based on [25]° with long time win-
dows to maintain frequency resolution at low frequencies
and short time windows to remove spurious scattering con-
tributions at medium to high frequencies.

“https://web.maths.unsw.edu.au/~rsw/Sphere/Eff SphDes/sf.html.

Shttps://github.com/floriandenk/FDT.
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The time and frequency response of the arrays’ micro-
phones was fully compensated by deconvolution with their
on-axis free-field response. Despite using different mi-
crophones, this yields equivalent spectral responses from
SMA/EMA and XMA renderings. The authors refer the reader
to the documentation of the measurement dataset® for a
detailed description.

2.3 HRTF Data

The authors employ the HRTFs of a G.R.A.S KEMAR
acoustic mannequin for the binaural rendering of all ar-
ray configurations. The HRTFs were modified from [26],
which were measured on the authors’ unit of KEMAR in
three ways. Firstly, the original data set with 64,800 mea-
surement points was spatially resampled in the SH domain
to 2,702 points on a Lebedev grid supporting SH order
44. This was done to lower computation resources for all
binaural renderings without a loss in spatial resolution. Sec-
ondly, the HRTFs were delayed so that the signals started
with the lowest energy sample out of all incidence direc-
tions and both ears, which amounted to a circular shift
of 92 samples. Lastly, the authors applied cosine-squared
windows with a one-sided length of 16 samples to fade the
start and end of the HRTFs to further limit artifacts from
time-discontinuities.

2.4 BRIR Rendering

The binaural rendering from the array room impulse re-
sponses (see SEC. 2.2) is performed in the MATLAB pro-
gramming language and software environment according
to the methods described in SEC. 1. Thereby, rendering
configurations either do or do not employ the described

J. Audio Eng. Soc., Vol. 72, No. 10, 2024 Oct.
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Table 1. Each subject of the listening experiment is presented 48 stimuli, consisting of six trials with randomized acoustic scenarios

QUALITY OF BINAURAL RENDERING WITHOUT REFERENCE

(left) and eight conditions with randomized array rendering configurations (right).

Trials (6) Conditions (8)

Source Source Source Array Array Equal-

Signal Elevation Direction Room Type Order ization
SMA SH44 EQoff High anchor (1)
SMA SH8

drums X ear X { izzzzzi } x Lab x {EMA SH4 x { EEQQOOfnf } Combinations (6)
XMA SH2
SMA SH1 EQoff Low anchor (1)

equalization method (EQ on, EQoff) for the respective
array type. Each set of BRIRs is precomputed for 1-DOF
reproduction with 360° head orientations in 1° steps in the
horizontal plane. This is done for each combination of array
type and rendering condition according to Table 1, exclud-
ing the two attributes source signal (drums) and relative
source incidence direction (frontal, lateral), which
are implemented during runtime of the user study (see SEC.
3.1).

After rendering, the impulse response set is truncated at
the last sample to reach 80 dB under the global BRIR peak
and faded out by a one-sided cosine-squared window of 64
samples. This is done to save storage and computational
resources during the real-time auralization in the user study
(see SEC. 3.1). The authors found the truncation impercep-
tible when convolving the BRIRs with a source signal. The
truncation results in BRIR lengths between 0.19 and 0.25 s
for the acoustic environment employed in this investigation
(see SEC. 2.1).

3 PERCEPTUAL EVALUATION

The authors implement a perceptual user study with a
complete factorial-within-subjects design (i.e., all subjects
were presented with stimuli in all conditions). Static binau-
ral listening examples of all presented study conditions are
available with annotations.® The auralized BRIRs (see SEC.
2) and the tools to recreate the listening test infrastructure
(code and configuration files; see SEC. 3.1) are available
as supplementary materials.? This dataset also contains the
resources of the statistical analysis (see SEC. 3.4).

3.1 Setup

The subjects’ task is to rate the quality of the conditions
on a quasi-continuous scale, which allows for ratings be-
tween the labels “very high,” “high,” “medium,” “low,” and
“very low,” as shown in Fig. 3. The study instructions en-
couraged the subjects to use the full range of the scale. The
graphical user interface is based on open-source software’
designed initially to conduct MUSHRA experiments, which

Shttp://www.ta.chalmers.se/research/audio-technology-group/
audio-examples/jaes-2024a/.
"https://git.iem.at/rudrich/mushra.
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switch between the conditions.

very high

high

medium

low

very low

Fig. 3. The study interface allows for rating the relative perceived
quality of eight conditions in a MuSCR paradigm without an
explicit reference.

the authors modified for the MuSCR paradigm by removing
the explicit reference stimulus. The given listeners’ ratings
are converted to an integer scale from 100 to 0 and are ex-
ported accompanied by metadata that describes the trial and
condition configurations and the presentation order. Upon
user interaction, the application sends network messages
via the Open Sound Control protocol to signal respective
events and progression of the study procedure (e.g., to the
audio playback and processing applications).

The pre-computed BRIR sets (see SEC. 2.4) are loaded by
the SoundScape Renderer (SSR) [27]. This application per-
forms real-time auralization by convolving an input signal
with a pair of BRIRs selected based on the instantaneous
head orientation of the listener. The auralization tool al-
lows for tracking the listener’s head orientation around the
vertical axis (i.e., only 1-DOF yaw rotations are consid-
ered in this experiment). This is a common limitation in
the SMA literature, and it has been shown to be sufficient
for providing an indistinguishable reproduction compared
to a binaural mannequin reference when presenting sources
close to the horizontal plane [28]. The head-tracking data
are read with low latency from a Polhemus Fastrak receiver
attached to the listener’s headphones. For all arrays, the two
nominal sound incidence directions, frontal and lat -
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eral (see Table 1), were realized using an offset on the
head tracking data. The SSR receives network messages
from the user interface regarding what stimulus condition
to play. The source signal plays continuously, and the tran-
sition between stimuli occurs through a cross-fade.

The authors manually equalize the loudness of all stim-
uli because they are not interested in loudness differences
between rendering configurations. The authors are unaware
of an implementation to automate the loudness equalization
of multidirectional BRIRs. Thus, the replay level of each
stimulus is adjusted manually in 1-dB steps by comparative
listening of the head-tracked reproduction in the SSR.

A separate Pure Data (Pd)? instance is used to transform
Open Sound Control messages from the study interface
into network messages for the SSR, which uses a different
format, and to relay signals to other Pd patches via built-
in objects. Furthermore, Pd provides the playback of the
source signal to be auralized with the SSR. This experiment
uses an anechoic drum signal for all presented conditions.
The source signal is looped if not intentionally paused by
the subject (see Fig. 3). The JACK Audio Connection Kit
(JACK)’ is utilized to route all audio signals between Pd and
SSR instances and as an interface to the output hardware for
headphone playback. All real-time processing is performed
at a JACK block size of 256 samples, which is short enough
to prevent audible latency of the head tracking.

Sennheiser HD650 headphones driven by a Focusrite
Scarlett 2i2 were used by all subjects. Accurate headphone
compensation is essential for spectrally balanced reproduc-
tion of binaural signals [29]. Therefore, the authors aver-
aged ten measurements of the transfer functions between
the headphones and their mannequin head. The equaliza-
tion filters are generated by an inversion method including
phase-linearization based on [30] with a length of 2,048
samples. The filters are inserted into the processing pipeline
after the output of the SSR by convolution in Pd.

3.2 Procedure

The experiment was conducted in a quiet, undisturbed
office environment at Chalmers University of Technology,
Gothenburg, Sweden. All subjects were provided with writ-
ten and verbal instructions before the experiment. Thereby,
descriptions for the perceptual attributes “timbre,” “tempo-
ral behavior,” “spatial impression,” and “general quality”
were provided to reduce the uncertainty due to the interpre-
tation of the terms. The instructions also highlighted that
head-tracking was applied to encourage the subjects to use
this feature.

The experiment started with a familiarization phase in
which the subjects were asked to take as much time as
needed to become familiar with the study interface, acous-
tic scenario, range in quality between the different rendering
configurations, and perceptual evaluation task itself. Eight
conditions were presented, manually picked to include rep-
resentative examples from the entire range of qualities ac-
companied by the two anchor configurations according to

8https://puredata.info/.
“https://jackaudio.org/.
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Table 1. This was performed for two trials for the frontal
and lateral relative source directions.

After completion of the familiarization, the headphone
playback volume was fixed to a comfortable listening level.
Every subject was presented with eight conditions in six tri-
als according to Table 1 presented in random order. Each
condition could be listened to and repeated without a time
limit. During a trial, the order of the conditions could be
sorted by the subject by their current rating to allow for
easier comparisons between stimuli of similar quality (see
the button Sort in Fig. 3). After the experiment, the sub-
jects were asked to briefly describe their response strategy
and answer a questionnaire on their experience with spatial
audio.

3.3 Subjects

The authors collected data from 20 subjects (6 female,
14 male) aged between 23 years and 59 years (median 31
years). Participants completed the main part of the experi-
ment in a duration between 9 and 37 min (median 20 min).
Four subjects each reported “none,” “<1 year,” “1 to 3
years,” “3 to 5 years,” and “>5 years” of experience with
listening to binaural audio. Although recommended differ-
ently in the description of the MuSCR method [15], the
authors chose to keep inexperienced listeners in the final
data analysis to investigate differences in response behavior
optionally. 14 subjects reported having participated at least
more than twice in perceptual listening experiments. All
subjects reported no known hearing impairment except one;
the oldest participant described having mild age-induced
hearing loss. The responses of this subject are qualitatively
similar to those of others, which is why they were kept in
the analysis.

3.4 Statistical Analysis

The authors conducted their analyses and constructed
their models under a Bayesian framework using the Cmd -
StanR package'® (version 0.7.1) as an interface to the
Stan programming language (version 2.34.1) [31] in the
R statistical computing software (version 4.3.3) [32]. The
raw response data, the R scripts to reproduce the statisti-
cal analysis and plotting, and additional analysis resources
(plots and tables) are available as part of the supplementary
materials.

Bayesian regression models provide distributions of pa-
rameter estimates for each predictor on each outcome,
which affords direct quantification of uncertainty in the
estimates through credible intervals, which represents a
range (percentage of the posterior distribution) containing
the most probable/compatible parameter estimates condi-
tioned on the data, priors, and likelihood. Because Bayesian
regression treats data as fixed and parameters as random,
Bayesian analyses do not require the calculation of p val-
ues or their associated confidence intervals. Bayesian re-
gression produces a posterior probability distribution of
parameter estimates, which the authors use to draw infer-

1Ohttps://mc-stan.org/cmdstant/.
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Fig. 4. Anterior observed subject ratings of perceived quality for
each array order by array type (horizontal), sound incidence di-
rection (vertical), and equalization (dark purple/light green areas).
Points present individual subject ratings, and violin plots with lines
representing the median rating provide an alternative illustration
of the data distribution.

ences, including direct uncertainty quantification in their
estimates [33].

First, the data were converted from quality ratings to a
condition rank order (from 1 to 8, with 8 being the condition
with the highest rating) within each presented trial. The
authors will motivate this choice in SEC. 4.1. Conditions
receiving the same rating in a given trial were randomly
assigned either the lower or higher rank. Contrary to other
draw resolution strategies, this has the advantage of yielding
uniform distribution of ranks over all data points.

The resulting ranks were then modeled as ordered dis-
crete responses using a hierarchical generalized linear re-
gression (cumulative) model. The authors specified seven
thresholds corresponding to the eight available ranks and al-
lowed the threshold positions on the latent scale to vary. The
model includes subject rating, array type (SMA, EMA, XMA),
array order (SH1, SH2, SH4, SH8, SH44), equalization
(EQon, EQoff), source incidence direction (frontal,
lateral), and interaction terms as population-level ef-
fects and effects for subjects, trial, and slope of individual
ratings as group-level (varying) effects. To account for pos-
sible variance differences between experience levels, the
authors estimated variance as a function of reported expe-
rience, time spent on the task, and the interaction term, as
laid out by Egs. (1)—-(10) in APPENDIX A.1.

The authors used Pareto smoothed importance sampling
leave-one-out cross-validation [34] to estimate the expected
log predictive density and to evaluate the fit of their model
to the data. All estimated generalized Pareto distribution
shape parameters k were below 0.7, suggesting no overly
influential observations (outliers) in the data. The model
provides a good fit to the data as visualized by contrasting
observed and predicted response ranks in the results section
in Fig. 6.

The analysis produced an estimate of the posterior dis-
tribution of joint parameter estimates [35]. This estimate
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Fig. 5. Posterior predicted distribution of ranks for each array
order by array type (horizontal), sound incidence direction (ver-
tical and solid/dashed lines), and equalization (dark purple/light
green). Points represent median rank, and error bars depict the
89% highest density credible interval.

included the probability of each rank for each combina-
tion of subject, array order, equalization, array type, source
direction, and trial for each Markov-chain Monte Carlo
iteration. To derive a single estimate of ranks for each sub-
ject, array order, equalization, array type, source direction,
and trial, the authors calculated a weighted sum of ranking
(sum-score) W¥; = ZI§=1 p(i)i, where p is the expected
probability of rank k at each iteration i. The resulting sum
scores can be interpreted as mean ranks.

4 RESULTS AND DISCUSSION

4.1 Observations From the MuSCR paradigm

Fig. 4 summarizes the perceptual ratings from the 20 sub-
jects described in SEC. 3.3. The discussion starts with gen-
eral observations regarding the potential influences of the
employed study design. In [14], the MuSCR paradigm was
directly compared to, among others, a MUSHRA design for
evaluating the overall audio quality of binaural rendering
in a virtual reality experiment. The results showed simi-
lar trends regarding median quality but notable differences
regarding the observed ratings.

Firstly, utilization of the scale range was more narrow in
MuSCR compared to MUSHRA, which was attributed to
the subject’s interpretation of the quality labels or potential
response scaling biases in the absence of an explicit refer-
ence [14]. Aninvestigation of the individual responses from
this experiment reveals that half of the subjects made use of
the full range of the perceptual scale (expressed as integers
from 100 to 0). The smallest range from one subject pooled
over all six trials is 68. Ratings from the eight conditions
per trial vary regarding their submitted minimum (O to 86,
mean 16.0, SD 19.1) and maximum (51 to 100, mean 89.9,
SD 11.4), resulting in a broad use of the scale range (12—
100, mean 73.9, SD 25.1) in most trials. This data instead
exhibit a range equalizing bias (i.e., the utilization of the
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entire scale regardless of the actual range of the stimuli
[36], instead of the limited range observed in [14]).

Secondly, a larger variability of responses across differ-
ent acoustic scenes was observed in MuSCR compared to
MUSHRA, resulting in fewer significant differences be-
tween conditions or decreased discernability/sensitivity of
the paradigm [14]. In the results from this experiment, five
subjects showed a clear tendency to space their ratings in
fixed equal intervals. The nine observed levels coincide with
the five qualities and the respective semi-steps between the
labels shown in the graphical study interface (see Fig. 3).
This is termed stimulus spacing bias (i.e., differences be-
tween ratings are compressed or expanded regardless of the
stimuli distribution in the perceptual domain [36]). This is
one of the potential scaling biases that may be more preva-
lent in MuSCR when no explicit reference is available [14].
A few significant differences between reproduction condi-
tions due to the increased variance in the response data will
also be observed (e.g., see SEC. 4.4).

Lastly, although the data suggest representing an absolute
quality scale, the meaning behind scale labels is difficult to
quantify due to the scaling biases in the subject’s responses
mentioned before [14]. This and the resulting large data
variances motivate the transformation into a condition rank
order before statistical modeling as described in SEC. 3.4.
An overview of the results from all study conditions and
trials according to Table 1 is shown in Fig. 5.

4.2 Comparison to MUSHRA Results for SMAs

SMAs were evaluated extensively in the literature, often
using a MUSHRA-like paradigm in which the quality was
rated compared to a high-fidelity reference (e.g., the ground
truth ear signals). The condition SH44 in this experiment
can be interpreted as such a ground truth signal so that the
results for SMAs can be compared with previous studies
from the literature. The unequalized (EQ of £) SMA condi-
tions serve as systems of well-understood quality to allow
for contextualization of the results according to the MuSCR
recommendation [15].

It is expected that variances in the response data from
the MuSCR paradigm are larger compared with MUSHRA
due to various potential scaling biases discussed in SEC.
4.1. Previous experiments in the literature often employed
frequentist analysis (e.g., ANOVA) and effect reporting
methods. The authors will compare the relative magni-
tude and differences between their median sum-scores and
means/medians provided in the literature. The comparison
of result variances from their Bayesian credible intervals
and frequentist confidence intervals is not meaningful.

These results can be directly compared to the evaluations
performedin [11, 12, 28] since they used theoretically iden-
tical rendering methods (there may be slight differences in
implementation and parametrization) and an SMA capture
device of similar radius (8.75 cm instead of 8.5 cm in this
case). When compared with the respective mannequin refer-
ence, SMAs achieve a perceptually high reproduction qual-
ity (based on mean difference ratings better than “small”)
from SH order 7 [12] or 8 [11]. The data in Fig. 5 similarly
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show that the perceived quality increases monotonically
with SH order (see SEC. 4.4). Very high—-resolution SMAs of
SH orders 13-20 for frontal and 15-22 for lateral
sources were required in order to achieve a reproduction
indistinguishable from a mannequin reference [28, Fig. 6].
These results confirm that a rendering at SH8 remains dis-
tinguishable from and rated at slightly lower quality than
the high-accuracy condition (see SEC. 4.3). Similarly, qual-
itative differences are observed to be more apparent for
lateral sound incidence (see SEC. 4.6).

The eMagLS equalization method (EQ on) can be com-
pared only indirectly because it has not yet been employed
in a perceptual study. eMagLS is an improvement of the
MagLS equalization method as presented and evaluated
in [10]. From anechoic SMA data, MagLS yielded signifi-
cantly improved reproduction compared with the unequal-
ized rendering [10, Fig. 10], whereas the observed quality
from eMagLS in Fig. 5 similarly increases with SH or-
der although with a smaller magnitude over EQ of £ (see
SEC. 4.5). The remaining differences from MagLS toward
a mannequin reference were smaller for frontal than
lateral sound incidence, which is also observed in the
data with eMagLS (see SEC. 4.6). Overall, the authors find
similar improvements from the equalization methods, al-
though they remain at a level of “small” differences toward
the high-accuracy conditions (see MagLS at SH order 7 in
[12, Fig. 9] and eMagL.S at SHS in Fig. 5).

4.3 Selection of the Highest-Quality Condition

The main benefit of the MuSCR paradigm is omitting
an explicit reference and, therefore, not preconditioning the
subjects on what should be considered the highest rendering
quality. Fig. 4 shows that almost all conditions may be
rated with very high quality by individual subjects in single
trials, except for the unequalized XMA configurations and,
in case of lateral incidence, also some spherical array
conditions (SMA at SH2; SMA with EQon at SH4; EMA
with EQ of £ at SH2 and SH4). However, the distribution
over the entire quality scale differs between conditions, as
visualized by median ratings and violin plots.

The predicted ranks in Fig. 5 show similar trends in
medians and credible intervals. In the case of frontal
incidence (top), the rank distribution suggests that for all
array types, multiple configurations compete for the high-
est quality condition. Considerable overlaps of the credible
intervals suggest that differences between the favored con-
ditions are statistically insignificant, as confirmed in SEC.
4.4. For lateral source directions (bottom), SH44 is
more often the highest rated configuration, as further dis-
cussed in SEC. 4.6.

Fig. 6 shows an alternative analysis of the rank distribu-
tion per configuration. The colored bars present the directly
observed percentage of chosen presentations per rank, and
the error bars represent the predicted data with median and
uncertainty leading to the beforehand investigated posterior
rank distributions in Fig. 5. The number of presentations in
each subplot per array type, array order, and equalization
add up to 100%. The data are combined for all subjects
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Fig. 6. Anterior observed (shaded/colored bars) and posterior
predicted (error bars) percentages of presentations per rank by
array order and equalization (horizontal) and array type (vertical).
Bars represent the observed percentage, points represent the me-
dian predicted percentage, and error bars depict the 89% highest
density credible interval.

as well as frontal and lateral source directions, be-
cause this is more representative of assessing the overall
quality of a configuration when exposed to dynamic acous-
tic scenarios.

For all array types, SH44 is the condition most often
resulting in the highest rank (8) by being given the highest
(or tied) rating within a trial. According to Fig. 6, this
occurs in around 40% of all observed cases with SMAs
(top) and EMAs (middle) and in 55% of the XMA (bottom)
trials. Anyone but the highest rank (1 to 7) was given to
this condition in as much as ~20% of trials. SH4 4 received
the cumulative sum of the lower-half ranks (1-4) in around
25% of sMA, 20% of EMA, and 5% of XMA trials.

The second-highest rank (7), and therefore best among
the practical array configurations excluding the high-
accuracy stimulus, was given most often to SH8 with EQ on
in 55% of XMA trials and was less distinct from other condi-
tions in around 25% of SMA and EMA trials. To compare, this
condition was given the highest rank (8) in around 15% of
all trials. The follow-up configurations regarding perceived
quality are SH8 with EQ of £ for SMA, SH2 and SH4 with
EQon for EMA, and with larger perceptual distance SH4
with EQ on for XMA.

4.4 Influence of the Array Order

As discussed for SMA conditions in SEC. 4.2, the authors
observe a positive trend in perceived reproduction quality
with increasing array order, which aligns with the existing
SMA literature. For EMA and XMA, similar monotonically
increasing ranks are seen when comparing medians and
credible intervals for SH1 < SH2 < SH4 < SH8 < SH44 in
Fig. 5. Two exceptions arise where changes with increasing
array order are nonmonotonic: firstly, for frontal incidence
from an SMA with equalization (SH2 vs. SH4) and an EMA
without equalization (SH4 vs. SH8), and secondly, for lat-
eral incidence from an SMA without equalization (SH1 vs.
SH2). The authors validated the data rendering and rating
acquisition multiple times and could not ultimately clarify
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Fig. 7. Posterior distribution of rank differences between all com-
binations of array orders and equalizations by array type (hori-
zontal) and sound incidence direction (vertical and solid/dashed
lines). Points represent median rank, and error bars depict the 89%
highest density credible interval. Only combinations with statisti-
cally significant differences are shown and indicated by asterisks.

the cause for this observed tendency. Remember that SH1
and SH44 always employ SMAs as identical anchor condi-
tions between trials. Hence, the decrease in quality from the
SMA at SH1 to the XMA configurations without equalization
is adequate, as discussed in SEC. 5.

The authors also tested for the significance of differences
between all combinations of array order and equalization
more closely. The significant pairs per array type and source
direction are shown in Fig. 7.

For the XMA, around half of all comparisons (31 of 56)
are significant from both directions of sound incidence in
most cases. When omitting pairs that involve the SH1 and
SH44 anchor conditions, most of the remaining compar-
isons (19 of 30) show significant differences. As supported
by Fig. 5, substantial improvements in quality are seen with
higher-order XMAs when not employing equalization. With
equalization, an increase in XMAs order yields clear quality
improvements from either frontal or lateral direc-
tions of sound incidence.

For SMA and EMA, only a few comparisons (5 of 56,
respectively) are significant with respect to array order
and equalization. Differences primarily arise for lateral
sound incidence (i.e., significantly lower quality than SH44;
see SEC. 4.3 for the comparison against the high-accuracy
condition). With and without equalization, the improve-
ments in perceived reproduction quality are only incremen-
tal. This may be attributed to the fact that spectral impair-
ments of the binaural output signals through spatial aliasing
and SH order truncation are minor even for low-order SMA
and EMA configurations in this experiment (see SEC. 4.5 for
the discussion of the array radius).

4.5 Influence of the Equalization Method

Fig. 8 summarizes differences in rank due to the employ-
ment of equalization. For the XMA, improvements from
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sity credible interval. Asterisks indicate statistically significant
differences.

EQ on are directly apparent in Fig. 5 (right) and significant
at all investigated array orders. The perceived reproduc-
tion quality from the unequalized XMAs is clearly below
the provided anchor condition with an SMA at SH1. This
can be attributed to the strong attenuation of high frequen-
cies, which is compensated by the employed equalization
method (see [4, Fig. 5]). The low variance in the perceptual
ratings suggests that the high-pass behavior of the EQ of £
conditions consistently affects the perceived quality. There-
fore, suitable equalization is confirmed to be crucial for
the reproduction of XMA captures with perceptual fidelity
comparable to the other array types.

For SMAs and EMAs, the contribution of eMagLS equal-
ization is generally positive but statistically insignificant
for the presented array configurations. An instrumental in-
vestigation of the BRIRs shows that the potential for im-
provement of the diffuse-field response of the unequalized
rendering is small (see [5, Fig. 3] for similar SMA and EMA
configurations with 8.75-cm radius). With the present array
radii of 8.5cm, opposing influences on the overall mag-
nitude response at high frequencies (i.e., attenuation from
SH order truncation of the HRTFs [6] and amplification
from spatial aliasing in the decomposed sound field [7])
are in balance. Especially arrays with pronounced spectral
errors above the spatial aliasing frequency can benefit sub-
stantially from equalization, as apparent for XMAs in this
experiment. This applies to most commercially available
SMAs (and equivalent hypothetical EMAs) of smaller size
(e.g., the Eigenmike em32 with 4.2-cm radius showing a
significant improvement of the overall spectral balance at
high frequencies in [16]).

For SMas and lateral source incidence, all compar-
isons show that EQ on (median 2.8, 3.6, 5.2) was rated
slightly below EQ of £ (median 2.9, 4.9, 5.9) at SH2, SH4
and SH8, respectively. The degradation in perceived re-
production quality is statistically insignificant and of small
magnitude, as seen in the raw response data in Fig. 4. No-
tably, the effect is not observed for the EMA. Instrumental
investigation of the BRIRs shows that, although of small
magnitude, eMagLS improves the spectral accuracy at both
frontal and lateral directions over the EQ of £ con-
dition. Therefore, changes in the perceived spatial compo-
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sition and source externalization may have influenced the
rendering quality of SMAs and 1ateral source directions.

4.6 Influence of the Source Incidence Direction

The authors investigated the influence of the nominal
direction of direct sound incidence (frontal or lat-
eral) on the perceived reproduction quality. Recall that
this is implemented by offsetting the listener’s orientation
in the room. None of the comparisons for combinations of
array type, array order, and equalization were significant.

Noteworthy is that the high-accuracy configuration is se-
lected much more consistently as the highest-quality con-
dition for lateral (median 7.1, 7.4, 7.8) compared with
frontal (median 5.6, 5.8, 6.8) directions for trials in-
volving SMAs, EMAs, and XMAs, respectively, as already
discussed in SEC. 4.3. This is observed by fewer outliers
with low ratings for SH44 in Fig. 4 resulting in narrower
credible intervals compared with frontal directions in
Fig. 5. Consequently, lower-order SMA, EMA, and XMA ren-
derings with EQ on are rated insignificantly lower for lat -
eral directions. The latter effect is similarly insignificant
but varies in direction for renderings without equalization.
SH1 as the low-accuracy anchor is not influenced by the
prevalent direction of sound incidence.

Overall, the results indicate that the reproduction quality
from order-limited microphone arrays is more impaired for
lateral source directions due to truncation effects of the
HRTF in the SH domain (see SEC. 0). Thereby, previous
studies involving comparisons against an explicit reference
have shown an apparent degradation in the perceived quality
of order-limited SMAs from lateral incidence [10, 11,
28]. Here, this effect is small and statistically insignificant
from the MuSCR paradigm. Instead, the high-accuracy con-
dition (SH44), which would serve as the hidden reference
in a MUSHRA paradigm, is more consistently assigned the
highest quality.

5 CONCLUSION

The authors evaluated the quality of the binaural repro-
duction of signals from baffled microphone arrays. All re-
sources are publicly available, including the utilized array
impulse responses,® the rendering scripts,! the resulting
BRIRs, the tools to recreate the listening experiment, and
the statistical analysis scripts.”

This experiment confirmed the observations made in pre-
vious studies that comprised an explicit reference stimulus,
which validates the MuSCR paradigm that was employed
for the first time in this context. MuSCR is more practical
than the previous MUSHRA-like paradigms because it does
not require a high-fidelity reference against which the con-
ditions under test are evaluated. Such a reference stimulus
is often not available.

This experiment comprised a stimulus with a numerical
accuracy significantly higher than what can be achieved
in practice. This condition was rated highest in quality in
most cases (40%—-55%, depending on the investigated array
type). This provides new evidence for the assumption made
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in previous studies that high accuracy is closely related to
high perceived reproduction quality, even if no reference
is available. However, depending on array type in cumu-
latively 25% to 5% of the trials, that same stimulus also
received any of the lower (half) ranks. This affirms that
rating the quality without an explicit reference is a highly
complex task. Thereby, listeners must resort to an inner ref-
erence, which may lead to response biases, the increased
influence of the acoustic scenario and program material,
and, consequently, larger variances in the subjective rat-
ings.

This experiment did not comprise a direct comparison of
array types. This information has to be deduced from com-
parison across trials, which comes with some uncertainty
but may be tolerable given that trials comprised identi-
cal low and high anchors. This data suggest that all array
types (SMA, EMA, XMA) provide a comparable reproduc-
tion quality for a given SH order if state-of-the-art equal-
ization (EQ on) of the binaural signals is applied. This is
remarkable because EMAs and XMAs require significantly
fewer microphones than SMAs and can be deployed much
easier because of their equatorial layout. Improvements in
reproduction quality from high-order arrays (in this experi-
ment up to SH8) yield diminishing returns from frontal
sources but can be significant for lateral directions of
nominal sound incidence.

Future work covers the direct comparison of array types
for different program materials containing speech and more
reverberant acoustic environments. This also includes the
evaluation of EMAs and XMAs for nonequatorial incidence of
the primary source where their properties depart more from
those of SMAs than for equatorial sound incidence. Further-
more, evaluating perceptual attributes beyond the general
quality (e.g., sound localization and perceived source dis-
tance) may be relevant to future applications.
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QUALITY OF BINAURAL RENDERING WITHOUT REFERENCE

A.1 STATISTICAL MODEL

Here is the hierarchical generalized linear regression (cumulative) model introduced in SEC. 3.4 and applied in SEC. 4.
The model employs the resulting ranks including subject rating, array order (SH1, SH2, SH4, SH8, SH44), equalization
(EQoff, EQon), array type (SMA, EMA, XMA), source incidence direction (Erontal, lateral), and interaction terms
(x) as population-level effects and effects for subject, trial, and slope of individual ratings as group-level (varying) effects.
To account for possible variance differences between experience levels, the authors estimated variance as a function of
reported experience (Exp), time spent on the task (Time), and the interaction term ().
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