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Abstract
In virtual and augmented reality (VR/AR), spatial

audio rendering often relies on limited-order spherical-
harmonic (SH) representations. While SH truncation
in head-related transfer functions (HRTFs) is known
to introduce high-frequency phase errors that degrade
perceptual quality, analogous issues for loudspeaker
directivity have received less attention. This work
investigates preprocessing strategies for transforming
measured loudspeaker directivity into SH form in the
presence of direction-dependent time-of-arrival (TOA)
inconsistencies, particularly pronounced in multi-way
loudspeakers with frequency-dependent acoustic cen-
ters. Such inconsistencies, when encoded at finite
SH order, can cause spectral artifacts. We compare
simple magnitude-oriented approaches (peak align-
ment, minimum-phase) with methods that aim to
preserve physically meaningful phase via broadband
and subband acoustic-center compensation, as well
as per-driver encoding with crossover reconstruction.
A MUSHRA-like listening test assessed perceptual
similarity to a reference based on the original mea-
surements for virtual stereo reproduction in anechoic
and semi-diffuse conditions. Results show that the sim-
pler preprocessing approaches generally yield higher
perceptual similarity than acoustic-center-preserving
approaches, while per-driver encoding performs com-
parably to peak alignment at higher orders. An ERB-
band spectral error correlates with the perceptual
trends, underscoring the primary importance of mag-
nitude fidelity under SH truncation.
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1. Introduction

Spherical harmonic (SH) representations provide a
compact and practical way of describing directional
sound fields. In the context of loudspeaker directivity
measurements, they allow dense measurement grids
to be represented with a limited set of coefficients and
facilitate efficient rendering in virtual and augmented
reality (VR/AR) applications, where they can be read-
ily converted into Ambisonic signals for spatial audio
reproduction [1, 2].

Previous work has extensively investigated SH rep-
resentations of HRTFs, where finite-order truncation
can introduce reconstruction errors and special care
must be taken to preserve perceptually relevant local-
ization cues [3-5]. While related challenges can be
expected for loudspeaker directivity measurements,
this topic has received comparatively little attention.
Loudspeaker directivity measurements consist of direc-
tional impulse responses that must be represented by
a finite-order SH expansion. To reduce truncation arti-
facts, preprocessing strategies such as peak alignment
and minimum-phase transformation simplify the direc-
tional impulse responses prior to SH encoding. Peak
alignment shifts the measured impulse responses such
that their dominant peaks occur at a common sample,
whereas minimum-phase transformation removes the
excess phase while preserving the magnitude response.
Although these methods improve low-order SH rep-
resentations [3], they do not preserve the original
direction-dependent TOA relationships.
Acoustic-center estimation has been proposed as an
alternative means of describing loudspeaker radiation
[6, 7]. The acoustic center is defined as the “position
of the virtual point source from which sound pres-
sure varies inversely as distance” [8]. Building on
this concept, this work investigates broadband and
frequency-dependent acoustic-center translation for
SH encoding, alongside peak alignment, minimum-
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phase processing, and per-driver encoding. Their per-
ceptual performance is evaluated against the original
measured loudspeaker directivities using a MUSHRA-
like listening experiment based on virtualized stereo
reproduction.

The remainder of this paper is organized as follows.
Section 2 presents the proposed methodology, includ-
ing the SH encoding framework, preprocessing strate-
gies, perceptual evaluation, and ERB spectral error
metric. Section 3 presents the results, and Section 4
concludes with a discussion and future work.

2. Methods

This section describes the measurement procedure, SH
encoding framework, and preprocessing strategies for
direction-dependent time-of-arrival (TOA) variations
prior to SH encoding. The evaluated methods include
peak alignment, minimum-phase representation, and
acoustic-center-preserving approaches. The percep-
tual evaluation and ERB spectral error metric used
for assessment are presented subsequently.

2.1. Loudspeaker Measurements

All measurements were performed in the anechoic
chamber of the Institute of Electronic Music and
Acoustics (IEM). The impulse-response datasets were
obtained from three loudspeakers representative of dif-
ferent topologies and use cases: a Genelec 8341A coax-
ial studio monitor, a Genelec 8020A two-way studio
monitor, and a Yamaha DXRS8 two-way public-address
loudspeaker.

For each loudspeaker, a spherical measurement grid
was acquired using a vertical arc with a radius of 80 cm.
18 microphones were positioned at zenith angles be-
tween 5° and 175° in 10° steps. The loudspeaker was
mounted on a turntable and rotated in 10° azimuth
steps to obtain full horizontal coverage. For the multi-
way loudspeakers, the rotation center was chosen mid-
way between the individual drivers, since the effective
acoustic center is generally unknown and may vary
with frequency. Impulse responses were obtained from
2 s exponential sine sweep measurements recorded at
48 kHz. After deconvolution, the impulse responses
were truncated to 1024 samples. The resulting dataset
comprises 648 directional impulse responses (18 x 36
directions), sufficient for approximately uniform sam-
pling up to SH order N = 15, and forms the basis for
all subsequent SH encoding approaches.

2.2. SH-encoding

Following the measurement procedure, the measured
impulse-response grid h(n,{};) is transformed into
a spherical harmonic (SH) representation, where n
denotes the discrete time index and Q, = (¢q, )
the g-th measurement direction. The SH coefficients
are obtained by projecting the measured responses
onto the spherical harmonic basis using a least-squares
solution:

hSH(n) = h(n7 Q)<YT)T7 (1)

where Y contains the spherical harmonic basis func-
tions evaluated at the measurement directions and
YT denotes the Moore-Penrose pseudoinverse of it [9].
The measured impulse responses are thereby repre-
sented by SH coefficients up to the chosen order N.
A direct SH encoding of measured impulse responses
is sensitive to direction-dependent TOA variations.
These variations increase the spatial complexity of the
sound field and can introduce reconstruction artifacts
at finite SH orders. Therefore, several preprocessing
strategies were investigated prior to SH encoding.

2.3. Time-alignment and Acoustic Center Com-
pensation

Five preprocessing strategies were evaluated. Method
A serves as a baseline that removes directional tim-
ing information prior to encoding by time alignment.
This baseline is perceptually evaluated against other
more elaborated methods for specific loudspeakers.
While Method A0 can be seen as an alternative base-
line based on minimum-phase processing, Methods
B-D attempt to preserve the acoustic center of the
loudspeaker by compensating for directional TOA dif-
ferences before SH encoding and restoring them during
decoding.

Method A: Peak Alignment

For the baseline Method A the measured impulse re-
sponses are shifted such that the absolute maximum
of each response occurs at a common sample index.
The aligned responses are subsequently encoded into
the SH domain without restoring the removed delays
during decoding. This preprocessing improves the
suitability of the measured data for finite-order SH
encoding by reducing truncation artifacts caused by
inconsistent arrival times across measurement direc-
tions. However, the alignment removes the original
directional TOA information and therefore does not
preserve the physical propagation delays of the mea-
sured loudspeaker.

Method A0: Minimum-Phase Representation

For the alternative baseline Method A0, evaluated
using the Genelec 8020A, each measured impulse re-
sponse is replaced by its minimum-phase equivalent
prior to SH encoding. The minimum-phase response
is obtained in the cepstral domain by removing the
excess-phase component through cepstral liftering and
reconstructing the impulse response from the remain-
ing minimum-phase component. This preserves the
original magnitude spectrum while replacing the di-
rectional phase response, and therefore the original
direction-dependent TOA relationships are not re-
tained.

Method B: Broadband Acoustic Center Trans-
lation

Method B assumes a single broadband acoustic-center
displacement vector d relative to the measurement
origin. This method is applied to the coaxial loud-
speaker Genelec 8341A. The displacement vector is
estimated by fitting the measured peak-arrival times
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across all measurement directions to the geometric
model

ni~d
C

T~ -+ b, (2)
where 7; denotes the measured peak-arrival time for
direction ¢, n; is the corresponding unit direction
vector, ¢ is the speed of sound, and b is a constant offset
accounting for the common propagation delay. The
model parameters are obtained using a weighted least-
squares fit, where the weights are proportional to the
peak amplitudes of the measured impulse responses.
The estimated displacement vector is then used to
predict the direction-dependent TOA offset

ng-d

Tq = T (3)

for an arbitrary query direction n,. Prior to SH encod-
ing, the measured impulse responses are translated by
applying the corresponding phase shift e/“7«, thereby
removing the estimated directional delay field. Af-
ter SH decoding, the inverse phase shift is applied to
restore the estimated directional TOA relationships
while preserving the phase implied by the geometric
model.

Method C: Subband Acoustic Center Transla-
tion

Method C extends the broadband model by allow-
ing the acoustic center to vary with frequency. This
method is applied to the two-way Genelec 8020A.
Separate acoustic-center displacement vectors, dpg
and dygp, are estimated from low-pass- and high-
pass-filtered impulse responses, representing the loud-
speaker below and above the crossover frequency, re-
spectively. In this work, the transition is centered at
feross = 3kHz according to the manufacturer’s speci-
fications. The effective acoustic-center displacement
is obtained by smoothly interpolating between dpg
and dyp as a function of frequency. The resulting
frequency-dependent translation is applied before SH
encoding and reversed during decoding.

Method D: Per-Driver Encoding

Method D is applied to the multi-way loudspeaker
Yamaha DXRS, for which separate measurements,
centered at the low- and high-frequency drivers, are
available. Each driver is measured independently with
the corresponding driver positioned at the measure-
ment origin and encoded into its own SH representa-
tion. During decoding, the two SH signals are filtered
using a fourth-order Linkwitz—Riley crossover at 3 kHz
before being summed to emulate the loudspeaker’s
active crossover network. Since each driver is encoded
at its own rotation center, no phase-ramp correction
is required.

2.4. Perceptual evaluation

To evaluate the perceptual relevance of the investi-
gated SH-encoding strategies, a listening experiment
was conducted. The study examined whether pre-

serving the estimated acoustic-center-related TOA
information present in the measurements yields per-
ceptual benefits over simpler preprocessing strategies
when SH encoding is performed at finite order.
Virtualized loudspeaker reproduction was imple-
mented using the MCRoomSim framework [10], which
renders loudspeaker directivities via nearest-neighbour
interpolation. For each encoding method under test,
the measured directivity data of a specific loudspeaker
were encoded into the SH domain and decoded back
onto the original measurement grid before being sup-
plied to the simulator, ensuring that the unprocessed
measurements serve as a well-defined reference con-
dition. Two acoustic environments were evaluated:
anechoic and semi-diffuse (Tgo = 0.25).

To capture the perceptual influence of inter-
loudspeaker phase relationships, stimuli were rendered
as a virtualized stereo pair. Binaural room impulse
responses (BRIRs) were synthesized for a simulated
Neumann KU100 artificial head at the listener position
and convolved with continuous pink-noise excitation
to generate the experimental stimuli. Since the BRIRs
were pre-rendered and not updated with listener move-
ment, the evaluation assessed only the on-axis spectral
coloration introduced by the investigated preprocess-
ing strategies.

The experiment followed a MUSHRA-like paradigm.
For each trial, listeners compared several SH-encoded
reproductions against a reference generated from the
original measured IR set of the corresponding loud-
speaker. Participants rated the similarity of each
stimulus relative to the reference on a 0-100 scale
(5-point increments), ranging from “very different” to
“very similar”, using IEM’s MUSHRA app!, which also
recorded the responses.

Four comparisons were evaluated in both acoustic en-
vironments: Method A0 (Genelec 8020A), Method
B (Genelec 8341A), Method C (Genelec 8020A), and
Method D (Yamaha DXR8), each against the base-
line Method A. SH orders 3, 5, and 7 were tested,
yielding six conditions per comparison together with
a hidden reference and a first-order anchor, rendered
with Method A. A total of 15 participants completed
the experiment. Results are reported as medians with
95% confidence intervals.

2.5. ERB Spectral Error

To complement the perceptual evaluation, an ERB-
band spectral error was computed for each SH-
encoding strategy. The left-ear BRIR from the ane-
choic simulation was transformed into the frequency
domain and decomposed into equivalent rectangular
bandwidth (ERB) bands. The average power level of
each band was computed in dB, and the ERB spectral
error was calculated as

1 NgrB 2
o (L L), @

=1

ErrB =
NERrB

IMUSHRA app, https://git.iem.at/rudrich/mushra
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Figure 1: Perceptual evaluation results. Median similarity ratings and 95% confidence intervals for SH orders 3, 5, and 7
in anechoic (dark colors) and diffuse (light colors) conditions. Comparisons: (a) Method A vs. Method A0 (Genelec
8020A), (b) Method A vs. Method B (Genelec 8341A), (c) Method A vs. Method C (Genelec 8020A), and (d) Method
A vs. Method D (Yamaha DXRS). Dashed lines indicate the 95% confidence intervals of the hidden references and

first-order anchors.

where LFRB and LE&? are the ERB-band power levels

(dB) of the processed and reference BRIR, respectively,
and Nggrg is the number of ERB bands.

3. Results

3.1. Results from Perceptual Evaluation

Similarity ratings obtained from the listening exper-
iment are summarized in Figure 1 as medians with
corresponding 95% confidence intervals for all evalu-
ated conditions. Statistical significance was assessed
using paired Wilcoxon signed-rank tests with Holm—
Bonferroni correction for multiple comparisons.

The comparison between Peak Alignment (Method
A) and the Minimum-Phase approach (Method A0)
is shown in Figure la. Here, the highest ratings were
obtained by Method A0 at 7th order in both room
conditions. However, the advantage over the best-
performing Peak Alignment condition (at SH order 5)
was not statistically significant for anechoic conditions
(p =0.24). At 5th order, Method A significantly out-
performed A0 (p = 0.001), whereas the opposite trend

was observed at 7Tth order (p = 0.0068). These results
indicate that both baseline methods achieve compa-
rable perceptual performance at sufficiently high SH
orders.

Figure 1b compares Method A and Broadband Acous-
tic Center Translation (Method B) using the Genelec
8341A. Across all SH orders and both room conditions,
Method A consistently received higher similarity rat-
ings than Method B. For SH orders 5 and 7, these
differences were statistically significant in both ane-
choic and diffuse conditions (p < 0.01). While Method
A showed a tendency towards improved ratings with
increasing SH order, Method B exhibited no compa-
rable improvement and, in some cases, received lower
ratings at higher orders.

The comparison between Method A and Subband
Acoustic Center Translation (Method C) is shown in
Figure 1c. Similar to Figure 1b, Method A substan-
tially outperformed Method C at SH orders 5 and
7 in both acoustic environments. For the anechoic
condition, the differences between the two methods
were significant at both orders (p < 0.002). Method C
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Table 1: ERB spectral error (dB) for the investigated SH-
encoding strategies at different SH orders. Lower values
indicate greater spectral similarity to the reference.

LSP Met. SH1 SH3 SH5 SH7
A 6.78 227 0.89 0.64
Gen. 80204 ) - 137 1.03  0.73

A 161  0.88 0.66 0.58
Gen. 83414 3 - 095 080 0.89
A 6.78 227 0.89 0.64
Gen. 8020A - 295 147 1.31
A 6.63 468 231 1.27
Yam. DXR8 1, - 356 1.32  1.48

showed a gradual improvement with increasing SH or-
der, suggesting that the performance of the frequency-
dependent acoustic-center model benefits from higher
spatial resolution. In the diffuse condition, the perfor-
mance gap between both methods decreased at 7th
order, where no statistically significant difference was
observed (p = 0.06). Figure 1d presents the com-
parison between Method A and Per-Driver Encoding
(Method D) using the Yamaha DXRS8. In contrast to
the previous comparisons, both methods achieved simi-
lar ratings at higher SH orders in both room conditions.
In both diffuse and anechoic conditions the highest
median score was obtained by Method A at 7th order,
though no significant differences were found between
the highest-rated conditions, indicating that both ap-
proaches provide comparable perceptual performance
when sufficient SH order is available. For both meth-
ods, 3rd-order representations received substantially
lower ratings than 5th- and 7th-order representations.
Among all evaluated conditions, seventh-order
Minimum-Phase (Method A0) in the anechoic con-
dition was the only tested condition that was not
rated significantly different from the hidden reference.
3rd-order representations generally received the lowest
ratings regardless of encoding strategy. Increasing
the SH order consistently improved perceptual simi-
larity, although the magnitude of this improvement
depended on the employed preprocessing method and
the measured loudspeaker.

3.2. ERB Spectral Error Analysis

Complementary to the perceptual evaluation, the ERB
spectral errors obtained for each preprocessing strat-
egy are summarized in Table 1. For most investigated
methods, the ERB spectral error decreases with in-
creasing SH order, indicating improved spectral re-
construction at higher spatial resolutions. Method
A consistently achieves lower spectral errors than
both Method B and Method C, while the Method
AQ reaches errors comparable to Method A at higher
SH orders. Likewise, Method A and Method D ex-
hibit similar ERB spectral errors for the Yamaha
DXRS8. For the Genelec 8341A, the ERB spectral
errors of Method A and Method B remain relatively

Difference to Reference in dB

25 Genelec 8020
Method A Method AD

15 Genelec 8341A

Method A Method B
10 o= = =~ — — = = = - = = o - oo o - - -
5[ Genelec 8020

Method A Method C

Yamaha DXR8
Method A Method D

Magpnitude Difference (dB)

10% 10°* 10
Frequency (Hz)

Figure 2: Magnitude difference between the on-axis mag-
nitude responses after seventh-order SH encoding and
decoding using each preprocessing method and the native
reference response (dashed line).

close across all investigated SH orders, despite the
perceptual differences observed in the listening exper-
iment. Table 1 also includes the ERB spectral errors
of the first-order SH anchors used during the listening
evaluation. While the anchors for the Genelec 8020A
and Yamaha DXRS8 exhibit errors of approximately
6 dB, the corresponding anchor for the Genelec 8341A
shows a substantially lower error of 1.6 dB.

To complement the global ERB spectral error metric,
Figure 2 presents the spectral magnitude difference
between the native reference and the seventh-order
SH reconstruction for each investigated preprocessing
strategy. Whereas the ERB spectral error summa-
rizes the average deviation across ERB bands, the
magnitude-difference plots reveal how these devia-
tions are distributed across frequency. In particular,
Method B exhibits localized deviations at high fre-
quencies for the Genelec 8341A, while both Method
A and Method D show pronounced deviations around
the crossover region of approximately 3kHz for the
Yamaha DXRS.

4. Discussion and Outlook

The perceptual evaluation showed that Peak Align-
ment (Method A) generally achieved higher similarity
ratings than Broadband Acoustic Center Translation
(Method B) and Subband Acoustic Center Transla-
tion (Method C). In contrast, Per-Driver Encoding
(Method D) yielded perceptual performance compara-
ble to Peak Alignment for the Yamaha DXRS, while
additionally preserving the measured phase relation-
ships between the individually encoded drivers. These
findings suggest that, within the investigated SH or-
ders and listening conditions, the proposed acoustic-
center-preserving strategies did not provide a per-
ceptual advantage over the simpler peak-alignment
preprocessing. The ERB spectral error generally re-
produced the ranking of the investigated preprocessing
strategies observed in the listening experiment. While
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the overall trends agreed well, the numerical differ-
ences between conditions were not always proportional
to the corresponding perceptual ratings. A notable ob-
servation was the comparison between Method A and
Method B for the Genelec 8341A. Although the ERB
metric correctly predicted the superior performance
of Method A, the difference between the two methods
remained comparatively small. The ERB errors of
the first-order anchors provide additional context for
this observation. Whereas the anchors for the Genelec
8020A and Yamaha DXRS8 exhibited spectral errors
of approximately 6 dB, the corresponding anchor for
the Genelec 8341A showed an error of only 1.6 dB, in-
dicating that the anchor itself constituted a relatively
accurate spectral approximation of the reference. Con-
sequently, listeners may have distributed their ratings
differently in this trial compared to the remaining com-
parisons. The magnitude-difference plots complement
the ERB spectral error by revealing the frequency
regions contributing to the observed deviations. For
Method B, the seventh-order reconstruction of the
Genelec 8341 A shows localized deviations at high fre-
quencies, despite the relatively small overall ERB spec-
tral error. These localized differences may contribute
to the perceptual differences observed in the listening
experiment, particularly since broadband noise was
used as the stimulus and exposes spectral deviations
across a wide frequency range. For the Yamaha DXRS,
both Method A and Method D exhibit pronounced de-
viations around the crossover region, consistent with
their comparatively larger ERB spectral errors. While
this may indicate that larger multi-way loudspeak-
ers require higher SH orders to accurately reproduce
the transition between the individual drivers, the per-
formance of Method D also depends on the assumed
fourth-order Linkwitz—Riley crossover used to combine
the separately encoded driver responses.

Within the investigated SH orders and listening condi-
tions, none of the proposed acoustic-center-preserving
preprocessing strategies provided a consistent per-
ceptual advantage over simpler preprocessing meth-
ods. Peak Alignment proved to be a robust base-
line across all investigated loudspeakers, while the
Minimum-Phase approach achieved the closest percep-
tual agreement with the reference, with the seventh-
order anechoic condition being the only configuration
not rated significantly different from the hidden ref-
erence. One possible explanation is that the effective
acoustic center of a loudspeaker cannot always be rep-
resented sufficiently by either a single broadband dis-
placement or a two-region frequency-dependent model.
Future work could therefore investigate more flexible
acoustic-center translation models employing multi-
ple frequency-dependent displacement vectors. In
addition, simulated loudspeakers with known driver
positions and crossover characteristics could eliminate
measurement uncertainties and provide a controlled
environment for evaluating acoustic-center-preserving
preprocessing strategies. Finally, future perceptual
evaluations could consider dynamic listening scenar-

ios, off-axis reproduction, higher SH orders, and al-
ternative preprocessing methods such as Magnitude
Least Squares (MagLS), which may better preserve
loudspeaker directivity while reducing the SH order
required for perceptually transparent reproduction.
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