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ABSTRACT

Listener envelopment and listener engulfment refer to the sensations of being ’surrounded by sound’ and ’being
covered by sound’, respectively. In multichannel loudspeaker arrangements, listeners at off-center seats typically
experience a reduced sensation of envelopment and engulfment due to a directional imbalance towards nearby
loudspeakers. The experiment presented in this study investigates the effect of different loudspeaker sound pressure
level (SPL) decay profiles on the off-center distance limit, at which envelopment or engulfment break down. Three
different profiles are considered: 0, -3, and -6 dB SPL decay per doubling of distance, simulated by controlling the
levels of point-source loudspeakers based on the listener position. The experiment results indicate a significant
expansion of the off-center limit of envelopment when horizontally surrounding loudspeakers exhibit a -3 dB SPL
decay. Regarding engulfment, the experiment shows that the off-center limit is expanded by a wide distribution
of height loudspeakers that covers the entire audience area. A computational model confirms that the optimal
loudspeaker SPL decay for envelopment is the one that minimizes the interaural level difference (ILD) and interaural
coherence (IC) over an extended area. An interesting finding from simulations is that purely lateral multichannel
arrangements can benefit from a 0 dB rather than -3 dB SPL decay per doubling of distance.

1 Introduction

Listener envelopment (LEV) and listener engulfment
(LEG) are perceptual attributes that characterize a lis-
tener’s spatial impression [1, 2, 3, 4]. The attributes are
commonly defined as [2, 3, 5, 6]:

• Envelopment: being surrounded by sound,

• Engulfment: being covered by sound.

Previous experiments have demonstrated how envel-
opment [7, 8, 5] and engulfment [3, 6] are affected

by the number of sound sources, their directional dis-
tribution, and the source signal characteristics. For
uncorrelated, 1.8 kHz lowpass-filtered noise signals,
and listeners centered in the loudspeaker arrangement,
as few as four horizontal sound sources are sufficient
to create an enveloping impression that is similar to the
impression rendered by a dense circular or hemispher-
ical setup, [6, 7]. For broadband noise signals, which
are localized more precisely by human listeners due to
additional high-frequency cues [9], 12 circularly dis-
tributed sound sources are required to yield perceptual
similarity to a surrounding 24-loudspeaker reference
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Fig. 1: Effect of source SPL decay on ∆SPL coverage
relative to the audience center for an omnidi-
rectional source at 0◦ versus 30◦ elevation. The
corresponding locations are rrr0 = [−5,0,0] m
and rrr0 = [−5,0,2.9] m relative to the center.

setup [5, 6, 7, 10]. When broadband reverberant sig-
nals are reproduced over a 3D, spherical arrangement of
sources, at least 12 reverberant sources are required to
yield perceptual responses that cannot be discriminated
from a 64-source reference [11].

In sound reinforcement applications, such as concert
venues and movie theaters, many listeners in the au-
dience are located off-center, where perceived envel-
opment can degrade due to directional imbalances
[5, 8, 12, 13]. Point-source loudspeakers at ear-height
level lead to directional imbalances at off-center lis-
tening positions, which reduces listener envelopment
[5, 13]. The sound pressure level (SPL) decay of the
individual loudspeakers is an important factor in this
matter, and it is -6 dB per doubling of distance (dod)
for the typical point sources. A recent simulation study
showed that the degradation in envelopment can be
reduced by placing a point-source surround layer at
30◦ elevation [14], which is often seen in movie the-
aters to avoid directional imbalances for the outer seats.
Figure 1 shows that the relative level change for an ele-
vated point source (-6 dB/dod @ 30◦) is indeed similar
to a line source at ear height (-3 dB/dod @ 0◦). The
increased loudspeaker height represents a trade-off be-
cause broadband signals will be perceived as elevated,
however this elevation percept would not be as obvious
for natural signals or lowpass-signals [6, 15].

This paper is concerned with the possible improve-
ments in diffuse-field rendering using surrounding line-
source loudspeakers. Line source arrays can be de-
signed to meet various sound pressure level (SPL)
coverage targets based on their curvature [16, 17, 18],
making them highly suitable for immersive sound re-
inforcement applications [5, 12]. In large-scale sound
reinforcement, line arrays are the de facto standard to
achieve a consistently flat direct SPL across the audi-
ence area [16, 19]. The proposed research question
can be formulated as: Which kind of SPL decay, 0 dB,
-3 dB, or -6 dB per doubling of distance (dod) optimally
renders envelopment / engulfment across a large au-
dience area with loudspeakers at different elevation
layers (0◦, 30◦, or 60◦)?

To address the proposed research question, we simu-
late three variants of direct SPL decay in our exper-
iment, namely 0 dB, -3 dB, or -6 dB per doubling of
the distance (dod). This is achieved via a real-time
gain compensation of the individual loudspeaker sig-
nals, controlled by the listener’s position within the
loudspeaker array, assuming a point-source SPL decay
(-6 dB/dod) of the installed loudspeakers (d&B 12S-D
and 8S).

2 Listening Experiment

A listening experiment was conducted in which par-
ticipants were asked to walk from the center towards
the loudspeaker direction at −70◦, while maintaining a
frontal look direction, and they had to log the location
at which they perceived that envelopment/engulfment
was noticeably impaired in comparison to the central
listening position.

2.1 Experiment Setup

The listening experiment was conducted at the IEM
CUBE (T60 = 0.5s), a large academic reproduction stu-
dio with a size of approximately A = 120m2. The in-
stalled loudspeaker hemisphere is composed of 12 d&B
12S-D at ear-height level (layer L1), eight d&B 8S at
30◦ elevation (L2), and five d&B 8S at ≥ 60◦ elevation
(L3), cf. Fig. 2. The loudspeakers were individually
equalized in third-octave bands by minimum-phase FIR
filters, to compensate for spectral differences and level
differences at the central listening position. The SPL
decay of the installed point-source loudspeakers can be
assumed to be -6 dB per doubling of distance.
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Fig. 2: Loudspeaker direction set used in this study. El-
evation layers are defined as L1 (0◦), L2 (30◦),
and L3 (≥ 60◦).

During the experiment, the participants wore a cap
fitted with motion-capture markers, which enabled
position-tracking via an OptiTrack system. Tracking
was necessary to render different level compensations
in real time [12]. Additionally, it allowed to electron-
ically capture the position where participants would
indicate the sensation of envelopment/engulfment to
be impaired. The motion-capture cap was fitted tightly
and did not occlude the ears, such that the head-related
transfer functions of the participants were not affected.

2.2 Experiment Design

Level compensations to simulate different SPL decays
using point-source loudspeakers were implemented.
The signal gains σi allow to render a 0 dB, -3 dB, or
-6 dB direct SPL decay per doubling of distance:

σi(rrr) =
(
‖rrr− rrri‖
‖rrri‖

)1−β

, (1)

where rrr ∈ R3 is the position of the listener, rrri is the
position of the i-th loudspeaker, and 1−β is the de-
cay exponent. For β = 1 no compensation is applied
(-6 dB SPL decay), for β = 0.5 a ’half’ compensa-
tion is applied (-3 dB SPL decay), and for β = 0 a
’full’ level compensation is applied (0 dB SPL decay).
Note that for a centered listener (rrr = 000) the expres-
sion evaluates to σi(000) = 1 for any value of β . The
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Fig. 3: Average magnitude spectra (top) and average in-

terchannel magnitude-squared coherence (bot-
tom) of the multichannel stimuli.

position-interactive compensation was implemented in
the PureData (PD) real-time processing language.

Three different multichannel sound stimuli were pre-
rendered for the experiment: (1) uncorrelated pink
noise signals, (2) a diffuse rain scene, and (3) a har-
monic texture stimulus. The multichannel pink noise
signals were generated as independent noises in Python.
The multichannel rain scene and harmonic stimulus
were created using the IEM GranularEncoder [6], ren-
dering uncorrelated full-sphere 5th-order Ambisonic
signals from stereo sound files, which could then be
decoded to the 25-channel loudspeaker setup with the
AllRAD (Allround Ambisonic Decoding) plug-in [20].
The rain scene and the harmonic scene were included as
ecologically valid stimuli in the context of spatial audio,
both in terms of their spectral and spatio-temporal char-
acteristics (cf. audio files online [21]). Figure 3 shows
channel-averaged magnitude spectra and the average
interchannel magnitude-squared coherence of the mul-
tichannel stimuli. The calculation employed Welch’s
method [22] to average the cross- and autospectra of the
signal channels over 128 signal blocks (4096 samples
block length, Hann-windowed, 50% overlap, sampling
rate of 44.1 kHz).

Different loudspeaker layers are considered to repro-
duce the multichannel stimuli. Combinations of the
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available loudspeaker layers (L1, L2, and L3) are de-
noted by concatenated abbreviations, e.g. L1L2, when
they are unions of two layers. Two sets were rated
per attribute: L1 and L1L2 for envelopment, and L3
and L2L3 for engulfment. The sets L1 and L1L2 were
chosen for envelopment as they reproduce surround-
ing impressions, cf. Fig. 2, whereas L3 and L2L3 are
capable of covering a centered listener by sound from
above [6]. All stimulus signals were extracted from
the 25-channel audio files and loudness-normalized by
dividing the signals by the square root of the number of
active loudspeakers (e.g. the gain would be g = 1/

√
12

in case of L1, or g = 1/
√

20 in case of L1L2).

2.3 Results

Twelve experienced listeners participated in the experi-
ment (N = 12), who were either staff or students of the
authors’ institution. Figure 4 (top) shows the experi-
mental results for envelopment (left) and engulfment
(right). A three-way analysis of variance (ANOVA)
was performed using MATLAB. Results indicate sig-
nificant main effects of compensation/layer condition,
sound stimulus, and participant for both envelopment
and engulfment (all p < 0.001). No significant interac-
tion between sound stimulus and compensation/layer is
found for envelopment or engulfment (p = 0.981 and
p = 0.087 respectively). The results of the ANOVA
confirm that the level compensation/layer and the sound
stimulus significantly affect the off-center limits for en-
velopment and engulfment.

In order to focus on the effects of loudspeaker layer and
compensation of SPL decay, the data is pooled across
the different sound stimuli, cf. Fig. 4 (bottom). Pooling
of data across the sound stimuli seems valid here, as
the ANOVA did not indicate a significant interaction
between sound stimulus and the compensation/layer
condition. Below, the statistical analysis proceeds non-
parametrically to increase robustness against outliers
within the limited sample size.

Regarding envelopment, the median off-center limit
is largest for the half compensation conditions (H-L1
and H-L1L2), cf. Fig. 4 (bottom left). In fact, the off-
center limit is roughly 50% larger than for the other
compensations for both the L1 layer and the L1L2
layer combination, increasing from around 2 meters to
around 3 meters. This finding is confirmed by highly
significant differences in pairwise Wilcoxon signed-
rank tests, see Tab. 1. Interestingly, for the L1L2 layer

Table 1: Bonferroni-Holm corrected p-values for pair-
wise Wilcoxon signed-rank tests between
compensation conditions. Bold numbers indi-
cate p < 0.05. Full (F), Half (H), and No (N)
compensation refer to 0 dB, -3 dB and -6 dB
SPL coverage per doubling of distance.

Envelopment
No vs. Half No vs. Full Half vs. Full

L1 < 0.001 0.912 < 0.001
L1L2 0.011 0.002 < 0.001

Engulfment
No vs. Half No vs. Full Half vs. Full

L3 1.000 1.000 1.000
L2L3 0.001 < 0.001 0.008

Table 2: Bonferroni-Holm corrected p-values for pair-
wise Wilcoxon signed-rank tests between
layer conditions applying no loudspeaker
level compensation (N). Bold numbers indi-
cate p < 0.05.

Envelopment Engulfment
L1 vs. L1L2 L3 vs. L2L3

No (N) 0.003 < 0.001

combination, applying no compensation is significantly
better than the full compensation. However, the half-
compensation scheme still gives the largest off-center
limit.

Regarding engulfment, no significant differences be-
tween the compensations for the L3 layer are observed,
as all compensations yield a rather small limit of around
1 meter, cf. Fig. 4 (bottom right). For the L2L3 layer
combination, applying no compensation is significantly
better than half or full compensation, and increases the
median off-center limit to around 2.5 meters. When no
compensation is applied, the conditions which include
the L2 height layer lead to significant improvements.
For example, the L1L2 condition results in a signifi-
cantly larger off-center limit for envelopment compared
to L1, cf. Tab. 2. Similarly, the L2L3 layer combina-
tion results in a significant improvement over L3 for
engulfment when no level compensation is applied.
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Fig. 4: Experimental off-center limits for envelopment (left) and engulfment (right) for N = 12 participants. Data
is shown before (top) and after pooling across different sound stimuli (bottom). Full (F), Half (H), or No
(N) level compensation simulate loudspeaker SPL decays of 0 dB, -3 dB, or -6 dB per doubling of distance.
The loudspeaker layer abbreviations refer to elevation levels L1 (0◦), L2 (30◦), and L3 (≥ 60◦).

2.4 Discussion

The results of the experiment indicate that horizon-
tally surrounding loudspeakers that exhibit a -3 dB SPL
decay per doubling of distance optimally preserve en-
velopment over an extended audience in a large studio
environment (T60 = 0.5 s). This result is in line with
previous results obtained for a circular array under ane-
choic conditions [5]. The study presented in this paper
extends to non-circular loudspeaker arrays, as e.g. the
L1 layer is not an equiangular arrangement of sources.
An interesting finding is that height layers contribute
well to envelopment and engulfment when the loud-
speakers at 30◦ elevation or higher exhibit a -6 dB SPL
decay. This is likely due to the fact that elevated point-
source loudspeakers are capable of an SPL coverage
similar to horizontal line sources in the nearby part of
the listening area, cf. Fig. 1 (dashed blue vs. purple
line between -4 meters to 0 meters). This also explains
the results for engulfment, which showed the largest
off-center limit for the L2L3 layer combination, given
that no level compensation to the inherent -6 dB SPL
decay is applied.

While it is expected that the results of this experiment

apply to a large extent to actual line-source loudspeak-
ers that can accomplish the respective 0 dB/dod and
-3 dB/dod coverage by their curvature design [16], the
real-time interactive implementation with the d&B 12S-
D and 8S point-source loudspeakers has subtle differ-
ences. In particular, line-source loudspeakers would
neither excite the reverberant field interactively with
the listener position, nor with the lower directivity of
point-source loudspeakers. Nonetheless, the results
are generally in line with the previous anechoic study
[5], and it can be assumed that the diffuse reverber-
ant energy of the room enhances envelopment for all
loudspeaker SPL decay variations.

3 Model-based Evaluation

This section presents a sound field model to compute
the interaural level differences (ILD) and interaural
coherence (IC) of a listener in an arbitrary loudspeaker
arrangement, which enables to predict the impairment
of envelopment and engulfment at off-center listening
positions [5, 23]. The model is evaluated on the data
collected in the presented experiment, and subsequently
allows to investigate other multichannel loudspeaker
arrangements not included so far.
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3.1 ILD and IC Computation

The computation of ILD and IC is based on a spherical
harmonic (SH) sound field model previously presented
by the authors [14]. The model description is adapted
to account for the level compensation scheme applied
to point-source loudspeakers in a room, as employed in
the presented experiment. The model assumes source
signals si, which arrive at the listener from directions
ΩΩΩi = (φi,θi), where φi and θi refer to the azimuth and
elevation of the i-th source with respect to the listener.
The signal variances are determined by the level com-
pensation σi(rrr) = (‖rrr− rrri‖/‖rrri‖)1−β , see Eq. 1. To
model the point-source SPL decay of the loudspeak-
ers, the weights 1/‖rrr− rrri‖ are applied, where ‖rrr− rrri‖
is the distance between the i-th loudspeaker and the
listener. Additionally, the far-field directivity Γ(ΩΩΩi)
of the sources could be incorporated, which results in
direct-sound weights gi = Γ(ΩΩΩi) ·1/‖rrr− rrri‖.

The order-N Ambisonic sound field χχχ(t) ∈ R(N+1)2×1

is composed of the direct sound and an isotropic, dif-
fuse component nnn(t) ∈ R(N+1)2×1:

χχχ(t) = ∑
i

gisi(t)yyy(ΩΩΩi)+nnn(t) (2)

= YYY diag{ggg}sss(t)+nnn(t) , (3)

where YYY = [yyy(ΩΩΩ1) . . .yyy(ΩΩΩI)]
(N+1)2×I is a matrix of

real-valued spherical harmonics (SH) evaluated at the
source directions. Ear signals are obtained via convolu-
tion with binaural decoding filters hhhl(ω) and hhhr(ω) ∈
C(N+1)2×1:

xl(ω) = hhhT
l (ω)χχχ(ω) = χχχ

T(ω)hhhl(ω) , (4)

xr(ω) = hhhTr (ω)χχχ(ω) , (5)

where ω denotes the radial frequency. The cross-
spectrum of the ear signals is

Slr(ω) = E{x∗r (ω)xl(ω)}= hhhH
r (ω)E{χχχχχχ

T}hhhl(ω)
(6)

= hhhH
r (ω)CCCxx(ω)hhhl(ω) , (7)

where E{·} denotes expectation over time, (·)H denotes
Hermitian transposition, and (·) denotes element-wise
conjugation. The autospectra of the ear signals are
obtained similarly as

Sll(ω) = hhhHl (ω)CCCxx(ω)hhhl(ω) , (8)

Srr(ω) = hhhHr (ω)CCCxx(ω)hhhr(ω) . (9)

We can compute interaural coherence and interaural
level difference as:

IC[b] =
maxτ

∣∣∣ ∞∫
−∞

w2
b(ω)Slr(ω)e jωτ dω

∣∣∣√
∞∫
−∞

w2
b(ω)Sll(ω)dω ·

∞∫
−∞

w2
b(ω)Srr(ω)dω

,

(10)

ILD[b] = 10 · log10


∞∫
−∞

w2
b(ω)Sll(ω)dω

∞∫
−∞

w2
b(ω)Srr(ω)dω

 , (11)

where b is the frequency band index and wb(ω) de-
note bandpass windows, e.g. zero-phase gammatone
windows. The range for the lag τ is limited to
−1ms≤ τ ≤ 1ms. Assuming uncorrelated source sig-
nals E{ssssssT} = CCCss = diag{[σ2

i ]}, the SH covariance
matrix CCCxx(ω) is given by

CCCxx(ω) = YYY diag{ggg}2CCCssYYYT+νIII . (12)

The diagonal loading models the diffuse field and is
defined by acoustic parameters:

ν = ∑
i

σ2
i

4πr2
H,i

= ∑
i

σ2
i ·T60

4π ·0.0572 ·V · γi
, (13)

rH,i = 0.057 ·
√

V
T60
·
√

γi , (14)

where V denotes the room volume, T60 denotes the re-
verberation time, and γi is the directivity factor of the
i-th source. At the critical distance rH = 0.057 ·

√
V

T60
·

√
1 [24], the squared direct sound pressure caused

by a single point source p2
1 = tr{YYY diag{ggg}2CCCssYYYT}=

(N+1)2

4π
· σ2

1
r2
H

is equal to the squared diffuse sound

pressure modeled by uncorrelated plane waves p2
d =

tr{νIII} = (N+ 1)2 · σ2
1

4πr2
H

. The factor ν generally ac-

counts for the diffuse sound field energy of all sources,
hence the summation in Eq. 13. The directivity fac-
tor γ affects the amount of diffuse sound field energy,
and the ratio between the direct and diffuse sound
field energy will be further influenced by the direct-
sound decay coefficient β . The far-field directivity
Γ(φ ,θ) of the source is related to the directivity fac-

tor γ = 4π/
∫ 2π

0
∫ π

2
− π

2
Γ2 cosθdθdφ and the directivity

index DI = 10 · log10(γ), respectively.
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(a) L1 (b) L1L2

(c) L3 (d) L2L3

Fig. 5: Absolute interaural level difference (ILD) and interaural coherence (IC) evaluated across the listening area
(θ = 0◦, z = 0) for a frontal head orientation. The IEM CUBE has a T60 = 0.5 s, the directivity index of the
d&B 12S-D and 8S was modeled as DI = 10dB and DI = 8dB. The number of loudspeakers per left-right
hemifield varies at off-center positions, such that a loudspeaker SPL decay of -3 dB per doubling of distance
is optimal for the layer L1, whereas the -6 dB SPL decay is optimal for the height layers.

3.2 Parameter Settings

The implementation of the model uses the KU100
dummy head HRTFs [25] in a 5-th order Ambisonic
representation (magnitude least-squares) [26]. The ILD
and IC are computed in 40 gammatone frequency bands
with center frequencies ranging from 42 Hz to 18 kHz,
and are subsequently averaged in perceptually relevant
frequency bands: 200 Hz to 12.8 kHz for ILD [27] and
200 Hz to 1.6 kHz for IC [28]. This yields a single,
broadband value per simulated listener position and ori-
entation. We consider only the frontal head orientation
per position, to match approximately the orientation of
the listener during the experiment task, and to focus
on lateral imbalance. We estimate a directivity index

(DI) of 10 dB for the d&B 12S-D loudspeaker and of 8
dB for the d&B 8S loudspeaker, based on the specified
dispersion by the manufacturer (110◦ × 55◦ for 12S-D
vs. 100◦ × 100◦ for 8S). Note that the DI parameter
accounts only for a correct diffuse sound energy level
in our model, cf. Eqs. 12 to 14, while the direct-sound
directivity Γ is an independent parameter (Γ= 1 is used
as a simplification here). The reverberation time is set
to T60 = 0.5 seconds as measured for the experiment
room (V = 500m3).

3.3 Simulation Results & Discussion

Figure 5 shows the simulations of ILD and IC for the
conditions presented in the listening experiment. Pre-
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(a) 6-channel layout (lateral) (b) 6-channel layout (circular)

Fig. 6: Absolute interaural level difference (ILD) and interaural coherence (IC) evaluated across the listening
area (θ = 0◦, z = 0) for a frontal head orientation. Anechoic simulation (T60 = 0 s) comparing lateral
versus equiangular arrangement of sources. Since the number of loudspeakers per left-right hemifield is
maintained at off-center positions for the lateral setup, the 0 dB SPL decay is optimal in such scenarios.

vious work has established the following perceptual
criteria for envelopment in loudspeaker-based repro-
duction: ILD ≤ 1 dB and IC ≤ 0.5 [5, 23]. The 1 dB
ILD contours in Fig. 5 (a) and (b) seem to predict the
off-center limit for the breakdown of envelopment rea-
sonably well for the cases of no compensation and full
SPL decay compensation (see F-L1 and N-L1 with
perceptual limits measured and modeled around 2 me-
ters). Interestingly, the model overestimates the limit
for the half compensation, as the 1 dB ILD contour
is around 4.5 meters off-center, cf. Fig. 5 (a) and (b),
while most participants have marked their perceptual
limit at around 3 meters. An explanation could be
that the visual awareness of one’s position in the loud-
speaker array could influence the rating behaviour as a
participant. It is proposed that listeners do not assume
extreme off-center positions to be enveloping, even if
relevant perceptual cues are present as shown by the
model computations. Regarding the results for the lay-
ers L3 and L2L3, the 1 dB ILD contour predicted by
the model accurately reflects the off-center limits mea-
sured in the experiment, cf. Fig. 5 (c) and (d). This
demonstrates that lateral imbalances seem important
cues for envelopment and engulfment, as the IC often
remains below 0.5 even at off-center positions.

The model allows for the simulation of loudspeaker
setups not considered in the experiment. For exam-
ple, two variants of a 6-channel setup are simulated in
Fig. 6. The lateral setup reveals that a 0 dB SPL decay

might be preferable for lateral only setup, while for an
equiangular setup, the -3 dB SPL decay is the optimum.

4 Conclusion

The findings of this study suggest that the listening
area of envelopment can be increased by a direct sound
pressure level (SPL) decay between -3 dB and 0 dB
per doubling of distance along the audience [16]. The
results suggest that -3 dB SPL decay is optimal to re-
produce diffuse sound scenes on circular or rectangular
surround layouts. If the loudspeaker setup is sparse
and contains only few lateral surround channels to re-
produce diffuse content (e.g. a 4-channel setup [7]),
a 0 dB SPL decay achieves better spatial balance and
envelopment at off-center positions. By means of a
computational model, it is demonstrated that the opti-
mal loudspeaker SPL decay is the one that minimizes
the interaural level difference (ILD) and interaural co-
herence (IC) over an extended area. This model con-
sistently explains the rating behaviour in the listening
experiment above.

Regarding height loudspeaker layers the experiment
showed no benefit of any level compensation for loud-
speakers at elevations≥ 30◦, which indicates that point-
source loudspeakers can deliver a sufficiently consistent
SPL in small- to medium-scale sound reinforcement
when deployed at elevations ≥ 30◦. It could be shown
that the distribution of the height loudspeakers should
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cover the entire audience to deliver a large listening
area of diffuse engulfment.

A limitation of the presented study lies in using
real-time level-compensated point-source loudspeak-
ers, which does not accurately account for the increased
vertical directivity of curved line-source loudspeakers.
In particular, the increased directivity would reduce
the diffuse response of the room [24], taking results
closer to anechoic conditions, which has previously
been studied [5]. Overall, the results of this experiment
confirm findings seen under anechoic conditions [5],
extending to loudspeaker arrays with height layers in
an acoustically-treated listening room.

5 Data Availability

The authors provide open access to experiment data and
model code [29] and to audio files of the experiment
stimuli [21].
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