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Introduction
Listener envelopment (LEV) refers to the ’sensation of
being surrounded by sound’. The perceptual attribute
has been investigated in the fields of concert hall acous-
tics, spatial sound reproduction and electroacoustic mu-
sic [1, 2]. In contrast to apparent source width (ASW),
which refers to the extent of an auditory event, LEV is re-
lated to the overall immersive auditory quality. Previous
work in the field of concert hall acoustics focused on the
effect of early/late reverberation and its directional dis-
tribution. It suggested that late lateral energy is crucial
for listener envelopment [3]. Literature on multichan-
nel sound reproduction studied the required number of
loudspeakers and their arrangement to optimally repro-
duce the spatial impression of a diffuse sound field. It
was concluded that as few as four loudspeakers are suf-
ficient in the case of bandlimited noise signals or music
stimuli [4]. An experiment on the directional perception
of distributed sound sources confirmed that bandlimited
signals reduce the perceptual difference between a sparse
source arrangement and a dense reference [5].
The aforementioned experiments investigated the effect
of the directional density in terms of the number of ac-
tive loudspeakers, and their test signals were either sta-
tionary noise signals or reverberated music signals. In
contrast, little to no knowledge seems to be available on
the required temporal density of the reproduced sounds.
This contribution presents a listening experiment that
investigates variations in both the temporal and direc-
tional density of sound events. As a method for stimulus
generation a spatial granular synthesis technique was im-
plemented, as described below.

Experiment Setup and Design
The experiment was conducted at the ’IEM CUBE’, an
academic reproduction studio/venue with a reverbera-
tion time of RT30 = 0.5 s. The hemispherical lay-
out consists of 25 loudspeakers and is shown in Fig. 1.
The loudspeakers were individually equalized by 512-taps
minimum-phase FIR filters to the mean loudspeaker re-
sponse in third-octave bands, after application of broad-
band gain factors that compensated the volume differ-
ences as measured from the double-octave smoothed fre-
quency responses. During the experiment the listeners
were seated centrally. The head orientation was not con-
strained, aiming for a natural listening situation as in a
concert or installation.
The experiment used a multiple stimulus paradigm, how-
ever without a reference, in order to avoid predefining
any type of sound field to be most enveloping. Each trial
contained 8 conditions of two seconds duration, designed
to range from non-enveloping to potentially enveloping
scenes. Participants rated the ’sensation of being sur-
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Figure 1: Experimental setup in the ’IEM CUBE’ with 25
loudspeakers in a hemisphere arrangement.

rounded by sound’ on a continuous scale from 0 to 100
(0: not at all, 50: moderate, 100: full).
The stimuli were generated by a spatial granular synthe-
sis with the following parameters:

• Time ∆t between spatialized wavelets

• Wavelet length L

• Directional assignment (2D/3D/subset)

• Source signal

The algorithm extracts Hann-windowed wavelets from
random positions in the input file and assigns them
to random loudspeaker channels (uniform random dis-
tribution) at time intervals ∆t. The trials 1-4 used
wavelets of length L ∈ {0.5, 250} milliseconds sampled
from pink noise (trial 1+2) or a vocal quartet sample
(trial 3+4). Within the trials, ∆t was varied between
∆t ∈ {100, 20, 5, 1} milliseconds and the directional as-
signment was varied between 2D (ear-height loudspeak-
ers) and 3D (hemisphere). We can compute the effective
wavelet overlap Ψ as

Ψ =
L

∆t
, (1)

and observe that for the impulsive wavelets (L = 0.5 ms)
no overlap occurs, as even for the smallest ∆t = 1 ms we
have Ψ < 1, cf. Tab. 1.

Ψ 100 ms 20 ms 5 ms 1 ms

0.5 ms < 1 < 1 < 1 < 1
250 ms 2.5 12.5 50 250

Table 1: Overlap Ψ = L/∆t for wavelets of length L ∈
{0.5, 250} ms at intervals ∆t ∈ {100, 20, 5, 1} ms.
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Figure 2: Median, interquartile range and individual responses of trials 1-4 (N = 15 participants). For 2D conditions (cyan)
wavelets were randomly assigned to the ear-height loudspeakers only, whereas for 3D conditions (violet) wavelets were assigned
randomly to the total set of loudspeakers in the hemisphere.

A fifth experimental trial was designed to vary the direc-
tional density by restricting the wavelet assignment to
one of the following loudspeaker subsets: stereo (±45◦),
quadraphonic (±45◦,±135◦), 2D ear-height, or 3D hemi-
sphere. Accordingly, the number of active loudspeakers
was NLS ∈ {2, 4, 12, 25}. The loudspeaker signals were
created by L = 250 ms Hann wavelets assigned randomly
every ∆t = 1 ms (Ψ = 250) to one of the channels of the
respective subset. As a second independent variable, the
wavelets were sampled from either pink noise or lowpass
filtered pink noise (12th-order Butterworth with a cut-
off frequency of 1.8 kHz). Across all trials 1-5, the time
between wavelets ∆t was subject to controlled jitter, lim-
ited to 1% of ∆t, in order to prevent signal periodicity.

Experiment Results
Trials 1-4
Fifteen participants took part in the experiment, either
staff or students of the authors’ institution. The experi-
mental results of the trials 1-4 are shown in Fig. 2. The
results show that for wavelets with L = 0.5 ms an inter-
val of ∆t ≤ 20 ms is sufficient for a moderate to high
sensation of envelopment. Even though the temporal
and directional overlap was Ψ < 1 for conditions with
L = 0.5 ms, the perception becomes diffuse due to the lag
of localization. The perceptual integration time T must
be greater than 20 ms, as a sensation of envelopment is
formed for ∆t ≤ 20 ms. An upper bound for the integra-
tion time could be given as T < 200 ms. This is because
the median ratings for ∆t = 100 ms are low, which sug-
gests the presence of highly localizable and well resolved
auditory events rather than a perceived diffuseness. From
the present experimental data, it is therefore conclusive
to assume an integration time of 20 ms < T < 200 ms.
The physical overlap Ψ, cf. Tab. 1, does not appear to
be suitable indicator of perception, which is shown by
the range of the median ratings for L = 0.5 ms wavelet
conditions which all give Ψ < 1.
Interestingly, the effect of 2D/3D loudspeaker subset
seems to be negligible, with a tendency that wavelet as-
signment to the 2D loudspeaker subset seems to be more
effective in producing envelopment when spatializing a
limited number of wavelets. For a fixed ∆t, the 3D con-
ditions had the wavelets spread around the full hemi-
sphere, leaving the horizontal layer with sparser signals.

This could explain the trend towards lower ratings of 3D.
It should not be concluded that height layers are of little
use in spatial sound reproduction, however it seems that
what they contribute is a distinct sensation referred to as
’engulfment’ (sensation of being covered by sound [2]).
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Figure 3: Median, interquartile range and individual re-
sponses for trial 5. The conditions correspond to stereo
(±45◦), quadraphonic (±45◦,±135◦), 2D ear-height layer,
and 3D hemisphere reproduction.

Trial 5
The results of trial 5 are shown in Fig. 3. A pairwise
Wilcoxon signed-rank test with Bonferroni-Holm correc-
tion was conducted within the signal groups (broadband
and lowpass). It shows that there is a significant differ-
ence between 4 and 12 loudspeakers for broadband pink
noise (p < 0.05), while there is no significant difference
between 4 and 12 loudspeakers for the 1.8 kHz lowpass
pink noise. For both signal groups a significant difference
between 2 and 4 loudspeakers could be found (p < 0.05).
Between the 12 (2D) and 25 (3D) loudspeaker conditions,
no significant difference can be found, neither for broad-
band nor for lowpass pink noise signals.
These results align with previous work on spatial im-
pression, which showed that for bandlimited noise or re-
verberated music signals, 4 loudspeakers are perceptually
close to a 24 loudspeaker (2D) reference [4]. Experiments
on the perception of distributed sound sources showed
that the discrimination between a sparse stimulus setup
and a dense reference setup was more difficult for ban-
dlimited signals [5].
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Figure 4: IACC-model vs. data (trial 1) for various integration times T . The Nash-Sutcliffe coefficient E as a measure for the
’goodness-of-fit’ is computed per integration time T (per column), showing good agreement for T = 43 ms and T = 85 ms.

LEV model based on IACC
Model Definition
In this section we present a simple model for LEV based
on the interaural cross-correlation coefficient (IACC).
The idea is to find an integration time parameter T =
Tiacc that optimally fits the experiment data, and to ver-
ify whether it lies in the abovementioned range (20 ms <
T < 200 ms). The model computes the IACC for each
signal block of the length T and maps it to a LEV pre-
diction. The discrete time index n ∈ N0 refers to the
time-varying estimate

LEV[n] = 1− max( IACC[n]− IACCref , 0 )

1− IACCref
, (2)

IACC[n] = max
τ

∣∣∣∣∣∣
∫ nT+T

nT
xL(t) · xR(t+ τ)dt√∫ nT+T

nT
x2

L(t)dt ·
∫ nT+T

nT
x2

R(t)dt

∣∣∣∣∣∣ ,
(3)

where the search range for the lag τ is limited to −1 ms ≤
τ ≤ 1 ms. The reference IACCref is computed as the
diffuse-field IACCdiff(T ) plus a perceptual threshold ε:

IACCref = IACCdiff(T ) + ε , (4)

where ε was set to ε = 0.2 in this study. The diffuse-
field IACCdiff(T ) and the perceptual threshold ε are
used to calibrate the model. Note that the diffuse-field
IACCdiff may generally be larger than zero. The rea-
sons are the coherence of the ear signals at low frequen-
cies and the finite integration time T (block size). In
our study IACCdiff(T ) was computed from diffuse-field
ear signals simulated using a spherical HRTF set of the
KU100 dummy head (TH Koeln set). The time-varying
estimate LEV[n] is finally averaged over time with energy
weights

LEV =
1

N

∑
n

w[n] · LEV[n] , (5)

where the weights 0 ≤ w[n] ≤ 1 are normalized to
the maximum composite RMS of the binaural stim-
ulus signal. The dynamic range was set to 20 dB,
such that signal blocks with a relative RMS of -20
dB and below are assumed to have no perceptual rel-
evance. Finally, we can compute mean and standard
deviation of this estimator across different head orienta-
tions. In this study, we used the following orientations:
{−90,−60,−30, 0,+30,+60,+90} degree azimuth.
The binaural stimuli were created by convolution of
the loudspeaker signals with binaural room impulse re-
sponses (BRIRs). The BRIRs were captured with a Neu-
mann KU100 dummy head located at the center of the
loudspeaker arrangement, which corresponds to the po-
sition of the participants during the experiment. The
measured BRIRs were not significantly shortened and en-
tailed direct sound, early reflections and reverberation of
the experimental room (BRIR length of RT30 = 0.5 s).

Model Evaluation
Figures 4 and 5 show evaluations of the model for var-
ious integration times T . The effect of the integration
time can be seen clearly in Fig. 4: for a very short inte-
gration time T = 1 ms, the model would underestimate
the perceived envelopment. On the other hand, if we
used an integration time T = 683 ms, even perceptu-
ally sparse and localizable conditions would yield high
LEV estimates. The Nash-Sutcliffe coefficient is used to
measure the ’goodness-of-fit’ between the data points di
(median ratings) and model predictions mi:

E = 1−
∑
i(di −mi)

2∑
i(di − d)2

, (6)

where d refers to the mean of the data points. The coef-
ficient generally takes values in the range −∞ < E ≤ 1.
It is maximized for integration times 43 ms ≤ T ≤ 85 ms
for the data of trial 1, reaching a value of E = 0.87.
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Figure 5: IACC-model vs. data of trial 5 for various integration times T . The Nash-Sutcliffe coefficient E is computed per
integration time T (per column), showing that the IACC model cannot explain the bandwidth dependency.

This corresponds well with the estimation of T from the
experimental results themselves (20 ms < T < 200 ms).
Unfortunately, the IACC model does not explain the
bandwidth dependency found in trial 5, cf. Fig. 5. A
model that can explain the increased localizability of the
broadband signals would therefore be desirable. While
functional models for spectral localization cues [6] seem
promising under anechoic conditions, they are overly
fragile under reverberant conditions, when the spectrum
of the ear signals is smeared by the reverberation. An ar-
tificial neural network that replicates the auditory system
might be able to robustly recognize and match patterns
from noisy real-world ear signals [7]. Alternatively, para-
metric vector models that assume a priori knowledge of
the sound field might be a viable pathway towards robust
predictive models for LEV.

Conclusion
We investigated how the temporal and directional den-
sity of sound events affects the perception of listener en-
velopment. If multiple sound events occur in a short
time frame T , they cannot be individually resolved any
more and the auditory event becomes perceptually dif-
fuse, even when no simultaneous directional overlap was
present. The perceptual integration time was found to
be 20 ms < T < 200 ms. This was confirmed by a model
based on interaural cross-correlation, which shows opti-
mal predictions for integration times of 43 ms ≤ Tiacc ≤
85 ms. Additionally, the design of the experiment did
not make suggestions of whether 2D or 3D conditions
would deliver a higher envelopment, and this allowed us
to show that the 2D (ear-height) loudspeaker layer con-
tributes most substantially to envelopment.
Regarding the effect of directional density, our experi-
ment suggests that broadband pink noise signals require
a dense directional coverage to elicit envelopment, while
1.8 kHz lowpass filtered pink noise can be enveloping
even with just 4 active loudspeaker directions, assum-

ing a central listening position (’sweet-spot’). We ex-
plain this by the higher localizability of broadband sound
sources, which is in agreement with previous work on
the bandwidth-dependent discrimination of distributed
sound sources [4, 5].

Appendix
Binaural auralizations of the stimuli can be found
at https://phaidra.kug.ac.at/o:126272 or https:

//cloud.iem.at/index.php/s/Z2G4XW2nn4M5AAM.
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