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Introduction
Listener envelopment (LEV) refers to the ’sensation of
being surrounded by sound’ [1, 2, 3]. Previous studies
showed that envelopment degrades at off-center listening
positions using typical point-source loudspeakers [4, 5].
Recently, the authors showed that line-source loudspeak-
ers could mitigate the problem of directional imbalances
for off-center listeners, however the investigation focused
on horizontal loudspeaker arrangements (2D) [5]. In this
contribution we extend our investigation to loudspeaker
systems with height layers (3D). The perceptual model
for the prediction of the listening area of envelopment is
based on a frequency-dependent evaluation of the inter-
aural coherence (IC) and the interaural level difference
(ILD). We use magnitude least-squares (MagLS) binau-
ral decoding filters [6], which contain a covariance con-
straint to accurately reproduce the IC of diffuse sound
fields even in low-order representations. The sound pres-
sure level decay and the directivity index (DI) of the
loudspeakers are incorporated by the model, which are
important parameters in sound system design.

SH-Domain Sound Field Model
The model assumes source signals si, which arrive at the
listener from directions Ωi = (φi, θi), where φi and θi re-
fer to the azimuth and elevation of the i-th source with re-
spect to the listener. The signals are weighted by 1/rβi to
model the sound pressure variation over distance, where
ri is the distance between the i-th source and the listener.
An ideal point source is defined by β = 1, while an ideal
line source is defined by β = 1/2, cf. Fig. 1. Addition-
ally, the far-field directivity Γ(Ωi) of the sources could
be incorporated, which results in direct-sound weights
gi = Γ(Ωi) · 1/rβi . The order-N Ambisonic sound field

χ(t) ∈ R(N+1)2×1 is composed of the direct sound and an

isotropic, diffuse component n(t) ∈ R(N+1)2×1:

χ(t) =
∑
i

gisi(t)y(Ωi) + n(t) (1)

= Y diag{g}s(t) + n(t) , (2)

where Y = [y(Ω1) . . .y(ΩI)]
(N+1)2×I is a matrix of real-

valued spherical harmonics (SH) evaluated at the source
directions. Ear signals are obtained via convolution with
binaural decoding filters hl(ω) and hr(ω) ∈ C(N+1)2×1:

xl(ω) = hT
l (ω)χ(ω) = χT(ω)hl(ω) , (3)

xr(ω) = hT
r (ω)χ(ω) , (4)

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

Slr(ω) = E{x∗r(ω)xl(ω)} = hH
r (ω)E{χχT}hl(ω) (5)

= hH
r (ω)Cxx(ω)hl(ω) , (6)

1 2 3 4 5 6 7 8 9 10

Distance in m

-18

-15

-12

-9

-6

-3

0

S
P

L
 i
n

 d
B

(A
)

ideal point source

ideal line source

1 LS

8 LS (Array)

16 LS (Array)

Figure 1: Sound pressure level (A-weighted) over distance
for ideal models vs. measured loudspeaker arrays. SB Acous-
tics 2.5” drivers were spaced at 8.2 cm in a straight line for
the array measurement (16 loudspeakers).

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

Sll(ω) = hH
l (ω)Cxx(ω)hl(ω) , (7)

Srr(ω) = hH
r (ω)Cxx(ω)hr(ω) . (8)

We can compute interaural coherence and interaural level
difference as:

IC[b] =
maxτ |

∫∞
−∞ w2

b (ω)Slr(ω)ejωτdω|√∫∞
−∞ w2

b (ω)Sll(ω)dω ·
∫∞
−∞ w2

b (ω)Srr(ω)dω
,

(9)

ILD[b] = 10 · log10

( ∫∞
−∞ w2

b (ω)Sll(ω)dω∫∞
−∞ w2

b (ω)Srr(ω)dω

)
, (10)

where b is the frequency band index and wb(ω) denote
bandpass windows, e.g. zero-phase gammatone windows.
The range for the lag τ is limited to −1 ms ≤ τ ≤ 1 ms.

Assuming uncorrelated source signals E{ssT} = Css =
diag{[σ2

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

Cxx(ω) = Y diag{g}2CssY T + νI . (11)

The diagonal loading models the diffuse field and is de-
fined by acoustic parameters:

ν =

∑
i σ

2
i

4πr2H
=

∑
i σ

2
i · T60

4π · 0.0572 · V · γ
, (12)

rH = 0.057 ·
√

V

T60
· √γ , (13)
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(a) Elevation: θ = 0◦ (b) Elevation: θ = 15◦

(c) Elevation: θ = 30◦ (d) Elevation: θ = [0◦, 30◦, 60◦]

Figure 2: Absolute interaural level difference (ILD) and interaural coherence (IC) evaluated across the listening area (θ = 0◦,
z = 0) for a frontal head orientation. Sources are arranged on a sphere with 5 meter radius (anechoeic, T60 = 0 s). Subfigures
(a) to (c) show 12 sources with variable decay exponent β and at different elevation levels θ. Subfigure (d) shows a hemisphere
array with 24 sources (the middle condition used β = 1/2 for the horizontal layer and β = 1 for the height layers).

where V denotes the room volume, T60 denotes the re-
verberation time, and γ is the directivity factor of the

sources. At the critical distance rH = 0.057 ·
√

V
T60
·
√

1

[7], the squared direct sound pressure caused by a single

point source p21 = tr{Y diag{g}2CssY T} = (N+1)2

4π · σ
2
1

r2H
is

equal to the squared diffuse sound pressure modeled by

uncorrelated plane waves p2d = tr{νI} = (N + 1)2 · σ2
1

4πr2H
.

The factor ν generally accounts for the diffuse sound field
energy of all sources, hence the summation of variances
in the numerator. The directivity factor γ affects the
amount of diffuse sound field energy, and the ratio be-
tween 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 factor γ = 4π/
∫ 2π

0

∫ π
2

−π
2

Γ2 cos θdθdφ and

the directivity index DI = 10 · log10(γ), respectively. The
sound pressure level decay of a real sounds source, here
modeled by 1/rβ , is defined by the curvature of the radi-
ated wavefront. A real point-source loudspeaker can have
DI ≈ 8 dB above 500 Hz [8] and exhibit a sound pressure
decay proportional to 1/r (β = 1) due to the radiation
of spherical (segment) wavefronts. In our model we can
set all source parameters independently.

ILD and IC as predictors of LEV
A recent study revealed perceptual thresholds for the in-
teraural level difference (ILD) and the interaural coher-
ence (IC) required to retain a sensation of envelopment
at off-center listening positions [5]. Anisotropic sound
fields that produce a broadband (frequency-averaged)
ILD ≥ 1 dB are perceived as imbalanced and the sensa-
tion of envelopment is reduced. A strict criterion would
be ILD ≤ 1 dB, which is around the just-noticeable-
difference (JND) of broadband ILDs [9]. The broad-
band IC should not exceed a value of IC = 0.5, as this
marks a noticeable difference to near-zero reference val-
ues [10, 11]. Broadband IC seems to be a less sensitive
cue compared to ILD in anisotropic diffuse fields. For
instance, sound fields can be perceived as directional or
imbalanced due to ILDs and still yield IC values close
to an isotropic diffuse-field condition [5]. Moreover, the
broadband IC can be low despite an IC maximum in
a sensitive frequency region, essentially not detecting a
possibly prominent ITD localization cue. To make IC
a more sensitive criterion that better matches human
perception, the IC is averaged only between 200 Hz and
1600 Hz in this study, where a high sensitivity to ITDs
has been measured in human listeners [12]. The ILDs are
averaged between 200 Hz and 12.8 kHz, as ILD sensitiv-

DAGA 2023 Hamburg

1179



(a) Directivity Index: DI = 0 dB (b) Directivity Index: DI = 8 dB

Figure 3: Absolute interaural level difference (ILD) and interaural coherence (IC) evaluated across the listening area (θ = 0◦,
z = 0) for a frontal head orientation. Sources are arranged as in the ear-height layer of IEM CUBE. The IEM CUBE has a
T60 = 0.5 s and the model assumes a point-source decay with β = 1.

ity is maintained across a wide frequency range [13]. Low
ILD and IC in a frequency-averaged sense should be un-
derstood as necessary cues for listener envelopment, but
not sufficient in general. Nevertheless, they are effective
to estimate the impairment of envelopment for off-center
listening.

Listeners can rotate their head in loudspeaker-based or
headphone-based (dynamic) virtual reproduction scenar-
ios. This allows the listener to assess envelopment in a
natural way, and one can attempt to mimick this be-
haviour by simulating multiple head orientations with
the model. The mean or max-value of the interaural cues
(across the orientations) could be computed (cf. [5]). In
this study, we decided to use a single head orientation
(frontal), which is sufficient to show the relevant effects.

Effect of Direct Sound Coverage for
Height Layers
In this section we investigate the effect of the sound pres-
sure decay coefficient β for loudspeaker layers at different
elevation levels θ. We assume the sources to radiate om-
nidirectionally and study anechoeic conditions (Γ = 1,
T60 = 0 s). The loudspeakers are assumed to radiate un-
correlated signals si of unit variance σ2

i = 1 (Css = I).

In Fig. 2 (a) the elevation is set to θ = 0◦, and we observe
that sources with β = 1/2 (line-source decay) provide the
largest area of minimal ILDs and IC [5]. At an elevation
of θ = 15◦, the line-source decay still yields the largest
area of low ILD and IC, cf. Fig. 2 (b). Interestingly, in
Fig. 2 (c) at an elevation of θ = 30◦, it is the point-source
decay with β = 1 that minimizes ILD across the listening
area. For elevated sound sources, the variation of the dis-

tance r =
√
r2xy + h2 between the source and a listener is

reduced, where h refers to the height of the loudspeakers
and rxy to the distance in the xy-plane (listening area).
Therefore elevated point sources have a more balanced
sound pressure coverage across the audience. In Fig. 2
(d) we show interaural cues for a hemispherical arrange-
ment, where a combination of line sources at the elevation

θ = 0◦ with point sources at θ = [30◦, 60◦] yields a low
ILD/IC across the entire audience area.

Effect of Diffuse Reverberation and Direc-
tivity Index
In this section we study the effect of diffuse reverbera-
tion and its interaction with the source directivity index.
As a simplifcation, the direct sound was simulated with
an omnidirectional far-field directivity Γ = 1, while a
directivity index DI > 0 dB was allowed to vary the dif-
fuse energy. Source signals are uncorrelated and of unit
variance (Css = I). In Fig. 3 (a), the directivity index
of DI = 0 dB results in a significant diffuse sound field
component that extends the envelopment area. A more
realistic, higher directivity index leads to a reduction of
the diffuse energy, and the interaural cues behave more
similar to the anechoeic case, cf. Fig. 3 (b).

Evaluation: Model vs. BRIR
To compare the room acoustical component of our model
to the acoustics of a real space, binaural room impulse
response (BRIR) measurements were made in the IEM
CUBE at off-center listening positions using a KU100
dummy head. The measurements were taken in 0.5m
steps towards the right side of the room, translating
the dummy head from on-center to 4m lateral off-center.
The head orientation of the KU100 remained unaltered
(frontal). The model assumes uncorrelated source signals
Css = I, point-source decay β = 1, an omnidirectional
directivity Γ = 1 for the direct sound, and a directivity
index DI = 8 dB for the diffuse-field component. The
Ambisonic order for the simulation was N = 5. For the
reverberant conditions (’Room’) the BRIRs were unal-
tered (T60 = 0.5 s). When comparing anechoeic condi-
tions (’Anech.’), the measured BRIRs were windowed to
contain only the direct sound (1 ms cosine-squared fade-
out; starting 1 ms after the BRIR maximum). Fig. 4
shows that deviations between model and BRIR mea-
surement are below the JNDs of IC and ILD [9, 11] up to
4m off-center. The model allows to extrapolate from the
measured data to a complete listening area, cf. Fig.3 (b).
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Figure 4: Interaural cues for a frontal head orientation at lateral off-center positions in the IEM CUBE (5 meter radius,
T60 = 0.5 s). ’Measured (Room)’ curves are computed from full-length KU100 BRIRs. ’Measured (Anech.)’ refers to windowed
BRIRs. L1 refers to the ear-height loudspeaker layer (12 ch.) and L2 refers to the 30-degree elevated loudspeaker layer (8 ch.).
The Ambisonic model order was N = 5, and the loudspeaker/signal parameters were β = 1, Γ = 1, DI = 8 dB, and Css = I.

Conclusion
We presented an Ambisonic sound field model to estimate
the interaural coherence (IC) and the interaural level dif-
ference (ILD) in multichannel loudspeaker arrangements.
The diffuse-field component of the model enables to esti-
mate the effect of isotropic reverberation on IC and ILD.
An evaluation based on BRIRs could demonstrate agree-
ment between measured interaural cues and simulated
interaural cues, where deviations are equal or below the
just-noticeable-differences of IC and ILD [9, 11]. If the
room acoustic response is clearly anisotropic, larger de-
viations must be expected, and an evaluation based on
measured room impulse responses is suggested.

For an optimal reproduction of diffuse sound over an
extended listening area, the loudspeaker layer at the
ear-height level should employ line-source loudspeakers
(β = 1/2), as this minimizes the ILD and IC across
the audience area. If surround layers are elevated at 30
degrees or higher (overhead), the ILD is minimized for
point-source loudspeakers due to a reduced distance vari-
ation between the audience and the elevated loudspeak-
ers. This insight is meaningful in multichannel loud-
speaker installations, as point-source loudspeakers can
save cost over line-source loudspeakers in height layers.

Code Availability
A Python implementation of the model, including the
code to reproduce Figs. 2 and 3, is openly available at:
https://doi.org/10.5281/zenodo.7728707.
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