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Introduction

Recently, Six-Degrees-of-Freedom (6DoF) audio recording
and rendering approaches have been proposed to enable
a variable-perspective playback for a virtual listener. We
assume that a distributed sound scene is simultaneously
recorded by various main microphone arrays positioned at
multiple perspectives. Variable-perspective rendering en-
ables the virtual subject to freely move within and listen
to the (virtual)sound scene. Main representatives of such
approaches use single-perspective recordings and map
them onto an outer convex hull of the room [1, 2, 3], and
moreover, there are works and patents about the interpo-
lation from perspective recordings synchronously taken at
multiple perspectives in the room, with parametric con-
cepts to extract and render the sources detected therein
and the diffuse or unlocalized parts [4, 5, 6, 7, 8]. Some
works explicitly avoid short-term time-frequency-filtering
for artifact-free baseline rendering [9, 10, 11, 12, 13, 6, 14],
which, however, may stay limited in spatial precision.

This contribution establishes a theory in order to en-
sure directionally consistent variable-perspective render-
ing from multi-perspective recordings. While the theory is
based on physical metrics such as the intensity and energy
density, as, e.g. [15], it actually is meant to work for any
kind of distributed-perspective spatial recordings, such us-
ing resolution-enhanced first-order Ambisonic microphone
recordings (HARPEX [16] or DirAC [17]), higher-order
Ambisonic microphone recordings (Eigenmike EM32 or
Zylia ZM-1), or ESMA [18], or distributions out of differ-
ent arrays, for instance. For a moment, let us assume that
each of these recordings is able to consistently relate to
energy densities and intensities reproduced at the listener
to describe perceived sound levels and directions.

The goal of our theory is to obtain a nearly signal-
independent strategy avoiding annoying artifacts that
signal and position extraction of a complex recorded scene
can entail. We assume the presence of a single source and
a diffuse soundfield seen by any local triplet of recording
perspectives. Related to triplet-based panning approaches
such as [19, 20], our contribution shows a model involving
linear mixing weights related to the aerial coordinates
corrected by distance and diffuseness ratios. This linear
combination rule to mix neighboring recording perspec-
tives provides a consistent intensity vector direction at
the listener. Moreover, the rendering yields reasonable
and robust energy densities.

Descriptors of the recorded sound field

Omitting the constants 1
ρ0c2

or 1
ρ0c

, the acoustic energy
density w and the intensity vector i at the position r are
given by the short-term expectations, cf. [21]

w(r) = E
{
p2(r, t)

}
, i(r) = E {p(r, t)v(r, t)} , (1)

where p(r, t) and v(r, t) are the sound pressure and ve-
locity observed, respectively.

Simple fields can be considered to contain a direct com-
ponent x(t) of a source at s, observed at the distance
d = ‖r − s‖, and an uncorrelated diffuse part modeled as
normally distributed noise

p(r, t) =
x
(
t− c−1d

)
d

+
√
wdiff Np(r, t) (2)

v(r, t) =
x
(
t− c−1d

)
d

r − s

d
+
√
wdiff N v(r, t), (3)

and so we obtain

w(r) =
σ2

d2︸︷︷︸
wdir

+wdiff , i(r) = σ2 r − s

d3
(4)

with σ2 = E
{
x(t)2

}
. And the diffuseness ψ is defined as

the ratio of diffuse and total energy density

ψ =
wdiff

w
, hence wdiff = ψw, wdir = (1− ψ)w. (5)

Model of superimposed perspectives
Given the recordings at three positions rj , for j ∈ {1, 2, 3}
in two space dimensions, our goal is to synthesize a record-
ing at an arbitrary location s such that the resulting in-
tensity vector is correct by applying a single interpolation
weight gj for each recording spot. Our hypothesis for
interpolation is that pressure and velocity signals

pj(t) = p(rj , t), vj(t) = v(rj , t) (6)

observed at different perspectives i 6= j are uncorrelated
E {pi(t)pj(t)} = 0, E {pi(t)vj(t)} = 0. While for diffuse
fields or complex audio scenes this assumption is most
likely accurate, it implies that we assume direct sounds
to be uncorrelated in the different recording perspectives,
merely because of the acoustic flight time differences,
regardless of the coherence to the source. To compile an
estimated signal for a virtual listener, we superimpose
the signals of the recorded perspectives by the weights gj

p̂0(t) =
∑
j

gj pj(t), v̂0(t) =
∑
j

gjvj(t). (7)
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The resulting estimated energy density and intensity be-
come under the uncorrelatedness assumptions

ŵ0 =
∑
i,j

gigjE {pi(t)pj(t)} =
∑
j

wj g
2
j (8)

î(r0) =
∑
i,j

gigjE {pi(t)vj(t)} =
∑
j

ij g
2
j . (9)

Note that such a stochastic superposition can also be en-
forced by special means when mixing soundfield playback
from the different perspectives. For instance, if the per-
spectives are improved by parametric audio or whenever
they do not use coinciding virtual playback systems, a
more-or-less stochastic superposition can be assumed.

Source-position invariant interpolation
For a direct sound field of a source at the distance dj =

‖rj − s‖, the interpolation should reconstruct î0 = i0∑
j

ijg
2
j = i0

∑
j

rj − s

d3
j

g2
j =

r0 − s

d3
0∑

j

(rj − s)
d3

0

d3
j

g2
j = r0 − s, (10)

which yields an underdetermined system of two linear
equations for the three weights g2

j , and thus has an infi-
nite number of solutions. We may reshape the problem
formulation into one that is shift-invariant with regard to
the source location s by bringing it to the right-hand side∑

j

d3
0

d3
j

g2
jrj = r0 −

[
1−

∑
j

d3
0

d3
j

g2
j

]
︸ ︷︷ ︸ s, (11)

and by zeroing its (underbraced) coefficient
∑
j
d30
d3j
g2
j = 1.

Substituting aj =
d30
d3j
g2
j , this step reduces Eq. (11) to∑

j

ajrj = r0 subject to:
∑
j

aj = 1. (12)

For a triplet of positions, the solutions aj are known
as normalized barycentric or aerial coordinates. They
are positive and limited between 0 ≤ aj ≤ 1 whenever
the listener position r0 is located within the triplet of
recording positions r1, r2, r3. The values are calculated
from the listener position and recording positions by 2×2
matrix inversion

[r2 − r1, r3 − r1][a2, a3]T = r0 − r1

[r2 − r1, r3 − r1]−1(r0 − r1) = [a2, a3]T (13)

and a1 = 1− a2 − a3. Together with the distance ratios,
the mixing gains become

gj =

√
d3j
d30
aj . (14)

Practical and robust estimation of dj/d0
In practice, it might be difficult to robustly estimate the
distances between the source and the recording perspec-
tives, as well as the distance of the source to the virtual
listener. Without having to rely on time-delay-based esti-
mation or intensity-vector-based estimations that might

fail in case of multiple sources, robust estimation of dj/d0
is achieved by short-time-averaged levels of wj = E

{
p2
j

}
.

If the diffuseness ψj = 1− ‖E{pjvj}‖/E{p2j} is estimated at
the recording perspectives, it enables to isolate the direct
energy density from the diffuse one, and we can write:

dj
d0
≈

√∑3
i=1 wj (1− ψj) aj
wj(1− ψj)

; (15)

or we would need to assume ψj = 0 otherwise. The above
expression estimates d2

j as being proportional to the direct

energy density σ2
/wdir,j = σ2

/wj (1−ψj), assuming there
being a single direct sound source, only. When estimating
d0, our intention is to avoid loud amplitudes whenever
the virtual listener is very close to the recorded source
(d0 → 0). Therefore, we estimate d2

0 by the reciprocal of
the aerial-coordinate superimposed energy densities over
the signal variance, i.e. σ2

/
∑

j wj (1−ψj) aj. In the ratio
dj/d0 the signal variance cancels, and finally our robust
estimator does not require any localization algorithm to
actually determine the source position s. It is just based
on level and diffuseness estimation.

Note that if assuming ψj = 0 to simplify the estimator, a
constant diffuse field would neutralize the estimated ratio
dj/d0 → 1, and hereby would actually provide a reason-
able rendering of diffuse fields; and yet, the directional
rendering of direct fields will be distorted. By contrast,
if the diffuseness ψj can be estimated at the receivers,
directional distortion of direct sounds can be kept small,
however, the estimator becomes less robust and less level-
preserving in the case of purely diffuse fields with ψj → 1.
Any kind of limitation of ψj to values smaller than 1 can
restore robustness.

Simulation Study
Our simulations will now study how well the proposed
sound field interpolation works, when regarding the direc-
tion of the interpolated intensity î0 compared to i0 of the
original sound field, the interpolated level ŵ0 compared
to w0, and interpolated diffuseness ψ̂0 = 1−‖î0‖/ŵ0 com-
pared to ψ0 = 1− ‖i0‖/w0. The study considers a free-
field source at s which is superimposed by a diffuse sound
field, related by a signal-to-diffuse ratio SDR = σ2

/wdiff .
This scene is captured at the recording spots r1 = [0, 0]T ,
r2 = [2, 0]T , r3 = [1, 2]T . Figure 1 shows the interpola-
tion results of the proposed method for different source
positions and SDRs evaluated on a curved path through
the triangle using i) the true (unknown) distance ratios
assuming ψj = 0, ii) the estimated distance ratios assum-
ing ψj = 0, and iii) the estimated distance ratios with
accurate diffuseness ψj estimated at the recording spots.
The upper two rows show the results for a source outside
the triangle located at s = [1.9, 1.3]T and an SDR of
90 dB and 0 dB, respectively. The high SDR case in the
first row (a)-(d) is included to show that this condition
would enable a distortion-free interpolation purely based
on level estimation, however with a tendency of a more
diffuse rendering by the interpolation. The total energy
density in (d) is flattened by the proposed estimation
strategy and hereby more robust than the accurate model.
In Fig. 1(e)-(h) and (i)-(l) with the SDR of 0 dB, we see
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the benefit in the directional mapping (f)(j) for source
positions inside and outside the triplet when providing a
3-point diffuseness estimation ψj . The interpolation com-
bines intensities that are not aligned and therefore cannot
recover the low diffuseness of the target (g)(k). However,
the proposed estimation methods are more robust than
accurate knowledge of

dj
d0

.

Fig. 2 shows the interpolation results for the entire inte-
rior of the recording triplet for the same source positions
and a weak SDR of 0 dB. The left column shows the tar-
get sound field where the background color indicates the
total energy density, the direction of the arrows corre-
sponds to the negative direction of the intensity vector,
and the length of the arrows represents the directedness
(1 - ψ0); columns two to four display the interpolation
results of the proposed method. It becomes obvious from
(b)(g) that despite matching directions, the levels will not
match those in (a)(f) with a correct estimate of d0/dj when
ψj = 0. Moreover, (c)(h) show that d0/dj cannot be esti-
mated well enough under diffuse conditions with zeroed
diffuseness estimates ψj = 0; (d)(i) show the proposed
robust estimation including ψj providing directionally
consistent interpolation whose energy densities are well-
behaved compared to (b)(g), and yet somewhat free and
flatter. None of the interpolation methods is able to re-
store the vector lengths of the slightly more directional
target (a)(f).

Conclusions
We presented a powerful and generic theory enabling a
directionally consistent and robust interpolation of dis-
tributed 3D audio recordings that we suppose to work
regardless of the specific array (FOA/HOA Ambisonics,
ESMA) or virtual rendering/upmixing (concentric loud-
speaker setups, HARPEX, DirAC) technology used. Our
theory assumes perceived direction, diffuseness, loudness
of all these solutions to be consistent and reasonably mod-
eled by physical intensities and energy densities. If the
linear mix of perspectives is stochastic, the theory permits
consistent directional rendering by measuring level and
diffuseness in a triplet of recordings. Due to its simplicity,
it can serve as high-quality default solution to otherwise
fully parametric, jointly object localizing approaches.
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Figure 1: Sound field interpolation results along a curved path. Upper two rows show interpolation results for a source outside
the recording triplet s = [1.9, 1.2] and SDR of 90 dB (a)-(d) vs. 0 dB (e)-(h). Bottom row: source located inside triplet at
s = [1.1, 1.0]T , SDR is 0 dB. Left column: layout of listener path wrt. recording positions and source location. Columns 2 to 4:
interpolation results of the proposed method along the path compared to the target sound field parameters, where interpolation
results are reported for using i) the true (unknown) distance ratios, ii) the estimated distance ratios with ψj = 0, and iii) the
estimated distance ratios d0/dj when the diffuseness ψj is accurately estimated.
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Figure 2: Sound field interpolation results. In the upper two rows, the interpolation results are depicted for a source outside the

recording triplet at s = [2.4, 1.3] and an SDR 0 dB. In the bottom row the source is located inside the triplet at s = [1.1, 1.0]T .
The left column shows the target sound field, the background color the total energy density, the arrows are the opposite-sign
intensity vectors, their length correspond to directedness (1 - ψ0). Columns 2 and 4 show the interpolation results using the
same estimators as in Fig. 1.
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