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Introduction

In the recent years, the Spatial Decomposition Method
(SDM) has gained significant popularity in the analysis
and rendering of measured Spatial Room Impulse Re-
sponses (SRIR) captured with compact microphone ar-
rays. Given its simple sound field model - which de-
scribes the SRIR as a sequence of specular events, each
with an associated direction of arrival (DOA) - several
reproduction approaches have been proposed, both with
loudspeakers e.g. Vector-Base Amplitude Panning, Near-
est Loudspeaker Synthesis, Ambisonics - and binaurally.

One application of SDM has been the study of live mu-
sicians under different acoustic conditions [1]. However,
reproduction with the aforementioned methods restricts
the listening area to a single listener, thus restricting the
application to single musicians. Rendering scenes for en-
sembles requires a complex setup. One option is to dis-
tribute musicians across multiple rooms and resorting to
networking solutions to present the spatialized audio to
each of the musicians. An alternative is the use of bin-
aural audio with open ear reproduction in an anechoic
chamber, allowing musicians to be co-located.

Wave Field Synthesis (WFS) offers a large listening
area with perceptually acceptable spatial quality. This
presents interesting possibilities, since musicians could
be co-located, and also virtual musicians could eventu-
ally be incorporated as focused sources. Additionally,
rendering WFS scenes requires a sound field represen-
tation composed of either point sources or plane waves,
thus in principle leading to a straightforward re-synthesis
of SRIRs analyzed with SDM.

In this work we present a feasibility study using SRIR
of music performance halls in which SDM measurements
have been conducted. We analyze alternatives for the
parameterization of the SDM analyzed RIRs, evaluate
the fidelity of the rendered responses, and discuss the
challenges and alternatives to overcome the limitations
of the approach.

Spatial Decomposition Method (SDM)

The spatial analysis of SDM characterizes a SRIR as a
pressure RIR with associated direction of arrival (DOA)
information for each sample. In its initial proposal, the
spatial analysis was based on the Time Differences of
Arrival (TDOA) of multiple microphones composing a
compact open array [2] (see Fig. 1 for an overview of the
process), although later other approaches were proposed
to adapt the method to first-order microphones through
the use of Pseudo-Intensity Vector (PIV) DOA estima-
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Figure 1: SDM operation analysis on a measured RIR.

tion [3, 4, 5]. For the purpose of the analysis here we use
the TDOA approach and we refer the reader to [2, 4] for
further details on TDOA and PIV DOA analysis, respec-
tively.

Wave Field Synthesis (WFS)

Virtual sources synthesized with WFS can be used to re-
produce each acoustic event of the SDM analyzed SRIR.
This presents several parameterization possibilities e.g.
the direct mapping of each sample of the pressure RIR
to a single point source, the use of plane waves, or a
combination of point sources and plane waves.

In theory, WFS can perfectly reproduce three dimen-
sional sound fields within an extended listening area, al-
though in practice setups are composed of point sources
arranged on a 2D plane - generally circular arrays or
a combination of several linear arrays, imposing several
limitations. First, the dimensionality of the sound field
is reduced to a single plane. Instead of line sources, sec-
ondary sources in practical setups are generally point
sources (known as 2.5D WFS), which leads to the cor-
rect amplitude of each wave front in the sound field being
only correct at a single reference point due to excessive
distance attenuation of the virtual sources. Additionally,
the discrete nature of the secondary source distribution
gives rise to spatial aliasing artifacts [6]. Finally, the fact
that arrays are of finite size leads to spatial truncation
artifacts, which is manifested in 2.5D WEFS in the form
of spherical wavefronts arising at the edges of the loud-
speaker array, reducing the effective listening area.

These limitations seem to impose serious constraints for a
faithful reproduction of room acoustics. However, previ-
ous work has explored its suitability for the reproduction
of room modes and discrete room reflections [7], as well
as the parameterization of RIRs measured with large mi-
crophone arrays for further reproduction with WFS [8].
In this work we explore the feasibility of WFS repro-
duction of SDM measurements in a practical context, by
exploring the feasibility of different parameterization ap-
proaches and loudspeaker layouts.

Re-synthesis
2D Projection
Regardless of the parameterization approach used to re-
synthesize the RIRs, it is necessary to pre-process the
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DOA information in order to project it to the 2D plane
of the reproduction array.

First, if the distance between the source and receiver is
known, after the DOA analysis an offset is applied to the
vector containing the distance of each acoustic event in
the SDM sound field model, ensuring that the correct
distance is assigned to each sample in the RIR. Next,
vertical information in the DOA information is discarded
and the distance of each sample is scaled again to main-
tain the correct timing of each event on the projected 2D
plane. This process is repeated for each sample in the
analyzed SDM RIR.

Plane waves

Nearest Loudspeaker Synthesis (NLS) [9] is a common
approach to synthesize RIRs with SDM. In essence, sev-
eral Loudspeaker Impulse Responses (LIR) are generated
by mapping each sample of the pressure RIR to the clos-
est loudspeaker of the estimated DOA. Then, arbitrary
content can be convolved with the LIRs to auralize the
final scenes.

Analogously, a straightforward approach for WFS repro-
duction is to generate virtual loudspeakers represented
by plane waves - Virtual Nearest Loudspeaker Synthe-
sis (VNLS). The number and directions of plane waves
could be adjusted depending on the characteristics of the
scene, for instance using a method similar to the one pro-
posed in [10]. Once the desired parameters are fixed, the
next step is to synthesize virtual LIRs corresponding to
each of the VNLS, following the same process as in stan-
dard SDM processing [9]. Then, the virtual LIRs are
convolved with the WFS driving function of each cor-
responding plane wave to generate the final WFS RIRs.
Finally, arbitrary content can be convolved with the WFS
RIRs.

Point sources

The rendering with point sources is achieved by generat-
ing one point source for each sample of the RIR at the
corresponding distance and amplitude.

For each sample in the RIR, first the driving function
for the corresponding point source is generated. Then,
tapering is applied to each of the WF'S secondary sources.
Finally, the driving function of the point sources is scaled
by the corresponding amplitude of the measured RIR.
The scaled driving functions for each consecutive sources
are summed up to generate the final WFS RIR.

Point sources and plane waves

A parameterization of RIRs for rendering with WFS was
proposed in [8], based on measurements from a circular
microphone array of 1m of diameter. The work pro-
posed the use of point sources for the direct sound and
early dominant reflections, and the use of 8 to 16 plane
waves for the rendering of diffuse energy and late rever-
beration. This parameterization is a good compromise
between the computationally intensive PS approach and
the simplified PW approach. An method based on [11]
could be a reasonable approach for the selection of early
reflections to be rendered with point sources. The imple-
mentation and evaluation of such an approach is left out
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Figure 2: Circular and irregular arrays used for evaluation.

of the scope of this manuscript due to the high number
of variable parameters.

Evaluation

We evaluated two of the proposed approaches - PW and
PS, with two different arrays, a circular array of 56 loud-
speakers and an irregular array of 80 loudspeakers (see
Fig. 2). The evaluation is based on measured RIRs
from [12]. The SDM analysis was performed with the
SDM Toolbox [13] and the WFS simulations were per-
formed with the SFS Toolbox [14].

Circular array

The circular array is composed of 56 loudspeakers ar-
ranged on a circle of 1.5m of radius, with a distance
between loudspeakers of 17 cm. This layout has been ex-
tensively used in the past for WFS research [6, 15].

Irregular array

As a more practical application, we evaluate the WFS
array installed in the WFS Studio of the HfM Detmold.
This is an array composed of a total of 80 loudspeaker
divided into 10 linear arrays. The geometry is quasi-
rectangular, with a separation of 17.5cm between adja-
cent loudspeakers. This leads to an aliasing frequency
between 980 and 1960 Hz, depending on the reproduced
virtual source configuration [16]. One important limita-
tion of this array is a large gap at the position of the
door, which can severely impact the performance of the
system for sources emanating from that area.

Results

Plane waves

Results for re-synthesis based on VLNS (plane waves)
with a circular and an irregular array are presented in
Figs. 3 and 4, respectively. Visual inspection of the
pressure RIRs shows a good agreement of the simulated
WES re-synthesized RIRs and the measured references.
Time-energy properties of the RIRs are well preserved,
showcasing prominent reflections matching in time, albeit
with certain amplitude deviations. The spectral error of
the circular array renderings is contained within +2dB
up to 9kHz and never exceeding 5 dB. The irregular ar-
ray presents a spectral error within +3 dB between 100
and 8 kHz and outside of this range deviations are much
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Figure 3: Plane wave (PW) reproduction on a circular array.
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Figure 4: Plane wave (PW) reproduction on an irregular array.

higher, with a significant excess of high frequency energy.

Point sources

Results for re-synthesis based on point sources are pre-
sented in Fig. 5. Although the time-energy profile of
the RIR is somewhat preserved, it can be observed that
the direct sound is severely smeared and certain devia-
tions from the reference can be seen. Additionally, the
re-synthesis presents a strong low frequency boost, espe-
cially below 1 kHz. A potential explanation for this is the
fact that consecutive samples are rendered as closely lo-
cated point sources, which in turn interfere destructively
with each other at high frequencies, thus boosting the low
frequencies. This suggests that a clustering approach for
reflections is necessary in case of using exclusively point
sources for the rendering. At higher frequencies, the spec-
tral error is contained within approximately +3 dB.

In terms of monaural parameters, using the time-
frequency equalization proposed in [9] on the LIRs (RIR
driving functions), the final RIR presents an Early De-
cay Time (EDT) that closely follows that of the refer-
ence. However, in terms of Clarity (C80), the re-synthesis
presents much lower values at mid frequencies.

It is worth noting as well that the computing time to
generate the RIRs becomes unpractical, as several thou-
sands of individual point source driving functions must
be computed to generate the final RIR driving functions.
This renders this approach unusable in practice, as the
generation of a single RIR can require several hours.

Discussion and outlook

In this paper we presented an exploratory study on the
feasibility of utilizing WFS for the rendering of RIRs an-
alyzed with SDM. We evaluated two approaches based
either on point sources or plane waves (VLNS). Render-
ing based on point sources is computationally demand-
ing, and rendering errors are higher than with rendering
based on plane waves. The rendering approach could be
further refined by exploring the clustering of early reflec-
tion and combining both point sources (for prominent
events) and plane waves (for diffuse energy). Addition-
ally, typical problems that arise with the rendering of
SDM RIRs, such as spectral whitening of the reverbera-
tion have been left unexplored in this work.

With regards to the evaluation, further work includes
the analysis of the re-synthesized RIRs outside of the
reference position - where amplitude errors are expected
due to WFS limitations, and the spatial analysis of the
re-synthesized RIRs. Finally, perceptual aspects, such
as the effects of the 2D sound field projection and the
perceptual effects of a non-ideal WFS setup, with an ir-
regular layout in a reverberant environment should be
investigated.
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Figure 5: Point source (PS) reproduction on a circular array.
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