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ABSTRACT

We propose a practical framework to synthesize the broadband
sound-field on a small rigid surface based on the physics of sound
propagation. The sound-field is generated as a composite map of
two components: the room component and the device component,
with acoustic plane waves as the core tool for the generation. This
decoupling of room and device components significantly reduces the
problem complexity and provides accurate rendering of the sound-
field. We describe in detail the theoretical foundations, and efficient
procedures of the implementation. The effectiveness of the proposed
framework is established through rigorous validation under different
environment setups.

Index Terms— Room acoustics, acoustic simulation, plane
wave decomposition, multichannel audio synthesis.

1. INTRODUCTION

Sound-field synthesis at a microphone array in a room is the process
of synthesizing audio at each microphone of the array from a source
signal emanating from a sound source elsewhere in the room. It is
a key task in evaluating performance metrics of speech/audio com-
munication devices, as it is a cost-effective methodology for data
generation to replace real data collection, which is usually a slow, ex-
pensive, and error-prone procedure. Acoustic modeling techniques
are usually utilized to generate synthetic data to either replace or
augment real data collection at a fraction of the cost. These tech-
niques usually aim at estimating the Room Impulse Response (RIR)
between two points in the room. The RIR is either computed em-
pirically using direct measurement, or simulated using a model for
room acoustics. Empirical methods are in general accurate, but they
are relatively expensive because of the required human labor.

Simulation methods provide a cost effective alternative as they
utilize computational acoustics rather than physical measurements.
A brute-force simulation would solve the inhomogeneous acoustic
wave equation with proper boundary conditions of the room and
device surface [1]. Though theoretically viable, it requires signifi-
cant effort to characterize all boundary conditions in a typical room.
Further, simulation time can be prohibitive if it is evaluated over a
broadband spectrum. Moreover, the whole simulation needs to be re-
peated for every new form factor of the device under test. To address
the computational complexity, the image source method [2] has been
widely used to approximate point-to-point room acoustics. It utilizes
the ray tracing concept [1] to significantly reduce the modeling and
computational complexity of brute-force simulation. Though sim-
ple and effective in some scenarios, the image source method has
few limitations. For example, it has poor approximation at low fre-
quencies, and it cannot model small surfaces (as compared to wave-
length), e.g., furniture, and rough surfaces, e.g., curtains.

In this work, we describe a novel procedure that combines em-
pirical and simulation methods to provide a balanced tradeoff be-
tween the two approaches for sound-field synthesis. It splits the

sound-field into two independent components: room component, and
device component, such that the overall sound-field is the composite
mapping of the two components. The room component captures the
room impact at an interior point, due to a predefined sound source
in the room. This is represented as a superposition of acoustic plane
waves, which is computed using a single measurement with a large
microphone array. The device component is computed using acous-
tic simulation or anechoic measurements to evaluate the fingerprint
of each acoustic plane wave on the device surface (as measured at
the microphone array mounted on the device surface). The overall
acoustic pressure on the device surface when placed at an interior
point in a room is computed by plugging in the computed device
fingerprints into the acoustic plane wave representation at that point.
This arrangement provides an efficient representation of room acous-
tics that allows reusing room information with devices of different
form factor when tested in the same room. Therefore, it enables the
concept of room database, which contains abstract room acoustics
information that is independent of the device under test. Likewise,
it allows reusing the same device component with different rooms.
To enable the proposed method, we develop a general procedure to
compute the plane wave decomposition at a point in a room by ap-
plying sparse recovery techniques on an audio capture with a large
microphone array. We also utilize the device dictionary concept, that
captures the acoustic behavior of general microphone array mounted
on arigid surface of arbitrary form factor [3]. The proposed method-
ology is rigorously validated across many rooms and many devices
with different form factors and microphone array geometry. The syn-
thetic RIR is shown to match the true RIR, in the least square sense,
over a broadband spectrum up to 8 kHz. The synthesis methodology
is also shown to closely resemble real measurements in evaluating
higher level metrics, e.g., word error rate, and false rejection rate.

The acoustic plane wave expansion has been used in earlier work
with model-based sound-field reconstruction, e.g., [4, 5, 6, 7], where
acoustic plane waves are used as kernels for sound-field reconstruc-
tion. The plane wave expansion is interpolated with free-field prop-
agation model to reproduce the sound field within a convex source-
free zone. The plane wave expansion is computed from measure-
ments of an array of microphones placed at the zone perimeter. The
computation of the expansion is done either through spherical har-
monics or using sparse recovery techniques. In this work, we study
a different problem of reproducing the sound field on a rigid surface
that is placed at the same point in the room. A key contribution of
the current work is utilizing the device dictionary concept for sound
synthesis. This enables the generalization of the sound-field produc-
tion to a rigid surface with an arbitrary form factor and microphone
array size.

2. FOUNDATIONS

2.1. Acoustic Plane Waves

Acoustic plane waves are eigenfunctions of the homogenous
Helmholtz equation. Hence, they constitute a powerful tool for an-



alyzing the wave equation. Further, a plane wave is a good approx-
imation of the wave-field emanating from a far-field point source
[8]. The acoustic pressure of a plane wave with vector wave num-
ber k(6, ¢) (where 6 and ¢ correspond respectively to polar azimuth
and elevation of the direction of propagation) is defined at a point
r = (z,y, z) in the three dimensional space as [9]:
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where po(w) is areal-valued frequency dependent scaling. The plane
wave decomposition has been used for approximating point-source
seismic recording [10, 11, 12], and sound field reproduction [8, 13,
14, 15]. A local solution to the homogenous Helmholtz equation can
be approximated by a linear superposition of plane waves of different
angles of the form [11, 16]:
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where A is a set of indices that defines the directions of plane waves
{61, ¢}, each ¢)(.) is a plane wave as in (1), and {c; } are complex-
valued scaling factors. We will refer to the wave-field in (2) as the
free-field acoustic pressure. The decision variables in this approxi-
mation are {A, {a;}icn}

2.2. Device Acoustic Dictionary

Generalizing the free-field plane wave expansion in (2) to include the
scattering due to the device surface, requires computing the device
acoustic response to each plane wave. The device response to all
plane waves in the three-dimensional space is collectively referred to
as the device acoustic dictionary. The total wave-field at any point
on the device surface when the device is impinged by an incident
plane wave ¥ (w, 0, ¢, r) has the general form:
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where p; and ps refer to the total and scattered wave-field respec-
tively. p: can be computed numerically by inserting (3) in the
Helmbholtz equation and solving for ps with appropriate boundary
conditions. If a microphone array of size M is mounted on the de-
vice surface, and the microphone port size is much smaller than the
wavelength, then each microphone can be approximated by a point
on the device surface. In this case, the total field, p:(w, 0, ¢), at the
microphone array, due to an incident plane wave ¢ (w, 0, ¢,r), is a
vector of size M whose entries are the corresponding total field at
the coordinate values, r, of each individual microphone. The device
acoustic dictionary of a device is composed of vectors of total acous-
tic wave-field. The device acoustic dictionary is computed using nu-
merical acoustic simulation with Finite Element Method (FEM) or
Boundary Element Method (BEM) with device CAD to specify the
device surface. The details and validation results are described in
[3]. The output of the above model is the plane wave dictionary of
the device
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where each entry in the dictionary is a vector of length M, and each
element in the vector is the total acoustic pressure at one microphone
in the microphone array when a plane wave with k(6;, ¢;) hits the
device. The dictionary also covers all frequencies of interest typi-
cally up to 8 kHz. Note that, the acoustic dictionary can accommo-
date any form factor of the surface, and any geometry of the micro-
phone array as it utilizes acoustic simulation with the CAD of the
device surface, and the coordinates of the microphone array.

3. PROPOSED FRAMEWORK
3.1. Overview

The proposed sound synthesis methodology generalizes the plane
wave expansion in (2), which summarizes room acoustics at a point
in a room, to include the impact of scattering due to the device sur-
face. This generalization yields the combined acoustic effect of the
room and the scattering on the device surface. If the device dimen-
sions are much smaller than the room dimensions, then secondary
reflections due to the device surface are negligible, and the device
impact on the room acoustics could be ignored. Hence, even after
introducing the device into the room, the directions and weights of
the free-field acoustic plane waves in (2) do not change. However,
because of the device surface, each plane wave ¢ (w, 01, ¢1, r) in (2),
has an acoustic fingerprint at the device microphone array, which is
the corresponding entry in the device dictionary, 3;(w). Hence, if
the device is placed at a point in the room whose sound-field is ex-
pressed as in (2), then the observed sound field vector at the device

microphone array is
p(w) = a1 Byw) 5)
leA
The transition from the sound-field in (2) in the absence of the device
to the sound field in (5) in the presence of the device is the technical
foundation of the proposed synthesis framework. This transition is
enabled by the linearity of the wave equation and the introduction of
the device acoustic dictionary as described in section 2.2.
Note that, if another device with acoustic dictionary D 2
{ﬁ;z)(w) : V w,l} is placed at the same point in the room, then
the observed sound-field at the second microphone array can be ex-

pressed as , )
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where only the mapping through device dictionary changes, while
the directions, A, and weights, {«;}, of constituent plane waves do
not change. This is the essence of the proposed methodology that
separates room and device components. Hence, the three steps for
sound-field synthesis at a microphone array mounted on a device that
is placed at a point in the room are as follows:

1. Compute the free-field plane wave expansion at a point as in
(2). This summarizes room acoustics at a point in the room. A
procedure for computing this expansion is described in sec-
tion 3.2. This process is repeated for every new point in a
room, and it is independent of the device under test.

2. Generate the acoustic dictionary of the device under test as
described in section 2.2. This is computed once per device
and it is independent of the room.

3. For each room position, combine the plane wave expansion
with the device dictionary as in (5) to synthesize the sound-
field at the device microphone array.

Repeating step 1 above for multiple rooms and multiple positions
within each room generates a room database. This database is gen-
erated only once, then it could be reused in evaluating and generating
data for new devices.

3.2. Acoustic Plane Wave Decomposition

The main technical hurdle in the proposed framework is comput-
ing the plane wave expansion (2) at a point in a room with a source
signal emanating from another point in the room. In the proposed
framework, this is computed through a data capture using a large
microphone array of 32 microphones mounted on a sphere (Eigen-
Mike) [17]. The large microphone array is necessary to mitigate the



creation of an underdetermined system of equations in recovering
the constituent plane waves. It was found experimentally that 20 to
30 plane waves are sufficient for an accurate approximation of the
sound field (with reconstruction error less than —30 dB for frequen-
cies up to 8 kHz). The plane wave decomposition problem is for-
mulated as an optimization problem whose objective is minimizing
the difference in the least square sense between observed and syn-
thesized sound fields. If the observed sound field of the EigenMike
at frequency w, is y(w), then the objective function has the form
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where { Bl(w)} are the entries of the EigenMike acoustic dictio-
nary at frequency w. The decision variables are the set of indices A,
and the corresponding weights {c«;}. The L1-regularization in (7)
is added to stimulate a sparse solution as |[A| < 30 is much smaller
than the dictionary size, which is in the order of 10%. The objective
function can be put in matrix form as:
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where A is a matrix whose columns are the individual entries of the
acoustic dictionary at frequency w, i.e., {3;(w)}. The above prob-
lem is a form of the well-known LASSO optimization [18] that is
encountered in numerous sparse recovery problems in statistics and
signal processing. Many efficient solutions have been proposed for
this problem under various conditions [19, 20]. The big microphone
array size in the EigenMike provides much flexibility in solving (8)
because the observation size is bigger than the number of nonzero
components in . Note that, the optimization problem in (8) is
solved only once for a given source/receiver position in a room, and
it is solved offline. Therefore, it does not have constraints on com-
putational complexity, memory, or latency. In our analysis, the or-
thogonal matching pursuit algorithm [21] was used to recover A and
o, though other existing solutions to the sparse recovery problem
can be used with this formation. This was generalized for smaller
microphone arrays of arbitrary geometry in [22].

For a given source signal, the above procedure is repeated at
each frequency w, and at each time frame to generate a time-
frequency map of the active set A(¢,w) and the corresponding
weights a(t,w). To synthesize the sound field for another device
with acoustic dictionary {3;(w)} at this particular source/receiver
position and source signal, the synthesis formula (5) is applied at
each time-frequency cell with the corresponding parameters A (¢, w)
and a(t,w). Generating the sound-field for an arbitrary source sig-
nal requires the computation of the room impulse response, which is
described in the following section.

3.3. Room Impulse Response (RIR) Computation

RIR aims at modeling the acoustic channel between source and re-
ceiver as a linear time-invariant system. The RIR combines both
room acoustics and scattering due to device surface, and it is com-
puted once for a given device and a given source/receiver positions
in a room. It is a multichannel transfer function where the num-
ber of channels equals the size of the microphone array. For RIR
computation, a special source signal that covers the whole frequency
spectrum, e.g., white noise or Golay sequence [23], is utilized. For a
source signal z (¢, w), the EigenMike is utilized to generate the time-
frequency map of the plane wave decomposition as described in the
previous section. For a device under test, this time-frequency map
is combined with the device dictionary to generate the multichannel
output signal y (¢, w) as in (5). The transfer function between z (¢, w)

and y (¢, w) is computed using system identification techniques. For
example, by applying Wiener-Hopf equation in the frequency do-
main [24], we get

N Say(w)
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where fl(w) is the multichannel acoustic transfer function in the fre-
quency domain, and

Sze(w) =
Say(w) =

E{z"(t,w) z(t,w)} (10)
E{z"(t,w) y(t,w)} (11)

After RIR estimation for a device at a point in a room, the sound
field for an arbitrary source signal u (¢, w) is computed as

y(t,w) =h(w) . ut,w) (12)

Note that, the RIR computes only the part of the sound field that is
correlated with the source signal, and it disregards the background
ambient noise and other interferences in the room. To add back-
ground and/or diffuse noise to the synthesized output, a separate
time-frequency map, b(t,w), is computed once as described in sec-
tion 3.1 with only background noise, then the synthesized sound-
field in (12) is modified to

¥(t,w) = h(w) . u(t,w) + b(t,w) (13)
3.4. Discussion

The proposed method is a combination of measurements (for room
component) and simulation (for device component). A single mea-
surement with a large microphone array is required per room po-
sition, and this measurement is reused for all devices. The mea-
surement is processed by plane wave decomposition to compute the
time-frequency map of the acoustic decomposition that is combined
with device dictionary to generate the total sound field. Similarly,
the device dictionary is computed once, and it is combined with any
room to generate the total sound-field. The computational complex-
ity for computing the broadband device dictionary is small because it
is computed in an anechoic setup. Further, it is highly parallelizable
because the same process is repeated at different frequencies and at
different directions for plane wave. The concept of splitting room
acoustics and device acoustics significantly reduces the measure-
ment/simulation overhead. In addition to simplifying both room and
device modeling, abstracting room acoustics in a single measure-
ment and device acoustics with the device dictionary enables reuse
of either components with the other side. The proposed approach
provides an accurate approximation of room acoustics and alleviates
the need for full room simulation whose complexity is prohibitive at
high frequencies for a regular-size room. Further, this single room
measurement eliminates the need to model the room interior sur-
faces, which can also be an overly time-consuming process.

4. EXPERIMENTAL VALIDATION

The first experiment aimed at validating the plane wave decomposi-
tion procedure as described in section 3.2. In Fig. 1, we showed the
reconstruction error of the EigenMike for two different source sig-
nals versus the number of plane wave in the expansion. The Good-
ness of Approximation, GoA, (or reconstruction error) is defined as:
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where y(w) is the observed sound-field at the EigenMike. This was
evaluated over a frequency range up to 8 kHz. As noted from the
figure, a small number of plane waves is sufficient for sound field
approximation with error less than —20 dB.
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Fig. 1. EigenMike reconstruction error versus the number of plane
waves in the plane wave decomposition

In the following set of experiments, the RIR procedure as de-
scribed in section 3.3 was evaluated. The experiments were con-
ducted in three different rooms with furniture that resemble typical
bedrooms and living rooms, and in 24 different positions within the
three rooms. The EigenMike was placed in all positions to com-
pute the room component that is combined with device dictionary to
generate the synthetic RIR. Four other devices with different form
factors and microphone array geometries were placed later at the
same positions to compute the true RIR. Two devices had cylindri-
cal form factor, one had cube-like shape, and the fourth was a slated
sphere. The 24 test positions covered different room positions: mid-
dle of the room, next to a wall, and at a corner. For each position, the
origins of the EigenMike and other devices were aligned precisely
using laser beams. The measured and synthetic RIR are computed
as described in section 3.3. In all cases, there existed strong resem-
blance between measured and synthetic RIR at all frequencies, and
the reconstruction signal-to-noise ratio (SNR) is between 19 and 23
dB. An example of the transfer function and the impulse response of
the measured and synthetic RIR is shown respectively in Figures 2
and 3. This is a typical behavior at all positions and devices.
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Fig. 2. An example of frequency response of measured and synthetic
RIR for a microphone array of size 4 on a slated sphere surface

In the third set of experiments, we studied the impact of mis-
match between true and synthetic RIR in evaluating high level data
metrics. For this test, we evaluated the False Rejection Rate (FRR)
of a keyword in the source signal. The true FRR was computed by
processing the device signal after the convolution of the source sig-
nal and the true RIR. Similarly, the synthetic FRR was computed
from the convolution of the same source signal and synthetic RIR.
The relative absolute FRR is defined as

A | FRRtrue - FRRsynthetic |

Relative FRR Error = (15)
FRRtrue
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Fig. 3. An example of impulse response of measured and synthetic
for microphone array of size 4 on a slated sphere surface

The cumulative density function of the relative absolute error (of
all 24 room positions and all devices) is shown in Fig. 4. The 95-
percentile relative error between true and synthetic FRR is less than
10%.
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Fig. 4. Cumulative density function (CDF) of the relative absolute
FRR error

5. CONCLUSIONS

The proposed framework enables generating accurate multichannel
audio data for a general microphone array mounted on a rigid surface
of an arbitrary form factor using only the CAD model of the surface
and the coordinates of the microphone array. It is a balanced ap-
proach between measurement-based methods and simulation-based
methods. The framework significantly reduces the cost of hardware
validation and data collection. Its effectiveness is established by rig-
orous validation with physical data under diverse scenarios.

The key contribution of the proposed method is the decoupling
of the room impact and the device-dependent impact in estimating
the sound-field at the microphone array. This decoupling enables
reusing the room component with different hardware designs, as if
the corresponding devices are placed in the same room location. The
room acoustics modeling is performed using plane wave decompo-
sition, after collecting room measurements with a large microphone
array to achieve high accuracy modeling as shown in the experimen-
tal validation. Device modeling through the device acoustic dictio-
nary provides a general model that works with any microphone array
geometry and any form factor of the surface. Though the discussion
focused primarily on far-field sources and acoustic plane waves, it
can be straightforwardly extended to the near field case by append-
ing the device dictionary with acoustic spherical waves.
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