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Abstract—In this work, we consider the problem of jointly
estimating a set of room impulse responses (RIRs) corresponding
to closely spaced microphones. The accurate estimation of RIRs is
crucial in acoustic applications such as speech enhancement, noise
cancellation, and auralization. However, real-world constraints
such as short excitation signals, low signal-to-noise ratios, and
poor spectral excitation, often render the estimation problem ill-
posed. In this paper, we address these challenges by means of
optimal mass transport (OMT) regularization. In particular, we
propose to use an OMT barycenter, or generalized mean, as a
mechanism for information sharing between the microphones.
This allows us to quantify and exploit similarities in the delay-
structures between the different microphones without having to
impose rigid assumptions on the room acoustics. The resulting
estimator is formulated in terms of the solution to a convex
optimization problem which can be implemented using standard
solvers. In numerical examples, we demonstrate the potential
of the proposed method in addressing otherwise ill-conditioned
estimation scenarios.

Index Terms—Room impulse response, acoustic signal process-
ing, optimal mass transport, barycenter.

I. INTRODUCTION

When modeling the acoustics of a room as a linear time-
invariant system, the room impulse response (RIR) describes
the impact of the acoustic environment on a sound signal
when emitted and received by a point source and a point
receiver. Having access to an accurate estimate of an RIR
is essential for applications such as noise cancellation [1],
speech enhancement [2], and auralization [3]. The conven-
tional approach to obtaining the RIR involves extensive mea-
surements using a compact device and a broadband excitation
signal [4]]. However, this method is both time-consuming
and costly, especially as the RIR is only a point-to-point
description of the acoustic environment. Alternatively, one
could envision estimating an RIR using ambient signals such
as, speech. Nevertheless, the accuracy of an RIR estimate,
or even the feasibility of obtaining an estimate, depends
on the duration and spectral characteristics of the excitation
signal, as well as on the presence of noise. In order to
address this, various model-based estimation methods have
been proposed, often incorporating regularization techniques
aiming to capture assumed features of the RIR. These in-
clude methods building on Tikhonov regularization, which
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can be understood as a Bayesian estimation technique [5]],
[6]], as well as sparsity-based methods originating from the
compressed sensing framework (see, e.g., [[7]-[L1l]). There
are also works on using low-rank structures for modeling
and estimating RIRs, motivated by steady-state descriptions of
room modes [12]], [13] and spatio-temporal correlation [14]].

In this work, we explore a different type of prior assumption
on the structure of RIRs, namely that RIRs corresponding
to closely-spaced sensors should be similar. This similarity,
if it can be well-defined and quantified, can then be used
to jointly estimate the set of RIRs corresponding to, e.g., a
microphone array. Herein, we propose to define this similarity
between RIRs based on the concept of optimal mass transport
(OMT). The problem of OMT [15] is concerned with how
to best morph, or transport, one distribution of mass as to
become identical to another. The resulting minimal cost of
transport can then serve as a measure of similarity between
the two distributions. Recently, this idea has been used for
interpolating and estimating RIRs by considering an RIR to
be a (signed) distribution over delay-space [16], [17] or a
distribution over 3D space for the case of spatial RIRs [18].
In [17], an OMT regularizer was used for incorporating an
approximate knowledge of the room geometry when inferring
the RIR, whereas in [16]], the work considered estimating the
RIR of a source moving on a smooth trajectory.

Herein, we build on the later approach and propose a
method for jointly estimating a set of RIRs corresponding
to a microphone array. Under the assumption that the delay
path from the source to a microphone varies smoothly under
perturbations of the microphone location, we propose to ex-
press this assumed similarity in terms of an OMT distance
and to exploit this in estimation by constructing an OMT
barycenter. The barycenter can be understood as a generalized
mean in the corresponding OMT distance and serves as a
mechanism for regularization and information sharing between
the different RIRs. Numerical simulations demonstrate that
the proposed OMT barycenter method generally outperforms
alternative estimation techniques, showcasing its robustness
even under challenging conditions.

II. SIGNAL MODEL

Consider a scenario in which a known source signal x
impinges on a set of K & N microphones, yielding the
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observed signals

yk(n) = (z * hy)(n) + wi(n), )

forn = 0,1,...,N € N, and £ = 1,2,..., K. Here, hg
denotes the RIR for the kth microphone, = * hj; denotes
the convolution of x with hj, and wy is an additive noise.
Herein, we will assume that the additive noise is temporally
and spatially white. For a more succinct notation, we will
throughout use the equivalent representation

yk:th-i-Wk,k:l,...,K, (2)

where yi, hy, and wy are the vector representations of yy,
hy, and wyg, respectively, and X is the matrix representation
of the convolution with z.

Since we know the source signal  and can measure its
outputs yj at each microphone, we want to recover how the
room transforms x on its way to each sensor. That is given by
the RIRs hy, where the system follows a linear model with
h;, as the unknown to be estimated.

However, even if X is full rank, estimating a single RIR
via standard methods can still be poorly conditioned when
the source signal lacks sufficient spectral excitation, especially
in narrowband scenarios like speech, rendering the estimation
highly sensitive to measurement noise. In such cases, using
a set of these RIRs (e.g., measured under different positions
or signals) can broaden the effective frequency coverage and
thus yielding more robust estimates of hy.

Moreover, from a time domain perspective, a measured RIR
often exhibits distinct peaks corresponding to the direct path
and the reflections from wall bounds and obstacles in the room,
which are spaced according to their respective time delays.
Accurately capturing these peaks is essential for acoustic mea-
surements and for physically motivated models of the room
response. One common model to simulate these time-domain
reflection paths is the image source model (ISM). It is used to
represent the geometrical acoustics (GA) principles [19] and
RIR h, which can be denoted as a delay-magnitude pair based
on ISM as follows.

h= {(vapm) € RXR}a (3)

where 7,,, denotes the delay related to the mth image source
represented by |Ad|/c with |Ad| denoting the distance be-
tween the image source and receiver. The variable p,, denotes
the pressure contribution to the mth filter tap of vector h and
Dm X ﬁ.

The early part of h corresponds to the reflection from
the walls and it can be modeled as originating from an
equivalent image source position. In our work, the radius
of the microphone array is assumed to be much smaller
than the dimensions of the room, causing the sensors to be
positioned closely together. Particularly, in this situation, the
delay amplitude pairs of the filter taps in RIRs remain similar
to each other, drifting only by small time shifts. Therefore,
their horizontal properties remain the same and we can expect
the positions of the taps of h; to be similar to h; ;. Structured

around this assumption, we are able to utilize the closely
spaced sensors to get a good estimate for a set of RIRs. In
order to exploit this idea, we propose to utilize an important
mathematical concept, namely, OMT.

A. OMT and barycenter formulation

OMT is a mathematical framework that compares two mass
distributions [13]], [20], [21]. More specifically, it determines
the optimal (least costly) way to transport one distribution to
another. This minimum cost defines a distance between the
distributions, inducing a geometric structure on the delay space
of mass distributions. Consequently, this geometric framework
enables estimation [22]], interpolation [23], and the computa-
tion of generalized averages known as barycenters within the
delay space, providing a rigorous method for comparing and
combining mass distributions.

In our work, we are utilizing this framework to map each
measured RIR hj of all the closely placed K number of
sensors in the array to a virtual reference RIR hg. By defining
a minimum value for each distance using discrete Monge -
Kantrovich OMT problem, we can formulate the problem as
follows,

dOT(hg, hy) = 1\51n1£0<C’Mk>
b= (4)
S.t. MklNho = hy, M;]'Nhk = hy.

Nio X Ni, . . L
Here, M; € R +h“X "k is the transport matrix, which is

specific to each of the measured RIR hj and represents how
mass is optimally transported from hj to hy. To hold the
non-negative constraint of transport mass, both h; and hy
must also be non-negative and should have an equal total mass
(M fx = [[hol|1).

C € R¥no*Nny represents the cost matrix and the elements
of cost matrix C;; is chosen to be [Cl;,; = |1 — 7|3,
where the ¢ and j denote the tap indices along the sampled
time axis of hy and hy, respectively. According to the OMT
principles discussed previously, if the peaks of the measured
RIRs originate from the same image sources, they are expected
to be closely aligned in time and have similar magnitudes
which are based on their respective geometrical distances. In
this paper, we aim to utilize one of the key concepts of ge-
omatrical structure induced by delay space, called barycenter
in order to exploit the similarity between sensors located in
near proximity.

Barycenter (hg) is used to represent the center of several
mass distributions (hy where £ = 1,2,...K) and in our
work, the OMT barycenter minimizes the sum of the transport
distances of measured RIRs to hg, dOT(hg, hy), leading us
to an optimum value of hy which satisfy all constraints. This
can be formulated as follows,

K
hg = argmin Y dOT(h, hy). 5)
h>0 1T

Furthermore, as the equation (3 is considered convex, it is
logically consistent to be utilized for the regularization of the
estimation problem described in Section [IIl



III. PROPOSED METHOD

In this section, we proceed to introduce the RIR estimation
problem for an array of close proximity sensors. Considering
the standard estimation method, least squares (LS) approach,
the impulse response hy, which minimizes the squared error
for the signal in can be obtained as follows,

hy = arghmin llye — Xhgl|3. (6)
k

If the noise wy(n) is white Gaussian noise (WGN) with
zero mean and variance o2, then minimizing the LS criterion
is equivalent to obtaining the maximum likelihood estimate
of the observed signal yj. Based on this, the LS problem is
commonly defined in the literature as follows,

minimize llyx — Xhyl|3. 7N
k

When the length of signal is too short or the spectral
excitation is too low, the signal becomes poorly conditioned
as explained in Section [[Il In order to obtain a unique solution
for problems of this sort, we use a regularization term.
Lasso (¢1) and Tikhonov (¢3) regularization are commonly
used techniques that stabilize the solution by penalizing large
amplitudes. Nevertheless, while these methods provide well-
defined solutions, they do not account for structural similarities
in delay times across measurement points, such as the 7, in
the previously mentioned delay-magnitude pairs.

However, as discussed in Section [[=Al OMT is able to
overcome these limitations by exploiting the intrinsic structure
of the signal , preserving the geometrical relationship between
nearby sensors and imposing a smooth delay structure. We
intend to exploit this advantage by proposing a regularization
term that penalizes the OMT distance between a small group
of closely positioned sensors and their shared barycenter. The
barycenter serves as a virtual RIR reference that is similar to
all the measured RIRs in the microphone array. We determine
this by minimizing the collective OMT distance from each
measured RIR to the barycenter, ensuring a representative and
geometrically consistent reference. Furthermore, this method
allows for greater ambiguity in source and receiver positions,
making it a robust and more generalized regularization frame-
work.

Building on the discussion and utilizing information in sec-
tion [} the barycenter OMT regularization can be formulated
as follows,

K
ce . . 2
minimize ,}_1 vk — Xhg|3 + AdOT (ho, hy).  (8)

Moreover, it should be noticed that, the OMT is able to
naturally interpolate missing information using the calculated
OMT distance. Consequently, this method can be robustly
applied even when dealing with small sample sizes.

A. Interpretation of RIRs in a real environment

In our research, we aim to model the acoustic environment
as realistically as possible. However, a limitation of the reg-
ularization measure discussed in Section [[I=Al is that, as indi-
cated by equation (4)), it is only defined for non-negative RIRs
and non-negative transport plans M where £k = 1,..., K.
To address this limitation and to more accurately model real
environmental conditions, where both positive and negative
peaks appear in RIRs due to wall absorption and distortion, we
adopt the method proposed in [16]]. This approach decomposes
the RIR into its positive and negative components, modeling
their difference as follows,

hy=h/ —h;, hfeR h; eR» (9

We can then utilize equation (@) to formulate a generalized
OT distance between two sensors as,

dOT(hy, hy) = dOT (b, hi) + dOT (b, hy).  (10)

Therefore our proposed barycenter OMT regularized esti-
mator can be reformulated based on equation (I0) , to include
both positive and negative RIRs. This formulation is given by
the following equation,

K
Z lyr — Xhy|[3 + AdOT (ho, hy). (1)
k=1

minimize
hy ho

It is worth noting that the problem in equation (1)) is

a convex problem with respect to hg and when negative

amplitudes are concerned in the transport plan, the OMT

distances may have arbitrarily scalable diagonal elements if the

cost function is solely based on |7; —7|2. In order to mitigate

this issue, a small constant € can be introduced into the cost

function, modifying it as C; ¢ = |1; — 7¢|? + £. This ensures

that assigning mass along the diagonal is not completely free
but instead incurs a small cost.

IV. NUMERICAL EXPERIMENTS AND RESULTS

In this section, we evaluate the proposed method in
for estimating RIRs under different experimental setups. The
simulated acoustic environment is a rectangular room with
dimensions [L, L,, L,] = 5x4x6 m. A human voice uttering
the sustained vowel \a\serves as the source signal, and a
circular microphone array is used for measurements. RIRs are
generated using the ISM [24], with a sampling frequency of
fs = 7350 Hz, a reverberation time of RTgy = 0.5s, and a
maximum reflection order of 4. The length of the RIRs are all
Nj, = 256. The source is positioned at [2, 3.5, 2] m, while
the center of the microphone array is at [2, 1.5, 2] m.

The proposed method (referred to as “Barycenter OMT”
in the figures) is evaluated by varying the parameters of the
experimental setup. In particular, we vary the signal-to-noise
ratio (SNR), the length N, of the excitation signal, the number
of microphones in the microphone array, and the radius rg
of the microphone array. The default values (i.e., when not
varied) of the parameters are SNR = 20 dB, N, = 356,
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Fig. 1: Simulated estimation error NMSE for different regu-
larization methods as a function of the SNR.

K = 5 microphones, and 79 = 0.2 meters. For the different
parameter settings, we evaluate the normalized mean square
error (NMSE) of the estimated RIRs, defined as

lhy — hy |3

K
1 |
NMSE = — , (12)
K kz::l hy[3

where flk, k=1,..., K, which represent the estimated RIRs.
The results are averaged over 20 simulations for each setting.
As reference methods, we have included the Tikhonov and
Lasso estimators as well as an ¢z-analog of our proposed
method. The latter uses an /{;-barycenter (i.e., a standard
average or mean) as a regularizer and solves

2 2
e[, (13)
2 2

. . . K 2
mlnkllinlze ;Hyk—th‘L—i—)\Hhk—th

where we use the short-hand hy, = + Zszl h;. It may
be noted that we have included a small Tikhonov-type term
for this reference as it may be verified that the problem is
otherwise ill-conditioned when X is ill-conditioned. We refer
to this method as ”/¢5” in the results. Also, as a reference,
we include an array version of the method from [16], which
penalizes the OMT distance between the RIRs of adjacent
microphones clockwise around the microphone array. This
reference is indicated "Adjacent OMT” in the graphs, which
solves
K K

minimize k—Xhi||24+XY dOT(hy,he_y). (14

jmize 3 i~ Xhel 4+ 30T (he. ). (19
For all methods, the values of their respective regularization
parameters are set by cross-validation.

Figures [1] and [ present the NMSE (in dB) for varying
SNR and excitation signal length N, respectively. Note in
Figure 2 the x-axis is the ratio (N, — Ny )/Np. As observed,
the proposed method performs better than the comparison
methods, although Lasso and the Adjacent OMT offers similar
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Fig. 2: Simulated estimation error NMSE for different regu-
larization methods as a function of the (N, — N,)/Np,.

performance. However, when varying the number of micro-
phones in the array and the array’s radius, we see a remarkable
difference between the OMT-based methods and the other
three references. These results can be seen in Figures [3]
and [ respectively. The results from figure [l indicate that
the performance of the non-OMT references are independent
of the number of microphones. This is expected for the
Lasso and Tikhonov estimators, as they do not account for
information sharing between microphones when estimating the
RIRs. The ¢5 also doesn’t benefit from an increasing number
of microphones, as it is built on Euclidean geometry that
is not designed to offer a good description of variation of
RIRs across the array. On the other hand, the OMT-based
methods, i.e., both the proposed estimator and reference, are
able to exploit the information provided by an increasing
number of sensors. This observation is even more pronounced
in figure 4 Here, as the radius of the array shrinks, i.e.,
as the microphones become closer to each other, the error
for the OMT-based methods decrease. This is due to the
fact that as the microphones become more closely spaced,
their corresponding RIRs become more similar in the OMT
sense. Conversely, if the array radius becomes too large, the
performance of the OMT-based methods drop.

V. CONCLUSION

This paper introduces a barycenter-based OMT regulariza-
tion method for estimating RIRs when the excitation signal
is poorly informed. Unlike conventional approaches that in-
dependently regularize each RIR or only consider pairwise
adjacent RIRs, the proposed technique couples all sensor RIRs
through a common virtual barycenter, effectively capturing
similar delay structures in spatially proximate receivers, en-
hancing robustness in small measurement areas with limited
sensors. Numerical experiments confirm that the method out-
performs baseline estimators and surpasses adjacent sensor
OMT in scenarios with low sensor counts. Future work will
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focus on adaptive barycenter modeling to interpolate RIRs,
incorporating physically informed cost functions.
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