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Microphone Arrays and Sound Source Localization
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Abstract—Robot audition systems with multiple microphone
arrays have many applications in practice. However, accurate
calibration of multiple microphone arrays remains challenging
because there are many unknown parameters to be identified,
including the relative transforms (i.e., orientation, translation)
and asynchronous factors (i.e., initial time offset and sampling
clock difference) between microphone arrays. To tackle these
challenges, in this paper, we adopt batch simultaneous local-
ization and mapping (SLAM) for joint calibration of multiple
asynchronous microphone arrays and sound source localization.
Using the Fisher information matrix (FIM) approach, we first
conduct the observability analysis (i.e., parameter identifiability)
of the above-mentioned calibration problem and establish neces-
sary/sufficient conditions under which the FIM and the Jacobian
matrix have full column rank, which implies the identifiability
of the unknown parameters. We also discover several scenarios
where the unknown parameters are not uniquely identifiable.
Subsequently, we propose an effective framework to initialize
the unknown parameters, which is used as the initial guess
in batch SLAM for multiple microphone arrays calibration,
aiming to further enhance optimization accuracy and conver-
gence. Extensive numerical simulations and real experiments
have been conducted to verify the performance of the proposed
method. The experiment results show that the proposed pipeline
achieves higher accuracy with fast convergence in comparison
to methods that use the noise-corrupted ground truth of the
unknown parameters as the initial guess in the optimization and
other existing frameworks.

Index Terms—Robot audition; Simultaneous localization and
mapping; Multiple microphone arrays calibration; Sound source
localization.

I. INTRODUCTION

Microphone array-based robotic auditory systems have
many applications such as sound source localization and
human-robot interaction [1]-[5]. As with other sensing modal-
ities [6]-[10], precise calibration of robotic auditory system
parameters is crucial for achieving satisfactory sound source
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localization and tracking performance [11]. Hence, the cali-
bration of robotic auditory systems made of single or multiple
microphone arrays has received significant attention recently.

Of particular interest in this paper is the parameter calibra-
tion of robotic auditory systems that are made of multiple
microphone arrays. Compared to single microphone array-
based audition systems, there are more parameters to be cali-
brated for systems with multiple microphone arrays, including
the relative transforms (i.e., orientation, translation) and the
asynchronous offsets among the arrays. In the following,
we first give a brief overview of the relevant literature on
calibration of single microphone array-based systems, and
then discuss the existing calibration methods for systems with
multiple arrays.

A. Related Work

In [12], based on the time difference of arrival (TDOA)
between each pair of microphones, a calibration algorithm was
developed to estimate the positions of microphones within a
single microphone array. In [13], a bilinear calibration method
based on time of flight (TOF) between each sensor source pair
was proposed to estimate the microphone and source positions
in 3D under the condition that the transmitting time is known.
In [14], based on time of arrival (TOA) measurements and
assuming knowledge of the distances between the sources and
the microphones, a method for joint calibration of the positions
of multiple microphones and sound source localization was
proposed. In [15], a calibration method using TOA measure-
ments was proposed for the scenario with a planar microphone
array and a sound source moving in 3D.

Note that the applicability of the above-mentioned methods
is limited in that they all rely on hardware synchronization
between microphone channels, which is challenging to imple-
ment for robotic platforms in practice due to spatial and cost
constraints [11]. Recently, in [16]-[18], a general framework
using batch simultaneous localization and mapping has been
developed for joint sound source localization and calibration
of a single microphone array with asynchronous effects (i.e.,
clock difference and initial time offset).

Compared to single microphone array-based systems, the
calibration of systems with multiple arrays has gained more
recent attention. For example, the proposed approach in [19]
utilizes direction of arrival (DOA) measurements to determine
the sound source location and inter-array TDOA measurements
to obtain the microphone array location through exhaustive
grid search. The work [20] employs evolutionary algorithms
to improve the accuracy and real-time performance of the
approach in [19]. Based on DOA and inter-array TDOA
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measurements, another calibration framework for multiple mi-
crophone arrays is proposed in [21] using distributed damped
Newton optimization. Note that the above-mentioned methods
focus on the 2D case.

For the more general 3D case, there are only a few
existing works. In [22], an artificial bee colony algorithm
was employed to calibrate the positions and orientation of
microphone arrays in 3D. Nevertheless, this method assumes
that the sound source position at different moments is partially
known and the clocks of the arrays are synchronized using
hardware. Simultaneous calibration of positions, orientations,
and time offsets of multiple microphone arrays and sound
source positions in 3D was explored in [23] and [24].

B. Motivation

For spatially distributed microphone arrays, it is necessary
to consider both the initial time offsets and the sampling clock
differences between the arrays [25], especially in the case
of asynchronized scenarios based on the USB protocol and
wireless acoustic sensor networks. In the above situations, each
microphone array captures acoustic signals through its own
microprocessor-controlled analog-to-digital converter and has
a unique sampling clock source. Therefore, when launching
multiple microphone arrays, differences in initialization result
in varying initial time offsets between arrays. Moreover, the
microprocessors in these microphone arrays often have limited
performance, and the oscillators/crystals used to generate
clock signals typically drift around their nominal frequencies.
As a result, differences in sampling clocks accumulate over
time. Not properly handling the above issue will significantly
degrade the performance of sound source localization/tracking
algorithms embedded in the arrays [17].

To the best of our knowledge, there is no work that has
addressed the simultaneous calibration of positions, orienta-
tions, time offsets and sampling clock differences of multiple
microphone arrays and sound source positions in 3D. In fact,
as for single microphone array, calibration of multiple micro-
phone arrays can be considered as a SLAM problem [26]-[29],
where microphone arrays and the moving sound source serve
as landmarks in the environment and the robot, respectively.
As illustrated in Fig. 1, the acoustic measurements from the
microphone arrays and the motion measurements from the
robot are utilized in the optimization process, with landmark-
robot constraints and robot relative pose constraints enforced,
similar to the approach used in full information estimation and
batch SLAM [26]-[31]. Then, two important questions arise.

Firstly, it is critical to assess whether the information
contained in the measurements is sufficient to estimate the
unknown parameters of microphone arrays and sound source
locations. This is the so-called observability problem in the
SLAM literature [32]-[33]. Although there exist works on
observability analysis of SLAM-based calibration of single
microphone arrays, in-depth analysis for the case with multiple
microphone arrays is lacking.

Secondly, the selection of initial values is crucial because
the considered calibration is a nonlinear least squares (NLS)
problem, similar to batch SLAM [26], [34]. Many existing
algorithms for solving such NLS problems employ the Gauss-

Newton method or its variants. These methods typically re-
quire reasonable initial guesses; otherwise, the algorithms may
converge toward local minima, or in extreme cases, diverge.
For some specific problems, novel algorithms with certifiable
convergence properties have been proposed in [35]-[37].

C. Contributions

Motivated by the above observations, in this paper, we adopt
batch SLAM as a general framework for the simultaneous cali-
bration of translations, orientations, time offsets and sampling
clock differences of multiple microphone arrays, and sound
source positions in 3D. Our contributions are two-fold.

Firstly, we concentrate on the parameter identifiability of the
corresponding SLAM problem. As discussed in existing works
[32]-[33], SLAM is not observable from a control theoretical
perspective. Hence, in the SLAM literature, the observability
problem of SLAM has been tackled from an information-
theoretic perspective, where all the parameters to be identified
are taken to be constant but unknown. From the information-
theoretic perspective, Fisher information quantifies the amount
of information contained in a set of observations about a set of
unknown parameters [33]. Following the above line of argu-
ment, when the multiple microphone array calibration problem
is formulated as an NLS parameter estimation problem, the
full rankness of the associated FIM determines the parameter
identifiability or observability of the calibration problem.

Hence, in this paper, by leveraging the FIM approach,
we thoroughly investigate the identifiability of the unknown
parameters, including translations, orientations, and asyn-
chronous factors between the microphone arrays and the sound
source positions. We establish necessary/sufficient conditions
under which the FIM and the Jacobian matrix have full
column rank, which implies the identifiability of the unknown
parameters. Furthermore, we identify several scenarios where
the unknown parameters are not uniquely identifiable.

Secondly, we propose an effective framework to initialize
the unknown parameters from the measurements, which is
used as the initial guess in batch SLAM. Specifically, the
initialization procedure is composed of the following major
steps: (i) estimation of the sound source position by triangu-
lation; (ii) estimation of distance between the sound source
and microphone arrays using 3D geometry; (iii) estimation
of microphone array poses using the iterative closest point
(ICP) method; (iv) estimation of the asynchronous factors
using linear least squares (LLS). As to be explained later
in the paper (see Section IV. A), the microphone array pose
estimation problem addressed in step (iii) mentioned above is
conceptually a point-to-point registration problem, and hence
can be tackled effectively using ICP [38]. To validate the
effectiveness and robustness of the proposed initialization
framework, we have conducted extensive numerical simula-
tions and real experiments. Overall, the proposed pipeline
achieves higher accuracy with fast convergence, in comparison
to methods that use the noise-corrupted ground truth of the
unknown parameters as the initial guess in the optimization,
and other state-of-the-art methods in the literature [20], [23].

Compared to existing frameworks, the proposed calibration
method requires less prior information. More specifically, the
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Fig. 1. Geometry of the problem setup and batch SLAM-based framework
for multiple microphone arrays calibration and sound source localization.

knowledge of the source’s position required in [22]-[23], or
the distance between the signal source and the microphones
needed in [14] is not required in the proposed framework in
this paper. It should also be noted that our previous works
documented in [16]-[18] primarily focused on calibrating
individual microphones within a single array while in this
paper we address the more challenging problem of calibrating
multiple microphone arrays.

Finally, we remark that the observability analysis reported
in Section III has been previously reported in our conference
paper [39]. However, the results of [39] are only applicable
for the case where the time interval between consecutive
sound source events is fixed. In the current paper, we gen-
eralize the results in [39] from the scenario of fixed-interval
sound source emissions to arbitrary time intervals (i.e., the
interval between every two consecutive sound events can be
asynchronous and time-varying). More importantly, we have
proposed an effective framework for estimating the initial
values of the parameters and conducted extensive simulation
studies and real experiments to validate the entire calibration
pipeline. All the codes and multimodal dataset used in this
paper are publicly available at https://github.com/AISLAB-
sustech/Calibration of Multi Mic Arrays.

Notation: Denote x, x, and X as scalars, vectors, and
matrices, respectively. XT represents the transpose of matrix
X. In stands for the identity matrix of n dimensions. Rn de-
notes the n-dimensional Euclidean space. [a1; · · · ;an] denotes
[aT

1 , · · · ,aT
n ]

T, where a1, · · · ,an are scalars/vectors/matrices
with proper dimensions. diagn(A) denotes a block diagonal
matrix with A as block diagonal entries for n times; diag(A,B)
denotes a block diagonal matrix with A and B as its block
diagonal entries; and 0 as a matrix of appropriate dimensions
with its all entries as 0. X > 0 means that X is a positive
definite matrix. We denote ∥x∥2

P = xTPx. Vectors/matrices,
with dimensions not explicitly stated, are assumed to be
algebraically compatible.

II. PROBLEM FORMULATION
In a calibration scene containing N microphone arrays, as

shown in Fig. 1 (with N = 3 as an example), the arrays
capture K consecutive acoustic signals emitted by a single
sound source at several spatial positions. xp

arr i represents the

position of the i-th microphone array in the global reference
frame and any two arrays are in different positions. We assume
that there is a local reference frame {xarr i} attached to every
microphone array; we choose {xarr 1} as the global reference
frame; Ri is the rotation matrix of reference frame {xarr 1} to
the frame {xarr i} with the ZYX Euler angles vector xθ

arr i; sk

is the sound source position at time instance tk, k = 1, . . . ,K,
with respect to (w.r.t.) {xarr 1}, where K is the total number of
time steps. In the calibration process, the arrays remain static
while the sound source moves around.

Here we consider the most general scenario with initial
time offset and sampling clock difference among microphone
arrays (we assume that the configuration of each microphone
array itself, including its geometry, is known). When the sound
source sends the k-th acoustic signal, the DOA information,
i.e., the direction vector of the sound source in the i-th
microphone array frame {xarr i} is obtained as:

dk
i = RT

i
sk−xp

arr i

dk
i

. (1)

Note that the Euclidean norm of dk
i is 1, i.e., dk

i is a unit vector.
Denote dk

i , for i = 1,2, . . . ,N, as the distance between the i-th
microphone array and the sound source at the k-th time instant.
The inter-array TDOA information between the i-th and the
first microphone arrays can be expressed as follows:

T k
i =

dk
i

c
−

dk
1

c
+ xτ

arr i +∆kxδ
arr i (2)

for i = 1,2, . . . ,N, where c represents the sound speed in the
air; the scalar (unknown) constant variables xτ

arr i and xδ
arr i

represent the initial time offset and the sampling clock differ-
ence per second of each microphone array, respectively; ∆k is
the time interval from the beginning to the k-th sound signal.
Since the first microphone array is used as the reference, then

xp
arr 1 = 0, xθ

arr 1 = 0, xτ
arr 1 = 0, xδ

arr 1 = 0. (3)

The positions and orientation of the i-th microphone array
(where i = 2, . . . ,N), i.e., xp

arr i and xθ
arr i, are:

xp
arr i =

[
xx

arr i;xy
arr i;xz

arr i

]
, xθ

arr i =
[
θ x

arr i;θ
y
arr i;θ

z
arr i

]
,
(4)

respectively, where θ x
arr i,θ

y
arr i, and θ

z
arr i take values in the

range of [−π,π], [−π

2 ,
π

2 ], and [−π,π], respectively. Denote
the unknown parameters w.r.t. the i-th microphone array as:

xarr i =
[
xp

arr i;xθ
arr i;xτ

arr i;xδ
arr i

]
. (5)

All the unknown parameters w.r.t. microphone arrays are:

xarr = [xarr 2; . . . ;xarr N ] . (6)

Denote the sound source position at time tk, k = 1, . . . ,K as:

sk =
[
sk

x;sk
y;sk

z

]
. (7)

Thus, all unknown parameters to be identified are:

x =
[
xarr;s1; . . . ;sK] . (8)

We denote the ideal inter-array TDOA and DOA measure-
ments at the k-th time instance as:

mk =
[
dk

1;T k
2 ;dk

2;T k
3 ;dk

3; . . . ;T k
N ;dk

N

]
∈ R4N−1. (9)

https://github.com/AISLAB-sustech/Calibration_of_Multi_Mic_Arrays
https://github.com/AISLAB-sustech/Calibration_of_Multi_Mic_Arrays
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The measurements of DOA and inter-array TDOA at time k
are subject to Gaussian noises as follows:

yk = mk +vk (10)

where mk is defined in (9), vk ∼ N (0,P), with P =
diag(Λ,diagN−1(λ ,Λ)), where λ > 0 is a positive scalar,
Λ > 0, and Λ ∈ R3×3. Assume that the sound source relative
position between two consecutive time steps can be measured
with Gaussian noise, i.e.,

sk
∆ = sk+1− sk +wk (11)

where k = 1, ...,K−1, wk ∼N (0,Q), with Q > 0∈R3×3. We
combine the relative position measurements, the TDOA, and
DOA measurements as:

z =
[
y1;s1

∆;y2;s2
∆; . . . ;yK−1;sK−1

∆
;yK] . (12)

The models in (10)-(11) can be rewritten compactly as:

z = g(x)+ γ (13)

where g(x) is the combined observation model, and γ ∼
N (0,W) is the noise of combined observations with

W = diag(diagK−1(P,Q),P). (14)

As shown in Fig. 1, the batch SLAM framework is a
feasible solution to the above problem by treating the moving
sound source as a robot and the multiple microphone arrays
as landmarks [26]. As in [16]-[17], the problem of joint
calibration of multiple asynchronous microphone arrays and
sound source localization can be treated as the following NLS
using batch SLAM:

min
x
∥g(x)−z∥2

W−1 (15)

The measurements obtained by microphone arrays and robots
constitute the spatial constraints and can be included in (15)
to improve estimation accuracy.

Given the problem formulation described above, our main
objective is (1) to determine the identifiability of the un-
known parameters (microphone arrays positions, orientations,
time offsets, sampling clock differences, and sound source
positions) based on the available measurements (DOAs, inter-
array TDOAs, and relative position measurements), and (2)
to develop an efficient algorithm pipeline for solving the
corresponding NLS in (15).

III. OBSERVABILITY ANALYSIS

In this section, by utilizing the FIM method, the observ-
ability analysis of the batch SLAM framework for the above
calibration problem is performed. More specifically, we have
established necessary/sufficient conditions under which the
FIM and Jacobian matrix have full column rank (which im-
plies the identifiability of the unknown parameters, including
the microphone array positions, orientations, time offsets,
sampling clock differences, and sound source positions). In
addition, we also discover some scenarios where the FIM and
Jacobian matrix cannot have full column rank (in this case,
the unknown parameters could not be uniquely identified).

A. The Fisher Information Matrix and the Jacobian

The covariance matrix Cx̂ of the estimation error corre-
sponding to the estimated values x̂ and the true values x̌ of
unknown parameters in the observation model in (13) can be
calculated by

Cx̂ = E
[
(x̂− x̌)(x̂− x̌)T] . (16)

For nonrandom vector parameter estimation, the FIM of an
unbiased estimator is defined as:

IFIM = E
[
(∇x ln p(z|x))(∇x ln p(z|x))T] , (17)

where ∇x is the gradient operator w.r.t. the vector x, p(z|x)
is the probability distribution function, and the derivatives are
calculated at the true value x̌ [40, chap. 2]. It can be shown
that the covariance matrix of any unbiased estimator x̂ satisfies

Cx̂− I−1
FIM ≥ 0, (18)

i.e., when the IFIM is singular, the Cramér-Rao lower bound
will not exist [40, pp. 165], one or more parameters will be
unobservable. As in [32], the Fisher information matrix for
the models described in (17) can be formulated as:

IFIM = JTW−1J, (19)

where J is the Jacobian of the observation model g(·) in (13),
and its explicit expressions will be given in (22). When W> 0,
one has that

rank(IFIM) = rank(J). (20)

Since the first microphone array is viewed as the reference
array, its corresponding parameters are all set to zero. The re-
maining state vectors contain only (N−1) microphone arrays
parameters xarr and the sound source position sk at all K time
steps. From the definition of the Jacobian matrix [41, pp. 569],
we know that J ∈ Rg1×g2 , where

g1 = 4(N−1)K +3(K−1), g2 = 8(N−1)+3K.

From (17)-(20), a necessary and sufficient condition for IFIM
to be nonsingular is that J has full column rank. For J to be
of full column rank, it is necessary that

4(N−1)K +3(K−1)≥ 8(N−1)+3K

=⇒ K ⩾

⌈
2+

3
4(N−1)

⌉
,

(21)

where ⌈·⌉ stands for the ceiling operation generating the least
integer not less than the number within the operator. We then
have the following results.

Proposition 1: The Jacobian J can be written as

J =



L1

0
L2

0
...

LK−1

0
LK

T1 0 · · · 0 0
−I3 I3 · · · 0 0

0 T2 · · · 0 0
0 −I3 · · · 0 0
...

...
. . .

...
...

0 0 · · · TK−1 0
0 0 · · · −I3 I3
0 0 · · · 0 TK


(22)
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where Lk = ∂yk(xarr ,sk)
∂xarr

, Tk = ∂yk(xarr ,sk)

∂ sk with yk(xarr,sk) being
the inter-array TDOA and DOA observation model at the k-th
time instant, k = 1, ...,K (expression of yk(xarr,sk) can be
found in (10); the detailed expressions of Lk and Tk can be
found in (47) and (51) in Appendix A, respectively).

Proof. See Appendix A.
Given the equivalence of full rankness between the FIM and

the Jacobian, in the following, we will focus on investigating
conditions under which the Jacobian derived in (22) can or
can not be of full column rank.

B. Main Results of Observability

We firstly have the following results regarding the equiva-
lence of full column rank between the Jacobian (22) and matrix
F in (23) which has a much simpler structure.

Theorem 1: The Jacobian matrix J is of full column rank if
and only if the following matrix

F =


L1

L2

...
LK︸ ︷︷ ︸
L

T1

T2

...
TK


︸ ︷︷ ︸

T

(23)

is of full column rank.
Proof. The proof is similar to that of [18, Theorem 1] and

is skipped here.
We next present a necessary condition (Theorem 2) and a

sufficient condition (Theorem 3) under which matrix F in (23)
is of full column rank.

Theorem 2: The Jacobian matrix J is of full column rank
only if matrices T̄ and L̄i, for i = 2, . . . ,N, are of full column
rank, respectively1, where

T̄ = [0;Ψ;0] , L̄i =

[
I2 0
0 Φi

]
, (24)

with Ψ and Φi being defined in (55) and (56), respectively.
Proof. See Appendix A.
Theorem 3: The Jacobian matrix J is of full column rank if

the following statements hold concurrently:
(i) Any matrix resulting from the horizontal concatenation

of L̄ j and T̄ is of full column rank, 2≤ j ≤ N.
(ii) All matrices L̄i, i = 2, . . . ,N and i ̸= j are of full column

rank.
Proof. See Appendix A.

C. Special Cases When Observability is Impossible

It can be seen from Proposition 1 and Theorems 1-3 that
observability of the considered identification question is deter-
mined both by the configuration of microphone arrays (i.e., the
relative transforms, namely, orientation and translation) and
the sound source positions. This raises the question of under
what conditions on the microphone array configuration and the
sound source trajectory, the necessary conditions in Theorem 2
cannot hold. In this section, we will focus on this question and

1As shown in the full proof in Appendix A, submatrices T̄ and L̄i are
obtained from the matrices after applying elementary transformations to T
and L (both defined in (23)), respectively.

discover some special cases where observability is impossible.
Our major result is stated in Theorems 4-5.

Theorem 4: The matrix T̄ is not of full column rank if one
or more of the following conditions hold.

(i) For all microphone arrays, there exists fewer than five
time steps information (i.e., the value of K in (23) is less than
5).

(ii) The sound source positions at all moments are collinear
with the origin of the global frame {xarr 1}, i.e., sk = λ k−1sk−1

always holds, where k = 2, . . . ,K, and λ k−1 is an arbitrary non-
zero scalar (λ k−1 might take different values at different time
steps).

(iii) The sound source lies on any Euclidean plane of
x + αy = 0, x + β z = 0, and y + γz = 0 within the three-
dimensional x-y-z Cartesian coordinate frame {xarr 1}, at all
moments, where α,β ,γ are arbitrary scalars.

Proof. See Appendix A.
Theorem 5: The matrices L̄i, i = 2,3, · · · ,N, are not of full

column rank if one or more of the following conditions hold:
(i) The sound source positions at all moments are collinear

with the origin of the frame {xarr i}, i.e., (sk − xp
arr i) =

εk−1(sk−1−xp
arr i) always holds, where k = 2, . . . ,K and εk−1

is an arbitrary non-zero scalar (εk−1 might take different values
at different time steps).

(ii) For the i-th microphone array, one of the Euler angles
satisfies θ

y
arr i =±

π

2 .
Proof. See Appendix A.

D. Discussions

The observability analysis presented in the above sub-
sections refers to conditions concerning the ground truth
value of the sound source trajectories or the configurations
of microphone arrays. Hence, the observability analysis is
of theoretical interest as it can serve as guidelines when
designing microphone array configurations or the sound source
trajectories during the calibration process. One can also rely on
the results of Section III.C to avoid the unobservable scenarios
from a theoretical point of view.

However, during real calibration processes, the measure-
ments contain noises (i.e., the ground truth is not known a
prior). Hence, the observability analysis results obtained above
are not directly applicable. It is crucial to develop a reliable
algorithmic pipeline that can achieve satisfactory convergence
and accuracy. This will be discussed in the next section. One
should note that the algorithmic pipeline presented in the
sequel can also be applied to the nonobservable cases (but
the calibration results will be unreliable). This is because,
for these scenarios, the noisy measurements do not contain
enough information to estimate the unknown parameters. This
is also why the analysis in Sections III.A to III.C is valuable,
as it suggests avoiding such unobservable situations when
designing the microphone array configurations or the sound
source trajectories.

Based on the above arguments, to validate the theoretical
analysis, we will discuss both observable and unobservable
situations in the numerical simulations in Section V. In the
experimental results of Section VI, we will only design
experiments that correspond to observable cases.
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Fig. 2. Initialization process of unknown parameters for the microphone arrays
and sound source. (a) Estimation of the initial position of the sound source by
triangulation. (b) Estimation of the distances between the sound source and
microphone arrays using 3D geometry. (c) Estimation of microphone arrays
initial positions and orientations using ICP. (d) Estimation of inter-array initial
time offset and sampling clock difference using LLS.

IV. BATCH SLAM BASED CALIBRATION

In this section, we present our proposed pipeline for batch
SLAM based joint calibration of multiple microphone arrays
and sound source localization. As illustrated in Fig. 1, we
treat the microphone arrays as landmarks and the sound
source as a mobile robot in the corresponding batch SLAM
problem and utilize Gauss–Newton iterations to solve the
corresponding NLS problem. More specifically, we propose
an effective framework to initialize the unknown parameters
which are used as the initial guess in the Gauss–Newton
iterative algorithm.

A. The Proposed Initialization Procedure

For notational simplicity, in the sequel, we use dk
i and T k

i
to denote the Gaussian noise corrupted DOA and inter-array
TDOA measurements, respectively. We use ·̂ to represent the
estimates of the unknown scalar/vector/matrix parameters. Our
proposed initialization procedure is composed of the following
main steps: (i) estimation of the sound source position by
triangulation; (ii) estimation of the distance between the sound
source and microphone arrays using 3D geometry; (iii) esti-
mation of microphone array poses using ICP; (iv) estimation
of the asynchronous factors using LLS.

(i) Estimation of the sound source position by triangu-
lation: Without loss of generality, the initial trajectory of the
moving sound source in the global frame {xarr 1} is illustrated
in Fig. 2(a). Then, from geometry, the initial position of the
sound source can be obtained by triangulation and using the
first two consecutive DOA measurements as follows:

d̂1
1 =

Lsin(
〈
d2

1,s
1
∆

〉
)

sin(
〈
d1

1,d
2
1

〉
)
, ŝ1 = d1

1 · d̂1
1 (25)

where L =
∥∥s1

∆

∥∥
2, i.e., L is the measured distance that the

source moves between the first two consecutive moments,
⟨·, ·⟩ is the angle of two vectors, and d̂1

1 is the distance
between the first sound source position and the origin. Note
that s1

∆
,d1

1,d
2
1 can be obtained from the relative position and

DOA measurements, respectively. Once the initial position
of the sound source is obtained as above, the sound source
positions at different time steps can be estimated:

ŝk+1 = ŝk + sk
∆. (26)

(ii) Estimation of the distance between the sound source
and microphone arrays using 3D geometry: We calculate
the distance between each source node and microphone arrays
to provide constraints for estimating microphone array poses.
One can construct an over-constrained NLS for estimating
the distance d̂k

i between each source node and microphone
arrays by using the law of cosines constraints. To illustrate, as
shown in Fig. 2(b), each microphone array and any four source
positions A, B, C, and D at the corresponding time instances
form a polyhedron (when the four nodes are coplanar, it is
tetrahedral, and when the four nodes are on different planes,
it forms a five-vertex hexahedral structure). We construct an
NLS problem by enforcing the law of cosines for each face
of the polyhedron (including the two inner faces). For the
scenario shown in Fig. 2(b), denote the estimated squared
distance between any two sound source nodes a, b among
the four source positions A, B, C, and D as:

L̂2
ab = (d̂a

i )
2 +(d̂b

i )
2−2d̂a

i d̂b
i cos

〈
da

i ,d
b
i

〉
,

where da
i and db

i are the unit direction vectors of the corre-
sponding sides with length d̂a

i and d̂b
i , respectively. Denote the

difference between L̂2
ab and L2

ab as:

Fm(a,b) = L̂2
ab−L2

ab

where m = 1,2, · · · ,6 and Lab =
∥∥ŝa− ŝb

∥∥
2. Consider a

system of six nonlinear equations, given by F(dA,B,C,D
i ) =

[F1;F2; · · · ;F6]. We use dA,B,C,D
i to collectively denote the

distances between the four sound source positions and the i-th
microphone array, which can be estimated by solving

min
dA,B,C,D

i

∥∥∥F(dA,B,C,D
i )

∥∥∥2

2

subject to : dA,B,C,D
i > 0

(27)

Note that the nonlinear optimization problem in (27) fea-
tures a polynomial cost function with a fixed number of
unknown parameter dimensions, namely, four edge lengths.
However, the batch optimization problem in (15) has a more
intricate objective function, incorporating polynomials, ex-
ponentials, and trigonometric functions, with 8(N − 1)+ 3K
optimization variables, where N and K represents the numbers
of microphone arrays and time steps, respectively. Hence,
in general, the optimization problem in (27) will be much
easier to solve (it can be conveniently solved, for instance,
using the trust region reflective method [42]) than the entire
batch optimization problem in (15). To improve the estimation
accuracy of d̂k

i at all time instances K, we form combi-
nations by selecting any four sound source positions from
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all time instances, where the i-th microphone array-to-k-th
source line exists within multiple polyhedra. This implies
that we can leverage multiple estimation results to achieve
greater accuracy. By solving for the edge lengths of each
polyhedron and employing the well-known interquartile range
(IQR) method [43, pp. 236], we calculate the average value of
these same edges in different polyhedra. This average serves
as the estimated distance d̂k

i between the i-th microphone array
and the sound source position at the k-th time step.

(iii) Estimation of microphone arrays positions and
orientations using ICP: Note that the positions of the sound
source in the frame {xarr i} can be estimated as:

ŝk
i = dk

i · d̂k
i . (28)

We treat the sound source positions as features in each
coordinate frame. To find the transformation that optimally
aligns the sound source positions with the reference frame is
akin to representing the same features in the reference frame.
To tackle this challenge, we formulate an NLS problem to
minimize the mapping error of sound source positions between
{xarr i} and {xarr 1}:

min
Ri,x

p
arr i

K

∑
k=1

∥∥∥ŝk− (Riŝk
i +xp

arr i)
∥∥∥2

2
, (29)

which is conceptually a point-to-point registration problem
that can be tackled effectively using ICP [38]. Hence, as in
[38], let p and p′i be the geometric mean of the source position
in {xarr 1} and {xarr i}, and they can be computed based on
the estimated sound source positions ŝk

1 and ŝk
i , respectively.

The covariance of the sound source trajectory expressed in the
two different frames becomes:

Ω =
K

∑
k=1

(
ŝk−p

)(
ŝk

i −p′i
)T

. (30)

We perform singular value decomposition on this covariance
matrix:

Ω = UΣVT. (31)

The optimal rotation matrix [38], [44] can be obtained as:

R̂i = UVT. (32)

Then, we can transform the rotation matrix R̂i into the
corresponding ZYX Euler angles [45]. Thus, the initial guess
of microphone array positions can be expressed as:

x̂p
arr i = p− R̂ip′i. (33)

(iv) Estimation of microphone arrays asynchronous
parameters using LLS: In part (ii), the distances between
the sound source and microphone arrays at different time steps
have been estimated. By using the inter-array TDOA measure-
ments, the initial guess of the microphone array asynchronous
factors can be obtained by solving the following LLS problem:

min
xτ

arr i,x
σ
arr i

K

∑
k=1

∥∥∥∥∥T k
i −

(
d̂k

i
c
−

d̂k
1

c

)
− xτ

arr i−∆kxσ
arr i

∥∥∥∥∥
2

2

. (34)

Algorithm 1 Joint Calibration of Multi-asynchronous Micro-
phone Arrays and Sound Source Localization
Input: Sensors measurements z
Output: Estimation of all unknown parameters x̂

// Initialize x̂
Compute the sound source positions ŝk with Eq. (25)-(26);
for i ∈ [2,N] do

for k ∈ [1,K] do
Solve for the distance d̂k

i and the sound source position
ŝk

i in frame {xarr i} via optimization problems (27)-
(28), respectively;

end for
R̂i, x̂

p
arr i← argmin∑

K
k=1

∥∥ŝk− (Riŝk
i +xp

arr i)
∥∥2

2;
Transform R̂i into ZYX Euler angles;
Linear fitting x̂τ

arr i, x̂
σ
arr i with (34);

end for
// Error Minimization
for iter do

H← 0;b← 0;
for all zi j ∈z do

Compute Hi j,bi j with Eq. (35)-(42);
H←H+Hi j;b← b+bi j;

end for
H[1 : 8,1 : 8] = I8; //Fixed the global frame {xarr 1}
△x = H−1 · (−b);
if ∥△x∥2 < ξ then

break;
else

x̂← x̂+△x;
end if

end for

To identify outliers and improve the estimation accuracy of
the inter-array asynchronous factors, we first solve the opti-
mization problem (34). Then, we calculate the residuals by de-
termining the differences between the value T k

i −
(
d̂k

i − d̂k
1
)
/c

and the corresponding fitted value at each time step, and their
average and standard deviation. Subsequently, we perform
normalization to the residuals, i.e., dividing each residual by
the standard deviation to identify and exclude the outliers.
Using the data with the outliers removed as described above,
we solve the optimization problem (34) again, and the final
estimates of the asynchronous factors are obtained.

B. The Batch Optimization Procedure

As described in (15), we construct a standard NLS problem
by considering the microphone arrays as landmarks and the
sound source locations as robot positions. For the Gauss-
Newton iterations, the increment of each iteration can be
obtained by solving:

H△x =−b,

where H is the approximation matrix of the Hessian matrix
and b is the coefficient vector [27]:

H = ∑i, j∈C Hi j = ∑i, j∈C JT
i jW−1Ji j

b = ∑i, j∈C bi j = ∑i, j∈C JT
i jW−1ei j

(35)
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where i and j are the two nodes in the graph (formed by the
sound source at different positions and microphone arrays),
C is the full set of measurements, and Ji j is the Jacobian
matrix of the error function of the corresponding nodes. For
the position-position constraint, denote the error between the
expected measurement and real measurement zk,k+1

p,p collected
by the robot as:

ek,k+1
p,p = sk+1− sk− zk,k+1

p,p . (36)

The Jacobian matrix w.r.t. position sk and position sk+1 are:

Ak,k+1
p,p =

∂ek,k+1
p,p

∂ sk =−I3, Bk,k+1
p,p =

∂ek,k+1
p,p

∂ sk+1 = I3. (37)

For the position-landmark constraint, denote the error between
the expected measurement and the real measurement zk

p,l
collected by microphone arrays as:

ek
p,l =

[
T k

i ; dk
i
]
− zk

p,l . (38)

The Jacobian matrices corresponding to landmark l and posi-
tion p are:

Ak
p,l =

∂ek
p,l

∂xarr
, Bk

p,l =
∂ek

p,l

∂ sk . (39)

The structure of the Jacobian matrix is elaborated in Eq. (47)-
Eq. (51). For corresponding nodes i and j, the Jacobian matrix
Ji, j can be succinctly represented as:

Ji, j =

0;0, Ai, j︸︷︷︸
node i

,0, Bi, j︸︷︷︸
node j

,0;0

 . (40)

By omitting the zero blocks, the corresponding sparse block
matrix Hi j and the vector bi j (see Eq. (35)) can be expressed
as:

Hi j =



. . .
AT

i, jW
−1
i j Ai, j · · · AT

i, jW
−1
i j Bi, j

...
. . .

...
BT

i, jW
−1
i j Ai, j · · · BT

i, jW
−1
i j Bi, j

. . .


, (41)

bi j =



...
AT

i, jW
−1
i j ei, j
...

BT
i, jW

−1
i j ei, j
...


. (42)

respectively. Combining the initial guess selection pipeline and
the Gauss-Newton iteration procedure, we then have the entire
calibration algorithm as shown in Algorithm 1.

V. NUMERICAL SIMULATIONS AND RESULTS

We next present extensive numerical simulations to validate
the results in Sections III and IV. Firstly, we verify the observ-
ability analysis results, along with intuitive physical interpre-
tations of unobservable scenarios. Secondly, we compare our
proposed initialization method (which does not require ground

truth) with initialization schemes of adding different levels
of noise to the ground truth (GT) and random initialization.
Thirdly, we verify the robustness of the calibration algorithm
by varying the sound source trajectories.

A. Observable Cases

We firstly present two observable scenarios as shown in
Fig. 3(a). Each scenario comprises eight stationary microphone
arrays and a moving sound source. In case 1, the source
follows a randomly generated 3D trajectory, while in case 2, it
moves along a path on a plane that does not coincide with the
global reference frame. In both scenarios, the moving sound
source emits signals at ten consecutive locations, which are
recorded by the microphone arrays.

The rank of the F matrix in (23) changes over time
steps, as illustrated in Fig. 3(b). Based on Theorem 3, since
rank(M2 T ) = 11 (note that M2 T is defined in (59)) and
rank(diag(L̄i)) = 48, i = 3,4, · · · ,8, it is evident that with an
increasing time step and the source’s movement along these
two trajectories, the F matrix (with dimensions 336×59) grad-
ually become full column rank, i.e. its Jacobian matrix J (with
dimensions 497×86) in (22) is full column rank. This implies
that the calibration scenarios are observable. At the time step
when the Jacobian matrix becomes full column rank, it also
can be verified that rank(diag(L̄i)) = 56, i = 2,3, · · · ,8, and
rank(T̄) = 3 so that Theorem 2 holds. Hence, the simulations
presented so far based on the theoretical analysis worked as
expected. It is worth noting that the sound source positions
are not always in the same line with any array frame or on
the same plane with the reference array frame. Hence, a sound
source trajectory with more motion varieties often can help to
ensure that the necessary conditions stated in Theorem 2 are
met, thereby potentially avoiding the unobservable scenarios.

B. Unobservable Cases

Several unobservable scenarios are presented in the follow-
ing to verify the conclusions in Theorems 4-5.

(i) For the Jacobian matrix to have full column rank, it is
necessary that the time steps are greater than or equal to 3
so that the number of rows of the Jacobian matrix is greater
than the number of columns, according to (21). In addition, as
can be seen from Fig. 3(b), when the number of time steps is
greater than or equal to 3 but less than 5, the Jacobian matrix
is not of full column rank. This reflects that the system is
unobservable when the number of time steps is less than 5.

(ii) For the sound source trajectories shown in Fig. 3(c), the
first case is that the sound source stays co-linear with the origin
of the global frame {xarr 1} during the entire process, and λ 1:9

in Theorem 4 (ii) take on the values of 2,
3
2
,

4
3
, . . ., and

10
9

respectively. The second case is that the sound source remains
co-planar with global frame {xarr 1}. For this scenario, the
sound source positions all lie on the Euclidean plane defined
by the equation x−y= 0 within the three-dimensional x−y−z
Cartesian coordinate frame {xarr 1}. From Fig. 3(d), we can
see that both cases are unobservable due to the rank deficiency
of matrix F.

(iii) For the sound source trajectories shown in Fig. 3(e),
the first case is that the sound source keeps co-linear with the
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Fig. 3. The scenarios for microphone array calibration and the corresponding variations in the rank of the F matrices. (a) The geometric relationships between
the moving sound source and multiple microphone arrays in two observable cases. (b) Variation of the F matrix rank with the movement of the source in
two observable cases. (c) The geometric relationships when the moving sound source remains co-linear or co-planar with {xarr 1}. (d) Variation of the F
matrix rank in the corresponding unobservable scenarios (e) The geometric relationships when the moving sound source remains co-linear with {xarr 2} or
θ

y
arr 4,7 = π/2. (f) Variation of the F matrix rank in the corresponding unobservable scenarios.

TABLE I
NUMERICAL SIMULATIONS EXPERIMENT PARAMETERS

Parameters Values

Inter-array TDOA noise STD 0.067ms
Elevation angle (DOA) noise STD 5 degrees
Azimuth angle (DOA) noise STD 5 degrees
Relative position noise STD diag3(0.03m)

Max. time offset 0.1s
Max. clock difference 0.1ms
Sound speed in air 346m/s
Max. iterations 50
Threshold ξ 1e-5

origin of {xarr 2} during the movement, and ε1:9 in Theorem

4 (iii) take on the values of 2,
3
2
,

4
3
, . . ., and

10
9

respectively. In

the second case, the Euler angles θ
y
arr 4 and θ

y
arr 7 of {xarr 4}

and {xarr 7} are π

2 , and the sound source travels along the
route of the observable scenario mentioned in case 1 of Fig.
3(f). The rotation angle is at the singular point of observation,
rendering the system unobservable. Hence, the simulations
presented above validate the conclusions in Theorems 4-5.

C. Calibration under Different Initialization Schemes

To validate the initialization pipeline, we employed a pre-
defined trajectory for the sound source, as illustrated in Fig.

4. We utilized our proposed pipeline to initialize the unknown
parameters. For comparison, we added varying levels of noises
to the true values of the unknown parameters for the same
trajectory. These noisy values were then used as initial guesses
for the Gauss-Newton iterations.

In detail, we set the base noise standard deviation for
the microphone array positions, orientations, asynchronous
parameters, and source positions to be diag3(0.2m), diag3(10
degrees), 10−2s, 10−5s, and diag3(0.2m), respectively. We
selected six sets of initial values, i.e., the ground truth (GT),
Random, and Lv1, Lv2, Lv3, Lv4 where Gaussian noises with
a standard deviation of 1, 3, 6, 9 times of the base noise are
added to the GT. For these different initialization schemes,
we conducted 200 Monte Carlo simulations with randomly
selected initial values and used the root mean square error
(RMSE) to measure the accuracy of the estimated values (the
specific formulas are provided in Appendix B).

Furthermore, we also investigated the impact of different
initialization schemes on the convergence ratio of the Gauss-
Newton algorithm. For each initialization scheme, we define
the convergence ratio as the proportion of successful conver-
gence instances to the total number of experiments. During
the optimization process, we assessed the convergence of the
Gauss-Newton algorithm based on the square norm of the
optimization step size, i.e., ∥∆x∥2. We classify any of the
following three scenarios as divergent: (1) ∥∆x∥2 exceeds 1e8
in any iteration; (2) ∥∆x∥2 exhibits oscillations above 1e3 and
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TABLE II
THE RMSE OF CALIBRATION RESULTS UNDER VARYING

INITIALIZATION NOISE LEVELS: ANALYSIS OF 200 MONTE
CARLO SIMULATIONS (BOLD MEANS BETTER)

Noise
Levels

Microphone Array SRC Convg.
RatioPos.

(m)
Orie.
(deg.)

Offset
(ms)

Clock
(us)

Pos.
(m)

GT 2.796e-02 1.173 1.078e-01 7.579 4.228e-02 100%
Ours 2.797e-02 2.348 1.078e-01 7.584 4.229e-02 100%
Lv1 2.973e-02 6.299 0.992e-01 7.865 4.475e-02 100%
Lv2 3.143e-02 19.790 1.348e-01 8.730 4.611e-02 99.0%

Lv3 6.026e-02 42.860 3.010e-01 33.196 1.011e-01 78.5%

Lv4 7.861e-01 64.250 3.239 68.573 2.754e-01 44.0%

Random 6.928e-01 67.636 2.416 82.810 2.635e-01 43.0%

does not come down below 1e3; (3) ∥∆x∥2 keeps growing
as the iteration step increases. Otherwise, the Gauss-Newton
algorithm is deemed convergent.

Note that, during the numerical experiments, we keep the
multiple microphone arrays stationary while the sound source
is in motion. The parameters used in the numerical experi-
ments are summarized in Table I (note that in practice, the
DOA information can be conveniently indicated by elevation
and azimuth angles in 3D. Hence, we will use the latter
two angles to represent DOA in the remainder of the paper).
Specifically, in our Monte Carlo simulations, the true values of
all unknown parameters remain fixed, and the initial values for
the Gauss-Newton iterations of each simulation are obtained
as described above. Additionally, each simulation utilizes
measurements with the same noise level. In other words, noises
are added to the theoretical measurement values with standard
deviations (STD), as shown in Table I, resulting in the final
measurement values used in simulations for inter-array TDOA,
DOA, and sound source relative positions.

The results are presented in Table II. It is evident that
with an increase in the noise level of initialized values for
the unknown parameters, the final estimation errors gradually
increase (except for the time offset, where Lv1 has a negligible
advantage over GT), and the convergence ratio decreases.
Furthermore, it can be observed that without relying on the GT
for initial guess selection, the performance of our calibration
algorithm is comparable to the case using the GT as the initial
value. In terms of estimating the microphone array orientation,
our method is slightly less accurate compared to using the
GT as the initial guess. This demonstrates the effectiveness of
our proposed framework. In contrast, the random initialization
method, frequently used in many optimization problems, ex-
hibits inferior performance. Although it outperforms Lv4 in
terms of the accuracy of some parameters, it has the lowest
convergence ratio, indicating the unreliability of a random
strategy. The above comparisons highlight the necessity of an
appropriate initialization algorithm in the calibration process
and the effectiveness of our proposed pipeline.

D. Calibration Using Random Trajectories

To verify the robustness of the proposed calibration frame-
work, we generate ten random trajectories, each involving
five microphone arrays and 80 sound-emitting events. Take

a trajectory shown in Fig. 5 as an example (only the first
40 sound-emitting events for illustration purposes). Even with
measurement noise interference, the parameter initialization
procedure can obtain initial values that are close to the
ground truth. The initialized values are used in Gauss-Newton
iterations to improve calibration accuracy.

Fig. 6 shows the error distribution between the initialized
values obtained by our proposed initialization method and
the ground truth for ten different trajectories. In the box
plot, the blue circle represents the outliers obtained from the
interquartile range, while the upper and lower black horizontal
lines represent the maximum and minimum values of the
non-outlier errors. The upper and lower edges of each box
represent the upper and lower quartiles, respectively, and the
middle blue line corresponds to the median of the errors. The
orange triangle represents the mean of the errors. The errors
between our initial values and the ground truth are small,
which promotes the convergence of the calibration algorithm.

Fig. 7 shows the error distribution between the final esti-
mated values and the ground truth for ten different trajectories.
Similar to Table II, the results indicate that while the accuracy
of the microphone array orientation estimation is slightly lower
than that of other parameters due to the larger DOA measure-
ment noise, the calibration of all parameters is accurate.

Finally, we remark that the relatively poorer accuracy for
microphone array orientation shown in Table II and Fig. 7 is
mainly attributed to the large magnitude of DOA measurement
noise used in the simulation. As indicated in Table I, for
our simulations, the elevation and azimuth angle noise STD
are both 5°. If we reduce the elevation and azimuth angle
noise STD, the accuracy of microphone array orientation will
be improved. However, due to limited space, we skip these
comparisons and results here.

VI. REAL-WORLD EXPERIMENTS

In this section, we validate our calibration method using real
data. In our experiment, a Turtlebot3 mobile robot moves in an
indoor environment, and multiple microphone arrays capture
the sound signal emitted by the robot. More specifically,
we use the iFLYTEK M160C microphone array consisting
of six independent microphones arranged in a circular and
evenly distributed configuration, with a diameter of 70.85mm,
a sampling depth of 32 bits, a sampling rate of 16 KHz, and
an effective pickup range of 3.5 meters, as shown in Fig. 8(a).
The mobile robot is equipped with an Intel D435i camera
with an integrated inertial measurement unit (IMU), as shown
in Fig. 8(b). It also includes a four-channel trajectory detector
for tracking predefined paths and a 3W 8Ω speaker for sound
emission.

In the experimental setup, four microphone arrays are placed
in an open area of an academic building. The experimental
area is 15.5 meters long, 10 meters wide, and 3.3 meters
high, as shown in Fig. 8(c). The microphone arrays remain
stationary and receive audio signals while the mobile robot
travels along the black trajectory on the ground. When the
robot detects the cross-shaped sound markers on the ground, it
immediately emits a chirp signal with a frequency of 1000 Hz
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(a) (b) (c)

Fig. 4. Estimation results of the preset trajectory with 5 microphone arrays and 24 sound signals. (a) The initial and the true values of microphone array
positions, orientations, and sound source positions. (b) The fine-tuned and true values of microphone array positions, orientations, and sound source positions.
(c) The initial, fine-tuned, and true values of microphone array time offsets and sampling clock differences between microphone arrays.

(a) (b) (c)

Fig. 5. Estimation results of the random trajectory with 5 microphone arrays and 80 sound signals. (a) The initial and the true values of microphone array
positions, orientations, and sound source positions. (b) The fine-tuned and true values of microphone array positions, orientations, and sound source positions.
(c) The initial, fine-tuned, and true values of microphone array time offset and sampling clock differences between microphone arrays.

(a) (b) (c) (d) (e)

Fig. 6. Error distributions between the initial values and true values for 10 different trajectories. (a) Microphone array positions. (b) Microphone array
orientations. (c) Time offsets. (d) Sampling clock differences. (e) Sound source positions.

(a) (b) (c) (d) (e)

Fig. 7. Error distributions between the estimated values and true values for 10 different trajectories. (a) Microphone array positions. (b) Microphone array
orientations. (c) Time offsets. (d) Sampling clock differences. (e) Sound source positions.
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Fig. 8. Real-world 3D asynchronous microphone arrays calibration environ-
ment setup. (a) Microphone array with pan-tilt head. (b) Turtlebot3 robot with
Multi-sensors. (c) Typical physical scenario.

to 2000 Hz through a speaker driven by a Class-D amplifier,
lasting for 300 ms, and then moves on the trajectory. We
carry out the following activities to validate the effectiveness
and performance of the proposed calibration pipeline across
diverse scenarios:

1) Firstly, we compare the calibration results achieved
through various initialization strategies (see Section VI.B).

2) Next, we explore the influence of the absence of sound
source relative position measurements on the estimation accu-
racy in the optimization process (see Section VI.C).

3) Moreover, we vary the spacing between the microphone
arrays to cover a range of scenarios and scene scales to assess
the calibration performance of our method (see Section VI.D).

4) Last but not least, in Section VI.E, we compare the
performance of the proposed initialization method (IM) and
its fine-tuning (FT) version (i.e., the results are obtained by
feeding the initialized values to batch optimization with Gauss-
Newton iterations) with those of other existing methods, in-
cluding the open-source passive geometry calibration method
for microphone arrays based on the differential evolution
algorithm (PGM) [20] and the two-step calibration method
(TSM) based on the L-BFGS algorithm [23].

A. Data Collection and Ground Truth

The trajectory of the robot is pre-defined to obtain the
ground truth of sound source positions in the global frame. The
position of the speaker during audio playback, corresponding
to the sound marker’s coordinates and the mobile robot’s
height, is regarded as the ground truth for the sound source
positions. The microphone arrays were placed w.r.t. each other

{ !""_#}
{ !""_#}

(a)

{ !""_#}

(b)

(c) (d)

Fig. 9. Real environment microphone arrays calibration results. (a) The initial
and the true values of microphone arrays positions, orientations, and sound
source positions. (b) The fine-tuned and true values of microphone arrays
positions, orientations, and sound source positions. (c) The calibration result
of microphone arrays time offsets (e) The calibration result of microphone
arrays sampling clock differences.

according to known preset values (i.e., these are taken to
be the true values of microphone array positions) before the
experiment started. The frame {xarr 1} attached to the first
microphone array is taken to be the global coordinate system.
As shown in Fig. 8(a), we affix each microphone array to a
pan-tilt head. Subsequently, the pan-tilt head attached to each
microphone array (except the first one) is rotated by certain
known pre-set angles which are used to calculate the ground
truth value of the Euler angles of the microphone arrays.

We determine the GT values of time offset and sampling
clock difference as follows. To compute the ground truth
for time offset, we subtract the theoretical time difference
(excluding time offset and sampling clock difference) between
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the first sound marker received by each microphone array
and the reference microphone array from the actual time
difference. Note that due to the robot’s quick arrival at the first
sound marker, the clock difference is so small at this moment
that it can be considered negligible. For clock difference, we
have recorded 8 hours of audio using multiple microphone
arrays placed at the same distance relative to the sound source.
This recording includes start and end signals. We calculate the
ground truth for sampling clock difference by comparing the
number of samples recorded by each microphone array with
that of the reference microphone array during this period.

The following three kinds of measurements are obtained
during the experiment:

1) For inter-array TDOA measurements between any mi-
crophone array and the reference microphone array at the k-th
sound marker, we employ a sliding window technique to break
down the sound signal into short frames. Subsequently, we
compute the power spectrum of each frame to determine the
valid sound region. Each frame has a duration of 25 ms, and a
Hamming window is applied to prevent spectral leakage. For
the valid sound region, we apply the GCC-PHAT algorithm
[46], widely used in robotic sound localization, to compute
the inter-channel time differences for all combinations of
6 channels × 6 channels. The average time difference is
calculated as the inter-array TDOA.

2) For DOA measurements of the microphone array, we
employ the Steered Response Power-Phase Transform (SRP-
PHAT) algorithm [47] on the obtained signal region, with a
discrete search angle resolution of 3 degrees. This technique
leverages the spatial filtering capability of the microphone
array to estimate the received power from a set of candidate
directions. The source is then identified by selecting the
location associated with the highest energy. The estimated
azimuth and elevation angles are subsequently transformed
into three-dimensional unit direction vectors.

3) For the sound source relative position measurements,
we utilize a visual-inertial odometry (VIO) method [48] that
integrates camera and IMU data. This approach fuses visual in-
formation and inertial data, providing more accurate and robust
displacement measurements. This allows us to integrate more
measurements related to robot motions, thereby enhancing the
accuracy and reliability of the sound source relative position
measurements.

B. Comparisons between Different Initialization Methods

For the case when four microphone arrays are placed on
the corners of a square (2m × 2m), we collect data for five
different trajectories, each repeated three times, resulting in a
total of 15 datasets. These collected datasets have been used
to explore the impact of different initial values in real-world
experiments.

Based on the GT and measurement models in Section II
(see (10)-(11)), we then calculate the following measurement
errors: the inter-array TDOA measurement error has mean
value 3.15e-4 seconds with STD of 1.25e-3; the azimuth
angle error has mean value of 6.02 degrees with STD of
4.69 degrees; the elevation angle error has mean value of 5.45
degrees with STD of 5.97 degrees, and the VIO measurement

TABLE III
THE RMSE OF CALIBRATION RESULTS UNDER VARYING

INITIALIZATION NOISE LEVELS USING REAL DATA: ANALYSIS
OF 200 MONTE CARLO EXPERIMENTS (BOLD MEANS BETTER)

Noise
Levels

Microphone Array SRC Convg.
RatioPos.

(m)
Orie.
(deg.)

Offset
(ms)

Clock
(us)

Pos.
(m)

GT 0.233 7.936 1.514 12.712 0.156 100.0%
Ours 0.233 9.650 1.515 12.749 0.156 100.0%
Lv1 0.233 8.291 1.521 12.713 0.156 99.87%

Lv2 0.561 10.511 2.915 12.898 0.179 39.30%

Lv3 1.068 34.799 4.886 13.819 0.419 3.53%

Random 0.839 78.303 20.730 56.709 0.775 0.10%

error has mean value [2.06e-2, 2.49e-2, 6.13e-3] meters with
STD of [9.64e-3, 3.65e-2, 8.44e-3] meters. These errors were
obtained by comparing the measured values from the sound
signal with the theoretical values.

We set the base noise standard deviation for the micro-
phone array positions, orientations, asynchronous parameters,
and source positions to be diag3(0.2m), diag3(10 degrees),
10−2s, 10−5s, and diag3(0.2m), respectively. Subsequently, for
comparison, we obtain initial values with different levels of
errors (GT, Lv1, Lv2, Lv3, and Random), similar to those
described in Section V.C. Using each of the 15 datasets,
for these different initialization schemes, we conducted 200
Monte Carlo experiments with randomly selected initial values
(note that for our proposed initialization method and the
initialization using GT, there is only one experiment) and
the corresponding real measurements. The results using the
above different initialized values are shown in Table III and
the calibration results of our method for one of the datasets
are depicted in Fig. 9.

From Table III, it can be observed that for real data, the
overall calibration accuracy is slightly lower compared to that
of simulation studies, primarily due to noise sources such
as motion noise from the mobile robot, sensor measurement
noise, and manual interference. However, the effectiveness
of our proposed method is evident. In real-world settings,
our initialization method produces calibration results almost
identical to those obtained using ground truth values directly
or Lv1 as initial values, with only slightly reduced orientation
accuracy. This is because, unlike simulations, the measurement
noises in real-world settings are, in general, not Gaussian
and the accuracy of DOA and TDOA measurements is lower.
Notably, the noises in DOA measurements (w.r.t. the ground
truth values) almost overshadow the performance differences
between the initialization methods GT, Lv1, and our initial
values. Despite that, the results indicate the effectiveness of our
method in scenarios with non-Gaussian and large measurement
noises.

Regarding convergence ratio, both our initialization method
and direct use of ground truth values achieve 100% conver-
gence. As the initial noise level increases, the convergence
ratio of initialization using noise-corrupted GT values signif-
icantly decreases, especially in cases with higher levels of
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TABLE IV
THE RMSE OF CALIBRATION RESULTS UNDER VARYING
INITIALIZATION NOISE LEVELS WITH ONLY ACOUSTIC

MEASUREMENTS: ANALYSIS OF 200 MONTE CARLO
EXPERIMENTS (BOLD MEANS BETTER)

Noise
Levels

Microphone Array SRC Convg.
RatioPos.

(m)
Orie.
(deg.)

Offset
(ms)

Clock
(us)

Pos.
(m)

GT 0.425 11.580 2.015 12.064 0.226 100.0%
Lv1 0.426 12.819 2.012 12.062 0.226 99.90%

Lv2 0.658 14.270 3.100 12.185 0.231 32.07%

Lv3 – – – – – 0.0%

Random – – – – – 0.0%

noise, such as the Lv3 and random initialization methods,
where all Monte Carlo experiments across all 15 datasets
almost always diverge. This underscores the effectiveness and
robustness of our proposed method in real-world scenarios.

C. Calibration with Only Acoustic Measurements

To validate the influence of the sound source relative
position measurements obtained from the VIO method on
the calibration results, this section focuses on conducting
calibration experiments using only acoustic measurements
obtained from the microphone arrays (inter-array TDOA and
DOA measurements). Given that our initialization method
relies on relative position measurements of the sound source,
we cannot use it for comparison purposes. Hence, we perform
Gauss-Newton optimizations initialized by ground truth values
corrupted by Gaussian noise across varying levels. Following
Section VI.B, Monte Carlo experiments are carried out under
varying initialization noise levels using the real measurements
from the 15 datasets (excluding the sound source relative
position measurements from VIO).

Comparing the results in Table III and Table IV (including
and excluding the sound source relative position measure-
ments, respectively), it is evident that without the sound
source relative position measurements, the overall parameter
estimation results are poorer. In particular, the estimation ac-
curacy of the relative transforms (i.e., orientation, translation)
between microphone arrays and sound source positions, and
the convergence ratio are lower than the case with sound
source relative position measurements. However, as it can also
be seen from Table III and Table IV, the absence of sound
source relative position measurements from VIO has less
impact on the estimation accuracy of asynchronous parameters
between the microphone arrays.

D. Calibration Across Varied Scene Scales

In this section, we conducted experiments to investigate the
influence of the distances between the microphone arrays and
the sound source on the calibration results. This factor plays
a pivotal role in the calibration process of microphone arrays,
as it impacts the propagation of sound signals and the level
of measurement noises. For instance, in scenarios involving
long-distance sound propagation, sound signals undergo prop-
agation loss and are subject to noise interference, resulting

(a)

(b)

Fig. 10. Distance’s impact on sound perception. (a) The relationship between
the distance of the sound source relative to the microphone array and
maximum SNR; the color map illustrates the ratio of having a certain distance
(the x-axis) between the sound source and the microphone arrays during the
whole experiment process, across the 12 real datasets. (b) The relationship
between sound source distance relative to the microphone array and DOA
estimation errors, as well as inter-array TDOA estimation errors.

TABLE V
THE RMSE OF CALIBRATION RESULTS UNDER VARYING
SCENE SCALES IN REAL-WORLD EXPERIMENTS (BOLD

MEANS BETTER)

Distance
Microphone Array SRC

Positions
(m)

Orientations
(deg.)

Offset
(ms)

Clock diff.
(us)

Position
(m)

1 m 0.197 7.381 0.847 2.956 0.071
2 m 0.173 5.825 1.272 4.327 0.116

3 m 0.618 55.691 1.251 13.817 0.240

5 m 2.557 81.966 3.811 20.712 0.253

in signal attenuation and a decrease in the signal-to-noise
ratio (SNR) [3]. We consider four scenarios with different
microphone array spacings: 1 meter, 2 meters, 3 meters, and
5 meters. Under these varying distances, the Turtlebot3 robot
moves in proximity to the microphone arrays, emitting chirp
signals with consistent sound intensity. We record data for each
setup, with each experiment repeated three times, resulting in
a total of 12 datasets.

Using the datasets collected with different microphone array
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TABLE VI
THE RMSE OF CALIBRATION RESULTS FROM DIFFERENT

METHODS IN REAL-WORLD EXPERIMENTS (BOLD MEANS
BETTER)

Method
Microphone Array SRC Average

Time
(s/dataset)Pos.

(m)
Orie.
(deg.)

Offset
(ms)

Clock
(us)

Pos.
(m)

PGM [20] 1.589 45.083 – – – 3661.152

TSM [23] 1.227 47.461 1.671 – 1.027 48.064

IM (Our) 0.378 11.730 1.896 18.334 0.219 6.770

FT (Our) 0.233 9.650 1.515 12.749 0.156 2.892

spacings (1 meter, 2 meters, 3 meters, and 5 meters, respec-
tively), we calculate the SNR that the microphone arrays can
capture, and the ground truth values of the microphone arrays
positions and the sound markers positions in the global frame
are directly measured using a rangefinder. Subsequently, the
distances from the microphone arrays to the sound source at
different sound marker positions in the 12 collected datasets
could be easily calculated. In Fig. 10(a), it can be observed
that there is a significant decrease in the maximum SNR that
the microphone array can capture as the distance between the
mobile robot and the microphone arrays gradually increases.
The color map illustrates the ratio of having a certain distance
(the x-axis of Fig. 10(a)) between the sound source and
the microphone arrays, during the whole experiment process,
across the 12 real datasets2. Meanwhile, Fig. 10(b) clearly
shows a significant decrease in the accuracy of both DOA
and inter-array TDOA estimations with the increasing distance
between the sensor array and the signal source. Table V
summarizes the calibration results for different spacing cases.
It can be seen from Table V that, compared to the greater
spacings of 3 meters and 5 meters, our proposed calibration
pipeline achieves better performance for the spacing cases of
1 meter and 2 meters. Moreover, one can also notice from
Table V that the calibration results for microphone array
positions and orientations at 2m were better than those at
1m, because the SNR increases in the 1-2m range (see Fig.
10), while the elevation angle measurement error (w.r.t. the
ground truth values) gradually decreases and the azimuth angle
measurement error (w.r.t. the ground truth values) almost stays
the same. The above results further illustrate the impact of
distance on calibration performance.

E. Comparisons with Existing Methods

We next compare our proposed calibration pipeline with
the existing algorithms using the datasets collected in Section
VI.B. These algorithms include the passive geometry calibra-
tion method3 for microphone arrays based on the differential
evolution algorithm (PGM) [20] and the two-step calibration
method based on the L-BFGS algorithm (TSM) [23]. It is

2For example, in our experiments, there are 4 microphone arrays; for every
dataset, there were 13 sound events; so in total, there are 4 ∗ 12 ∗ 13 = 624
scenarios; if there are 138 scenarios where the sound source is 1m–1.5m away
from any microphone array, then its corresponding ratio is 138/624∼ 0.22.

3The original algorithms in [20] is for the 2D case. For comparison
purposes, we have revised it accordingly for the 3D case.

worth noting that these two calibration methods do not in-
corporate relative position measurements, i.e., they overlook
the constraints among the positions of the sound source.
Additionally, PGM does not include the calibration of time
offsets and sampling clock differences among microphone
arrays, while TSM disregards sampling clock differences, and
the above methods lack an effective initialization process.

To showcase the efficiency of each calibration algorithm,
we measure the average time required for each of the 15
calibration datasets for different methods on a PC with 32 GB
RAM and an Intel Core 3.1 GHz i5-10505 processor. Table
VI provides a summary of quantitative comparisons, where the
RMSE is calculated based on the metrics listed in Appendix B.
The experimental results indicate that our proposed methods
(both IM and FT) outperform both PGM and TSM. Besides,
the proposed method takes approximately 9 seconds (the total
time that both initialization and Gauss-Newton iteration take)
to automatically generate a highly accurate calibration of the
multiple microphone arrays in 3D, which is faster than TSM
and PGM, demonstrating its desirable efficiency.

F. Discussions

It is evident from the previous simulation and experimental
results that the proposed method demonstrates strong robust-
ness, outperforming existing calibration methods in terms of
both accuracy and speed. Moreover, one should note that
calibration accuracy is influenced by the measurement noises
of the sensors, which is a critical factor. It is also worth noting
that the SNR decreases as distances increase between the
sound source and the microphone arrays, as pointed out in the
existing works [5], [49], and [50]. Consequently, calibration
accuracy gradually diminishes with increasing distance. This
phenomenon is also observed for our proposed calibration
framework, as shown in Section VI.C.

Finally, we remark that while the proposed method can
tolerate certain noises such as the robot motion noise and
air conditioner noise, it might face challenges in more com-
plex scenarios with diffraction, reflection, and multiple sound
sources. In these scenarios, to achieve satisfactory calibration
accuracy, one has to incorporate other advanced techniques
reported in the literature [5], [50], [51, pp. 217-241].

VII. CONCLUSION

This paper is concerned with the joint calibration of multiple
asynchronous microphone arrays and sound source localiza-
tion via batch SLAM. First of all, using the FIM approach,
we have conducted a systematic observability analysis of the
batch SLAM framework for the above-mentioned calibra-
tion problem. More specifically, we have established neces-
sary/sufficient conditions guaranteeing that the FIM and the Ja-
cobian matrix have full column rank, which further implies the
identifiability of the unknown parameters. Several scenarios
where the unknown parameters are not uniquely identifiable
have also been discovered and discussed. Subsequently, for
solving the corresponding NLS problem, an effective frame-
work has been proposed to obtain initialized values for the
unknown parameters, which are used as the initial guesses in
Gauss–Newton types of iterations in batch SLAM and further
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improve optimization accuracy and convergence. Extensive
Monte Carlo simulations and real experiments confirm that
the proposed method exhibits high efficiency, accuracy, and
robustness in parameter calibration in 3D cases, outperforming
the state-of-the-art frameworks for multiple microphone arrays
calibration.

The main focus of our current and future work is to consider
the active calibration problem of single or multiple microphone
arrays where the sound source can optimize its trajectory
in real-time to actively collect measurements that contain
richer information for improved accuracy and performance, in
contrast to the scenarios where the sound source is operated
by a human. The calibration problem of moving microphone
arrays is also of interest in our future work.
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APPENDIX A

Proof of Proposition 1. Firstly, we note that the relative
position of the sound source satisfies sk−1

∆
= sk− sk−1 +wk−1

whose corresponding Jacobian matrices are

∂ sk−1
∆

∂ sk−1 =−I3,
∂ sk−1

∆

∂ sk = I3.

Secondly, for i = 2, ...,N, the distance between the i-th
microphone array and the sound source at time instance tk

can be computed as

dk
i =

√
(∆xk

i )
2
+(∆yk

i )
2
+(∆zk

i )
2

(43)

where

∆xk
i = sk

x− xx
arr i, ∆yk

i = sk
y− xy

arr i, ∆zk
i = sk

z − xz
arr i. (44)

When i = 1, i.e., for the first microphone array, we have

dk
1 =

√
(sk

x)
2
+(sk

y)
2
+(sk

z)
2
. (45)

Based on the DOA and TDOA models in (1) and (2), then

Lk =
∂yk(xarr,sk)

∂xarr
=
[

Jk
arr 2, · · · ,Jk

arr N
]
∈ R4(N−1)×8(N−1)

(46)
where for i = 2, ...,N, and k = 1, . . . ,K, and only entries of
Jk

arr i on its (4i− 7 : 4i− 4) rows are nonzero. Then, Lk can
be re-expressed as:

Lk = diag(Hk
arr 2,H

k
arr 3, · · · ,Hk

arr N). (47)

Denote hk
i ,Uk

i as the partial derivative of TDOA and DOA
w.r.t. microphone array positions, respectively; denote Vk

i as
the partial derivative of DOA w.r.t. XYZ Euler angles. We then
have:

Hk
arr i ≜ Jk

arr i(4i−7 : 4i−4, :)

=

[
hk

i 0 1 ∆k
Uk

i Vk
i 0 0

]
∈ R4×8 (48)

where

hk
i =

[
−∆xk

i

cdk
i
,
−∆yk

i

cdk
i
,
−∆zk

i

cdk
i

]
,

Uk
i =−RT

i A

=−RT
i


(∆yk

i )
2+(∆zk

i )
2

(dk
i )

3

−∆xk
i ∆yk

i

(dk
i )

3

−∆xk
i ∆zk

i

(dk
i )

3

−∆xk
i ∆yk

i

(dk
i )

3

(∆xk
i )

2+(∆zk
i )

2

(dk
i )

3

−∆yk
i ∆zk

i

(dk
i )

3

−∆xk
i ∆zk

i

(dk
i )

3

−∆yk
i ∆zk

i

(dk
i )

3

(∆xk
i )

2+(∆yk
i )

2

(dk
i )

3

 ,
(49)

and

Vk
i =

1
dk

i



( ∂RT
i x

∂θx

)
RT

i yRT
i z


∆xk

i
∆yk

i
∆zk

i


T

RT
i x

 ∂RT
i y

∂θy

RT
i z


∆xk

i
∆yk

i
∆zk

i


T

RT
i xRT

i y

(
∂RT

i z

∂θz

)
∆xk

i
∆yk

i
∆zk

i


T



T

(50)

where Ri x,Ri y and Ri z are the rotation matrices about
coordinate frame axes x, y, and z, respectively. RT

i can be
expressed as RT

i = RT
i xRT

i yRT
i z, with

Ri x =

 1 0 0
0 cosθx −sinθx
0 sinθx cosθx


Ri y =

 cosθy 0 sinθy
0 1 0

−sinθy 0 cosθy


Ri z =

 cosθz −sinθz 0
sinθz cosθz 0

0 0 1


.

Denote Tk =
∂yk(xarr,sk)

∂ sk ∈R4(N−1)×3 as the partial derivative
of TDOA and DOA observations w.r.t. sound source position at
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time instance tk, for k = 1, . . . ,K. We then have the expression
of Tk as follows:

Tk =
∂yk(xarr,sk)

∂ sk =
[

Jk
x Jk

y Jk
z
]

=


−hk

2
−Uk

2
...
−hk

N
−Uk

N

−



(
sk

cdk
1

)T

03×3
...(

sk

cdk
1

)T

03×3


. (51)

The results then follow the definition of the Jacobian matrix
[41, pp. 569]. This completes the proof.

Proof of Theorem 2. By performing elementary row trans-
formation of F, we can obtain:

F =



H1
arr 2 T1

arr 2
...

...
HK

arr 2 TK
arr 2

H1
arr 3 T1

arr 3
...

...
HK

arr 3 TK
arr 3

. . .
...

H1
arr N T1

arr N
...

...
HK

arr N TK
arr N



=


Harr 2

Harr 3
. . .

Harr N︸ ︷︷ ︸
L

Tarr 2
Tarr 3

...
Tarr N


︸ ︷︷ ︸

T

(52)

where

Harr i =
[

H1
arr i; · · · ;HK

arr i
]
∈ R4K×8

Tarr i =
[

T1
arr i; · · · ;TK

arr i
]
∈ R4K×3

for i = 2, ...,N. Apparently, it holds that rank(F) = rank(F).
Also, due to the structure of Harr i, their columns are inde-
pendent of each other. For each microphone array, denote
Farr i =

[
Harr i Tarr i

]
. We then perform the following

elementary transformation on the matrix Farr i:
(i) adding the first column block

[
h1

i ;U1
i ; · · · ;hK

i ;UK
i
]

of
Harr i to Tarr i;

(ii) exchanging row blocks to collect all hk
i and Uk

i together,
respectively, thereby obtaining

Farr i =

[
Mh i 0 1K×1 ϕk

MU i MV i 0 0
−tk

0

]
∈ R4K×11 (53)

where

Mh i = [h1
i ;h2

i ; . . . ;hK
i ], MU i =

[
U1

i ;U2
i ; . . . ;UK

i
]
,

MV i =
[
V1

i ;V2
i ; . . . ;VK

i
]

, ϕk =
[

∆1;∆2; . . . ;∆K
]
,

tk =

[ (
s1

cd1
1

)T
;
(

s2

cd2
1

)T
; . . . ;

(
sK

cdK
1

)T
]
.

We further perform the following elementary operations on
Farr i, i = 2,3, · · · ,N:

(i) dividing the fourth column block by ∆1;
(ii) for k = 2,3, · · · ,K, deducing the k-th row by the first

row;
(iii) transforming the elements in the first row (except the

third one) to zero by the third column block (the first element
therein equals 1 while the other elements equal zero after the
elementary operations listed above);

(iv) for k = 3,4, · · · ,K, deducing the k-th row by the second
row multiplied by ∆k−∆1

∆2−∆1
;

(v) transforming the elements in the second row (except the
fourth one) to zero by the fourth column block (the second
element therein equals 1 while the other elements equal zero
after the elementary operations listed above);

(vi) moving column blocks 3 and 4 to columns blocks 1
and 2, respectively.

After the above operations, we obtain

F′arr i =
[

L̄i T̄
]

(54)

where

T̄ =

 0
Ψ

0

=



02×3

Θ1,3

 (sk)
T

cdk
1

−Θ3,1(∆k)

Θ2,1(∆k)
Θ1,2

 (sk)
T

cdk
1


Θ1,4

 (sk)
T

cdk
1

−Θ4,1(∆k)

Θ2,1(∆k)
Θ1,2

 (sk)
T

cdk
1


...

Θ1,K

 (sk)
T

cdk
1

−ΘK,1(∆k)

Θ2,1(∆k)
Θ1,2

 (sk)
T

cdk
1


03K×3


(55)

and

L̄i =diag(I2,Φi)

=



1 0 0 0
0 1 0 0
0 0 Θ3,1(hk

arr i)−
Θ3,1(∆k)

Θ2,1(∆k)
Θ2,1(hk

arr i) 0

0 0 Θ4,1(hk
arr i)−

Θ4,1(∆k)

Θ2,1(∆k)
Θ2,1(hk

arr i) 0

...
...

...
...

0 0 ΘK,1(hk
arr i)−

ΘK,1(∆k)

Θ2,1(∆k)
Θ2,1(hk

arr i) 0

0 0 U1
arr i V1

arr i
0 0 U2

arr i V2
arr i

...
...

...
...

0 0 UK
arr i VK

arr i



(56)

with h, U, and V being defined in (48), Θm,n( f (k)) represents
f (m)− f (n). With the above elementary row and column
transformations, we have

F∼ F′ =


L̄2

L̄3
. . .

L̄N︸ ︷︷ ︸
L′

T̄
T̄
...
T̄


︸ ︷︷ ︸

T′

. (57)
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It holds that rank(F) = rank(F) = rank(F′). From the struc-
ture of F′, we can see that the block columns containing
L̄i, i = 2, ...,N, are independent of each other. A necessary
condition for F′ to be of full column rank is that L̄i and T̄ are
of full column rank, respectively, i = 2, ...,N. This completes
the proof.

Proof of Theorem 3. Here we take j = 2 as an example.
For F′, we could perform elementary row block changes: for
i = 3, . . . ,N, deduce L̄i row block by the first-row block and
obtain: 

L̄2 T̄
−L̄2 L̄3 0

...
. . .

...
−L̄2 L̄N 0

 . (58)

Denote the submatrix of this matrix as:

M2 T =

 L̄2 T̄
...

...
−L̄2 0

 . (59)

From the structure in (58), we can see clearly that if:
(i) M2 T is of full column rank, and
(ii) diag(L̄3, . . . , L̄N) is of full column rank,

then F′ will be of full column rank. Due to the fact that
rank(F) = rank(F) = rank(F′), the Jacobian matrix J is of
full column rank. Similarly, the same conditions hold when
j equals to 3, . . . ,N. So the Jacobian matrix J is of full
column rank if any matrix consisting of the ( j−1)-th column
block and the last column block in F′ is of full column rank,
2 ≤ j ≤ N, and L̄i are of full column rank, i = 2, . . . ,N and
i ̸= j. This completes the proof.

Proof of Theorem 4. (i) T̄ in (55) is of full column rank
only if a 3 × 3 matrix formed by at least one of the three-
permutation of its rows is full rank. For

(
sk
)T ∈R1×3,1≤ k≤

K, the necessary condition for T̄ to be of full column rank is
K ≥ 5. If K < 5, T̄ can not be of the full column rank.

(ii) Based on (45), when sk = λ k−1sk−1, we could derive
sk

dk
1
= sk−1

dk−1
1

. From the expression of T̄, we can see that T̄ cannot

be of full rank if sk is proportional to each other, k = 1, · · · ,K.
In this case, the sound source is collinear with the origin of the
reference microphone array frame {xarr 1} at all time steps.

(iii) If the sound source lies on any Euclidean plane of
x + αy = 0, x + β z = 0, and y + γz = 0 within the three-
dimensional x− y− z Cartesian coordinate frame {xarr 1} at
all moments, where α , β , and γ are arbitrary scalars, the
sound source position sk, 1 ≤ k ≤ K, could be expressed as[
−αsk

y;sk
y;sk

z
]
,
[
−β sk

z ;sk
y;sk

z
]
, and

[
sk

x;−γsk
z ;sk

z
]
, respectively.

T̄ will not be of full column rank. Specifically, if α = 0 or
β = 0 or γ = 0, the sound source position sk will have sk

x = 0,
sk

y = 0, and sk
z = 0, respectively, i.e., YOZ, XOZ, and XOY

planes in global frame. This completes the proof.
Proof of Theorem 5. (i) If the sound source, at all of K (K≥

5) time steps, is collinear w.r.t. the origin of the microphone
array frame {xarr i}, i.e., (sk − xp

arr i) = εk−1(sk−1 − xp
arr i)

always holds true, then for i ≥ 2, k = 2,3, . . . ,K, we can get
the following expression:{[

∆xk
i ;∆yk

i ;∆zk
i

]
=εk−1

[
∆xk−1

i ;∆yk−1
i ;∆zk−1

i

]
hk

i = hk−1
i , Uk

i =
1

εk−1
Uk−1

i , Vk
i = Vk−1

i

where h,U, and V are defined in (48). For an arbitrary single
time step, we have rank(Uk

i ) = rank(RT
i A) as shown in (49).

It can also be seen that det(A) = 0 and the second-order sub-
determinant of A is not equal to 0, we know that rank(A) = 2.
RT

i is a rotation matrix, rank(RT
i ) = 3, thus rank(Uk

i ) = 2.
Therefore, L̄i will not be of full column rank.

(ii) When θ
y
arr i = ±

π

2 , for the corresponding microphone
array at any different time steps, Vk

i defined in (50) has the
same structure, i.e.,

Vk
i (θ

y
arr i=

π
2 ) =

 0 ∆xk
i cz+∆yk

i sz

∆yk
i sx−z−∆xk

i cx−z ∆zk
i sx

∆yk
i cx−z+∆xk

i sx−z ∆zk
i cx

0

−∆yk
i sx−z+∆xk

i cx−z

−∆yk
i cx−z−∆xk

i sx−z


Vk

i (θ
y
arr i=−

π
2 ) =

 0 −∆xk
i cz−∆yk

i sz

∆yk
i sx+z+∆xk

i cx+z −∆zk
i sx

∆yk
i cx+z−∆xk

i sx+z −∆zk
i cx

0

∆yk
i sx+z+∆xk

i cx+z

∆yk
i cx+z−∆xk

i sx+z

 ,
where s,c represent sin,cos, respectively and rank(Vk

i ) ≡ 2.
Therefore, the matrix of L̄i in (57) will not be of full column
rank. This completes the proof.

APPENDIX B

Evaluation Metrics. The errors of microphone arrays posi-
tions, orientations, time offsets, clock differences and sound
source positions can be expressed as follows:

E(xp
arr i) =

∥∥x̂p
arr i−x0

∥∥
2 , E(xθ

arr i) = arccos

(
R̂iv·X0v
∥v∥2

2

)
,

E(xτ
arr i)= x̂τ

arr i−x0, E(xδ
arr i)= x̂δ

arr i−x0, E(sk)= ∥ŝk−x0∥2 ,

where ·̂ represents the estimate of the unknown
scalars/vectors/matrix parameters, x0/x0/X0 represents the
true value of the corresponding parameter and v = [1;1;1].

In the experiments in Sections V and VI, we utilized the
root mean square error (RMSE) to evaluate the accuracy
of the calibration algorithm for parameters estimations. The
RMSE of the parameter x was calculated as RMSE(x) =√

1
M ∑

M
i=1 E2

i (x), where M is equal to the total number of the
corresponding parameter x.
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