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Abstract— This paper proposes a time-of-flight (TOF) selection
algorithm for acoustic sensor localization. The proposed tech-
nique performs the least-squares (LS) estimation of the position
of microphones (sensors) combined with a TOF selection scheme,
which allows one to overcome the localization performance
inaccuracy induced by reverberation. Indeed, the proposed TOF
selection takes reverberation effects into account in order to
enable automatic detection and, if necessary, re-estimation of
erroneous TOFs. A key feature of the proposal is that all
computations can be performed in the sensor nodes. Simulation
results show that the proposed algorithm attains high accuracy,
is virtually insensitive to reverberation time, and performs
satisfactorily even under very low signal-to-noise ratios (SNRs).
For instance, it achieves an average position-estimation error of
around 0.4 cm for a room with reverberation time of 400 ms
and SNR of −10 dB. This mean error is almost two orders of
magnitude smaller than that obtained by a standard LS method
without TOF selection.

Keywords— Acoustic sensor localization, time-of-flight, least-
squares, reverberation, noise, estimation

I. INTRODUCTION

The task of localizing acoustic sources (sound source
localization—SSL) within 3-D Euclidean spaces is at the
same time very challenging and quite useful in a number of
applications [1], [2]. As the name suggests, SSL algorithms
focus on finding the active agents of the acoustic environment,
namely the sound sources, the role of which can be played
by a person, an undesired interferer, a loudspeaker (acoustic
actuator), etc.

When compared to the SSL problem, a relatively less stud-
ied problem is the so-called acoustic sensor localization (ASL),
which can be regarded as the dual of the SSL problem [3], [4].
Indeed, ASL algorithms focus on finding the passive agents
of the acoustic environment, namely the acoustic sensors, the
role of which can be played by a person carrying some device
with built-in microphone, or simply a stand-alone microphone.
Precise detection of acoustic sensor position can be useful in
several applications such as indoor navigation in public places
and precise calibration of microphone arrays.

Among ASL algorithms, those based on adaptations of the
generalized cross-correlation (GCC) method are by far the
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most employed [3]. However, they exhibit high sensitivity to
errors in the estimation of some algorithm parameters such
as wave-sound propagation speed, loudspeaker positions, and,
even more importantly, the time-of-flight (TOF) associated
with each pair loudspeaker-microphone. In fact, the TOF
estimation procedure is strongly affected by reverberation
effects, ubiquitous in indoor applications. As a consequence,
TOF estimation errors turn out to be the main source of
performance degradation in ASL algorithms.

The first goal of this paper is to present a mathematical
framework which allows one to estimate the positions of
acoustic sensors by adapting an ASL algorithm from the
literature [3], namely by taking the loudspeaker positions
as known a priori. The paper also aims to propose a new
algorithm that allows one to select which TOF estimates best
match the available data (wave-sound propagation speed and
loudspeaker positions) and the resulting position estimation.
The proposed algorithm uses signals acquired by a single
microphone, thus allowing its execution at the sensor node
itself.

Notation: The symbols R and N denote the field of real
numbers and the set of natural numbers, respectively. The set
of non-negative real numbers is represented by R+. Vectors
and matrices are denoted by lowercase and uppercase boldface
letters, respectively. The Euclidean norm is denoted by ‖ · ‖,
IN represents the N × N identity matrix, and the transpose
and pseudo-inversion operations are denoted as (·)T and (·)†.

Organization: Sections II and III describe the fundamentals
of ASL considering perfect knowledge of both the loudspeaker
positions and the TOFs. Section III also describes an adap-
tation of the algorithm proposed in [3], whereas Section IV
adjusts such algorithm to realistic problems in which the TOFs
are unknown, requiring their estimation. Section V addresses
the problems that may appear in the TOF estimation and
proposes a way of circumventing them: the TOF-selection
algorithm. Simulation results are shown in Section VI and the
conclusions are drawn in Section VII.

II. PRELIMINARY DEFINITIONS

The sound propagation model employed in this work as-
sumes that the wave-sound travels from the loudspeaker to
the microphone through multiple paths due to reverberation
effects induced by surfaces of objects/obstacles present in
the environment. Hence, the reverberated signal received at
each microphone can be modeled as a filtered version of the
emitted signal. It will be assumed that the signal which follows
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the shortest path between loudspeaker and microphone, called
line-of-sight (LOS), is present in all acquired signals. The time
the wave-sound takes for traveling this path, called time-of-
flight (TOF), is related to the distance between microphone
and loudspeaker through the (assumed known) sound speed
c ∈ R+.

Mathematically, by defining the 3-D spatial position of a
single microphone as m ∈ R3×1, and by also considering that
the 3-D spatial position of the punctual sth sound source is
ss ∈ R3×1, with s ∈ S , {1, 2, · · · , S}, in which S ∈ N
denotes the number of sound sources, then one can compute
the TOF, ts ∈ R+, between the microphone and the sth
loudspeaker as

ts ,
‖m− ss‖

c
. (1)

Observe that for ASL problems in which one can assume
perfect knowledge about the loudspeaker positions (i.e. ss is
a known vector for all s ∈ S), then the TOF ts defines a
sphere in the Euclidean space, whose center is at position ss
and whose radius is cts. All points on the surface of such a
sphere (including m) are possible candidates to the location
of the microphone. Since there are infinitely many position
candidates, the only way to estimate the microphone position
employing TOFs is to combine the information from several
loudspeakers, as described in Section III.

III. IDEAL DETERMINATION OF SENSOR POSITIONS

The authors in [3] proposed a method to solve the problem
of automatic position calibration of multiple microphones and
loudspeakers. The inputs for this algorithm are the signals
emitted by each loudspeaker as well as the recorded signals
received at each microphone. The outputs of the algorithm are,
up to rotations and translations, the estimated positions of all
agents of interest (nodes) of the acoustic environment, i.e. the
locations of loudspeakers and microphones. The algorithm has
access to all nodes, thus enabling centralized processing.

This section presents an adaptation of the algorithm pro-
posed in [3] for solving exclusively ASL problems, assuming
that the loudspeaker positions have been measured off-line
and processing can be implemented locally at the sensors.
Hence, all the related formulation will be developed for a
single microphone without loss of generality, since it can be
extended to multiple microphones by independently applying
the algorithm to each microphone.

Assuming an ideal setup in which position and TOFs are
known for every loudspeaker, the TOFs ti and tj between the
microphone and two distinct loudspeakers respectively indexed
by i, j ∈ S can be written as (see Eq. (1))

(si − sj)
Tm =

‖si‖2 − ‖sj‖2 − (t2i − t2j )c2

2
, bi,j . (2)

Hence, for a given microphone, each pair of loudspeakers
gives rise to an equation with three unknowns—the entries of
vector m. Considering S is the number of loudspeakers, then

there are S(S−1)
2 distinct loudspeaker pairs, which eventually

means one can stack S(S−1)
2 expressions like Eq. (2) as

(s1 − s2)T

(s1 − s3)T

...
(sS−1 − sS)T


︸ ︷︷ ︸
,S∈R[S(S−1)/2]×3

m =


b1,2
b1,3

...
bS−1,S


︸ ︷︷ ︸

,b∈R[S(S−1)/2]×1

⇔ Sm = b, (3)

where both matrix S and vector b are known.
Note that if one has S ≥ 4 (so1 that the number of rows of

matrix S is at least 6), and also S has full column rank (the
number of columns of matrix S is 3), then one can exactly
compute the microphone position using a pseudo-inverse S† ∈
R3×[S(S−1)/2], as follows:

m = (STS)−1ST︸ ︷︷ ︸
,S†

b = S†b. (4)

Although the former exact computation of the microphone
location is mathematically sound, it unfortunately takes advan-
tage of the unrealistic assumption of perfect knowledge of the
variables involved in the process. In practice, this is not true
at all: an example of that is the uncertainty inherent to TOF
estimations. Indeed, TOF ts associated with any loudspeaker
s should be replaced with its corresponding estimate t̂s ∈ R+.
Section IV addresses this issue.

IV. LINEAR ESTIMATION OF SENSOR POSITIONS

As mentioned before, given a group of loudspeakers, the
localization of a single microphone must necessarily rely on
estimates of their related TOFs. This paper assumes that, in
addition to the signal received by the microphone, the emitted
signal is available as well. Hence, the challenge is to estimate
the LOS delay that the emitted signal suffered before reaching
the microphone. Acoustic effects like noise and reverberation
are the main challenges this task is bound to face.

There are many different ways to estimate TOFs associated
with wave-sounds. This paper will address the conceptu-
ally and computationally simple, yet very effective, cross-
correlation (CC) method, whose idea is to project the acquired
signal into delayed versions of the emitted signal in order
to find the best match between those signals. Indeed, in the
absence of any signal degradation, the delay associated with
the maximum peak of the resulting CC function (CCF) should
indicate the desired TOF.

Mathematically, assume a discrete-time model whose re-
lated sampling frequency is F ∈ R+. Given the real-valued
discrete-time signals xs[n] and y[n], which denote the signal
emitted by the sth loudspeaker and the signal acquired by
the microphone, respectively, then their corresponding CCF
Rs[·] : N −→ R is given as

Rs[k] ,
∑
n∈N

y[n]xs[n+ k], (5)

1Note that, if S = 3, then the last row of matrix S would be the difference
between the first two rows, implying that S would not have full rank.
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Fig. 1. Typical example of CCF in which the largest peak is associated with reverberation. The true TOF actually corresponds to the second largest peak.

which can be efficiently computed in the frequency-domain.
Hence, the TOF estimate that will substitute for ts in Eq. (3) is

t̂s ,

(
arg max

k∈N
{Rs[k]}

)
/F . (6)

It is worth noting that t̂ms is usually different from tms for,
at least, three main reasons: (i) time sampling; (ii) measure-
ment noise; and (iii) reverberation effects, which occur in most
of the applications of interest. Ultimately, the latter becomes
the most important source of errors in the sensor localization
process (due to the deviations it produces in TOF estimations).

By assuming estimated instead of exact TOFs, Eq. (3) can
be modified as follows:

Sm ≈
[
b̂1,2 b̂1,3 · · · b̂S−1,S

]T
= b̂, (7)

where, for each pair (i, j) ∈ S2 such that i 6= j, the element
b̂i,j is given by

b̂i,j ,
‖si‖2 − ‖sj‖2 − (t̂2i − t̂2j )c2

2
. (8)

The notation “≈” which appears in Eq. (7) denotes the fact
that in general vector b̂ might not be in the column space of
matrix S due, among others things, to possible errors in the
estimation of the related TOFs. Therefore, from a deterministic
and linear point of view, one can consider a least-squares (LS)
problem given by

m̂LS , arg min
m∈R3×1

{‖Sm− b̂‖}, (9)

whose solution is

m̂LS = S†b̂. (10)

Hence, the least-square solution is equal to the exact solution
when no error is present. Unfortunately, as will be discussed
in the next section, in reverberant environments this solution
can be strongly impaired by large TOF errors.

V. MAIN CONTRIBUTION: TOF SELECTION

As shown in Eq. (6), TOFs are estimated by finding the
largest peak of their corresponding CCFs. The underlying
assumption is that the CCF exhibits its maximum value when
the source and received signals are time aligned, which usually
happens when one of them is advanced or delayed by a
value corresponding to the true TOF ts. However, in practical
applications where moderate to severe reverberation is present,
reflections of the source signal may add constructively with
each other, thus generating other peaks in the CCF which can
be larger than the peak associated with the LOS path. Fig. 1
depicts a practical example of CCF in which this phenomenon
occurs. In this case, the CCF was computed using signals
acquired in a real reverberant scenario. Even if the kind of CCF
illustrated in Fig. 1 occurs for a very few loudspeakers, the
induced TOF-estimation errors may be enough to completely
deteriorate the estimate of the related microphone position. It
is worth mentioning that this type of errors is not random
in the sense that if the experiment is repeated using the
same environment and microphone/loudspeaker positions, one
would observe the same TOF-estimation error. Hence, in order
to mitigate such errors, new algorithms must be conceived.

In this section, a TOF-selection scheme aiming at increasing
the robustness of the TOF estimates against reverberation is
presented. Such scheme requires the knowledge of source
positions. Firstly, the TOF corresponding to each loudspeaker
is computed by finding the time-lag associated with the largest
peak of the CCF, as in Eq. (6). These TOF estimates are used
to form vector b̂, as in Eq. (8), and then the initial microphone
positions are estimated via the LS method yielding m̂(0)LS, as
in Eq. (10). Then, denoting as t̄s the exact TOFs that would
be observed if the microphones were indeed at the estimated
positions, i.e.,

t̄s ,
‖m̂(0)LS − ss‖

c
, (11)

the error between the TOF estimate t̂s and t̄s is

es , t̄s − t̂s. (12)
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Note that t̄s depends indirectly on the t̂s. If all TOFs are
correctly estimated, then es ≈ 0, for all s. The idea of the
algorithm is to explore this fact, in order to verify if one or
more TOFs have been inconsistent2 relative to the remaining
TOFs, indicating that some TOF might have been wrongly
selected. So, in order to check for inconsistencies, the average

error ē = 1
S

S∑
s=1
|es| is computed. If the average error is greater

than a threshold γ ∈ R+, an iterative search for better TOF
estimates takes place.

At each iteration, a specific t̂s is replaced with a new
estimate and ē is recomputed. The search for the new TOF
combines two heuristics. The first heuristic constrains the
corrected TOF to be associated with a CCF peak that neces-
sarily precedes the previous (supposedly incorrect) CCF peak,
since TOF-estimation errors induced by reverberation can only
happen after the LOS TOF. The second heuristic selects the
TOF associated with the loudspeaker whose secondary CCF
peak has the largest amplitude ratio relative to the previously
estimated CCF peak. The reason for this heuristic has roots in
the observation that the amplitude of the correct CCF peak is
frequently very close to that of the spurious peak (see Fig. 1).
The method replaces older TOF estimates until ē is smaller
than γ. If at a given iteration no peak that satisfies the first
constraint is found and ē is still larger than γ, then one assumes
the method failed, and the chosen sensor-location estimate
is the one obtained with the standard LS method (m̂(0)LS).
Algorithm 1 details the proposed procedure for TOF selection.

VI. PERFORMANCE EVALUATION

In this section, the proposed algorithm for sensor localiza-
tion is evaluated. For this task, artificially generated signals
are employed, allowing a high level of control over signal
characteristics as well as precise knowledge of loudspeaker
and microphone positions.

A. Simulation Procedure

The simulation considered that the loudspeakers and micro-
phones were inside a room with dimensions 5.2 m× 7.5 m ×
2.6 m. A loudspeaker was positioned at the center of each wall
of the room, totaling 6 loudspeakers. A set of 100 microphones
were randomly positioned inside the room.

During the simulations, each loudspeaker emitted a white
pseudo-Gaussian noise signal with 10-ms duration. A short
silent interval was inserted between the emissions of se-
quenced loudspeakers, so that there is no time-overlap between
signals originated from different loudspeakers arriving at a
given microphone. The room acoustics were simulated using
the standard and well-known image method [5].3

In the simulations, the 3-D position of each microphone
was estimated using two methods: the standard least-squares
(LS) solution and the LS plus TOF selection (SEL) scheme

2In the sense that they convey information of a sensor position that is not
the same as the one conveyed by the remaining TOFs.

3Implemented in the Audio Systems Array Processing Toolbox avail-
able at http://www.engr.uky.edu/˜donohue/audio/Arrays/
MAToolbox.htm.

Algorithm 1 TOF selection.
Define a threshold γ ∈ R+

for all s ∈ S do
k̂s ← arg max

k∈N
{Rs[k]}

t̂s ← Rs[k̂s]/F
end for
Define S and b using Eq. (3)
m̂(0)LS ← S†b̂
m̂LS ← m̂(0)LS

Compute es using Eq. (11) and Eq. (12) for all s ∈ S

ē← 1
S

S∑
s=1
|es|

while ē > γ do
s∗ ← Ø and r∗ ← 0
for all s ∈ S do
Ps ←

{
k ∈ N

∣∣∣k < k̂s and Rs[k] is a peak
}

ks ← arg max
k∈Ps

Rs[k]

rs ← Rs[k]/Rs[k̂s]
if rs > r∗ then

r∗ ← rs
s∗ ← s

end if
end for
if s∗ 6= Ø then

t̂s∗ ← ks∗/F
Update b̂ using Eq. (8)
m̂LS ← S†b̂
Update es∗ using Eq. (11) and Eq. (12)

ē← 1
S

S∑
s=1
|es|

else
Abort procedure
m̂LS ← m̂(0)LS

end if
end while

presented in Section V. Once both position estimates were
computed, their associated errors were calculated as the Eu-
clidean distance between the actual microphone position and
the estimated one.

B. Performance in Reverberant Environment

The first evaluation strategy consists of verifying the perfor-
mance improvement attained by the proposed algorithm under
reverberant conditions. For this, the acoustic conditions of
the room were set to different reverberation times (RT60),
from 0 ms (anechoic) to 800 ms, in steps of 100 ms. For
each reverberation time, 100 different microphone positions
were simulated, and their respective estimation errors were
averaged.

Fig. 2 compares the performances of the standard LS (solid
line) and the proposed LS plus TOF selection (dashed line)
algorithms. As can be gathered from the figure, the proposed
algorithm improves the result for all reverberation times larger
than 100 ms within the evaluated range. Indeed, the error
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Fig. 2. Mean error (cm) vs. Reverberation time (ms).

(around 0.4 cm) achieved by the proposed algorithm under
reverberant conditions was similar to the error obtained by
the standard LS algorithm for anechoic signals. This indicates
that the proposed selection scheme was able to correct mistak-
enly chosen TOFs, mitigating the effects of reverberation, as
desired. Note that, for the standard LS method, the sudden
increase of the position-estimation error that occurred for
RT60 larger than 100 ms takes place due to the high sensitivity
of the position estimation with respect to TOF errors. Indeed,
it was observed that TOF-estimation errors are not gradual;
rather, once the reverberation time is large enough, spurious
peaks in the CCF (see also Fig. 1) start to appear relatively
“far” from the correct peak, thus generating large position-
estimate deviations from the correct sensor location.

C. Performance for Noisy Signals

The second evaluation strategy looks into how the algorithm
performs when noise is added to the received signals. For
this, white pseudo-Gaussian noise is added to the signal
received at every microphone, yielding signal-to-noise ratios
(SNRs) varying from −15 to 15 dB in steps of 5 dB. In this
experiment, reverberation time was set to 400 ms. Analogously
to the previous simulation, for each SNR value 100 different
microphone positions were randomly generated, and their
mean estimation errors were computed.

Fig. 3 shows the mean error for each value of SNR. As can
be gathered, the proposed solution is capable to correct the
errors due to reverberation (mean error remains around 0.4 cm
for SNRs larger than −10 dB) regardless the noise level, within
the observed range.

VII. CONCLUDING REMARKS

This paper described a simple least-squares solution to the
sensor localization problem that uses the signal emitted by
several loudspeakers to find the 3-D position of a microphone.
The main contribution presented was a new procedure for
selection of TOF estimates, which relies explicitly on the
fact that TOF-estimation errors usually derive from non-LOS
paths. Additionally, the amplitude of the CCF peaks has proven
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Fig. 3. Mean error (cm) vs. SNR (dB).

to provide useful ancillary information with respect to good
candidates to correct TOF estimates. As indicated by the
simulation results, the proposed TOF selection algorithm is
quite robust to reverberation and noise effects.

As future work, the proposed TOF selection scheme should
be evaluated using real-world signals recorded under reverber-
ant conditions. Furthermore, a careful study of the influence
of TOF estimation errors as well as the impact of the number
of loudspeakers on the microphone position estimates must be
carried out.
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