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Abstract

Sound-source localization (SSL) adds a spatial dimension to auditory perception, allowing a system to pinpoint the origin of
speech, machinery noise, warning tones, or other acoustic events, capabilities that facilitate robot navigation, human—machine
dialogue, and condition monitoring. While existing surveys provide valuable historical context, they typically address general
audio applications and do not fully account for robotic constraints or the latest advancements in deep learning. This review
addresses these gaps by offering a robotics-focused synthesis, emphasizing recent progress in deep learning methodologies.
We start by reviewing classical methods such as Time Difference of Arrival (TDOA), beamforming, Steered-Response Power
(SRP), and subspace analysis. Subsequently, we delve into modern machine-learning (ML) and deep learning (DL) approaches,
discussing traditional ML and neural networks (NNs), convolutional neural networks (CNNs), convolutional recurrent neural
networks (CRNNGs), and emerging attention-based architectures. The data and training strategy that are the two cornerstones of
DL-based SSL are explored. Studies are further categorized by robot types and application domains to facilitate researchers
in identifying relevant work for their specific contexts. Finally, we highlight the current challenges in SSL works in general,
regarding environmental robustness, sound source multiplicity, and specific implementation constraints in robotics, as well as
data and learning strategies in DL-based SSL. Also, we sketch promising directions to offer an actionable roadmap toward

robust, adaptable, efficient, and explainable DL-based SSL for next-generation robots.
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1. Introduction

Sound source localization (SSL) is the task of estimating
the location or direction of a sound-emitting source relative
to the sensor (microphone array). In robotic systems, SSL
serves as a crucial component of robot audition, greatly en-
hancing a robot’s perceptual capabilities [1]. An accurate
SSL module enables a robot to orient its sensors towards
the active speaker, disambiguate simultaneous talkers, or
navigate autonomously towards an event that is audible
but not visible. Typical use cases range from domestic
assistance, where a robot must detect who is issuing verbal
commands [2, 3] as a part of broader task of speech recog-
nition, to others applications in industrial manufacturing
[4], condition monitoring [5, 6], autonomous vehicles [7],
aerial robots [8, 9], search-and-rescue [10, 11, 12], and
security robots [13, 14], where detecting and localizing
specific sounds, alarms, cries, or other auditory events is
important for decision making.

Alternative localization in robotics can be done by
vision, Light Detection And Ranging (LiDAR), Wi-Fi,
Bluetooth, Global Positioning Systems (GPS), InfraRed
(IR), Radio Frequency Identification (RFID). However,
each of the aforementioned techniques has its pros and
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cons [15]. For example, Cameras are susceptible to oc-
clusion, darkness, glare, or privacy constraints [16, 17];
LiDARs and Wi-Fi based techniques are highly accurate
in localization but expensive [18, 19]; IR-based and Blue-
tooth localization are only accurate in specific conditions
such that IR signals are easily obscured by physical ob-
stacles and Bluetooth is range-limited; GPS is rendered
unreliable by presence of multiple building walls [20] and
RFID-based localization suffers from interference between
readers in presence of multiple RFID tags and readers in
the scene [21]. Acoustic waves, in contrast, propagate
around obstacles and in complete darkness, furnishing a
complementary channel that often operates beyond the
line of sight of on-board cameras. SSL is therefore not a
rival but a synergistic partner to these modalities, enrich-
ing multi-sensor fusion and improving the robustness of
perceptual pipelines.

Despite these advantages, sound-based localization is
notoriously sensitive to microphone geometry, environ-
mental reverberation and noise, and the presence of mul-
tiple simultaneous sound emitters. Early robotic SSL
systems, dating back to the Squirt robot in 1989 [22], re-
lied on classical signal-processing algorithms [1]. These
techniques model microphone spacing, speed of sound,
and narrow-band free-field assumptions analytically; they
achieve good performance in anechoic rooms or with a
single talker but degrade quickly under strong reverbera-
tion, diffuse noise, and source motion. The last decade has
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Table 1

Comparative summary of sound—source-localisation (SSL) review papers.
Review paper Ref. Year Time span Main focus Robotics
Localization of sound sources in robotics:  [1] 2017 Up to 2017 SSL in robotics; conventional techniques; SSL Yes
A review facets
Localization of sound sources: A system-  [24] 2021 2011-2021 SSL methods; influencing factors; practical con- No
atic review straints
Survey of sound source localization with ~ [23] 2022 2011-2021 DL-based SSL techniques, architectures, No
deep learning methods datasets
A review on sound source localization  [25] 2022 up to 2021 SSL systems in various array types and models Partial
systems
Nonverbal sound in human-robot interac-  [26] 2023  Up to April 2022  Non-verbal sound in HRI Yes
tion: A systematic review
A survey of sound source localizationand ~ [27] 2023 Up to 2023 Classical + DL SSL methods and applications No
detection methods and their applications
An overview of sound source localization [5] 2024 Up to 2024 SSL in condition-monitoring robots Yes
based condition-monitoring robots
A review on recent advances in sound  [28] 2025 Up to 2025 General SSL system architectures and types No

source localization techniques, chal-
lenges, and applications

witnessed a paradigm shift toward data-driven learning,
mirroring breakthroughs in computer vision and speech
recognition. Convolutional neural networks (CNNGs), re-
current and convolutional-recurrent hybrids (CRNNs),
residual and densely connected variants, and more re-
cently attention-based transformers have demonstrated a
remarkable ability to learn spatial features directly from
raw waveforms or spectrograms [23]. By optimising end-
to-end on millions of synthetic or recorded room-impulse
responses, deep networks implicitly compensate for the
challenging acoustic conditions such as multiple sound
sources in a noisy and reverberant environment. More-
over, embedded advanced edge computing now allows
real-time inference on mobile platforms, making deep-
learning SSL a viable solution rather than a laboratory
curiosity. For robotics in particular, the combination of
low-cost microphone arrays, small form-factor compute,
and data-efficient learning promises an attractive trade-off:
modest hardware but large gains in perceptual robustness.

Looking carefully to the existing reviews, we found
many surveys on sound source localization in the past
three decades; however, to better illustrate new studies, we
summarize the ones published after 2017 in Table 1. A
closer look at recent reviews indicates that no review has
explored SSL in robotic platforms with a particular focus
on deep-learning models.

In this regard, Rascon and Meza’s seminal survey [1],
although could be the closest review to our review due to
its robotic theme, predates the DL boom since it included
papers before 2017. Liaghat et al. [24] had a broader focus
to systematically review SSL works without focusing on
specific applications (e.g. robotics), while reviewing the
SSL methods between 2011 and 2021, overlooking the

focus on DL models. In contrast, Grumiaux et al. [23]
focus on new methods (from 2011 to 2021), especially
in DL methods and their challenges. This review is
very informative in the general domain of SSL and was
very well cited, while it does not restrict its focus to
robotics. Review by Desai and Mehendale [25], surveyed
the SSL works based on the number of microphones
i.e. two microphones mimicking human auditory systems
(binaural) and multiple microphones, and also based on
the method (classical vs Convolutional neural networks
based). They also provided very informative information
in general SSL, such as the challenges of each SSL systems,
while they didn’t focus on robotics SSL. Zhang et al. [26],
had a different focus such that it explored nonverbal sound
in human-robot interaction by offering new taxonomies
of function (perception vs creation) and form (vocables,
mechanical sounds, etc.). While not strictly about SSL, it
identified how sound contributes to robot perception and
communication, and emphasized underexplored aspects
like robot-generated sound and shared datasets. Their
focus was novel and important for understanding how
SSL integrates into broader auditory HRI. Jekaterynczuk
and Piotrowski [27] offered an extensive comparison of
classical and Al-based SSL methods, with interesting
classification by mic configuration, signal parameters, and
neural architectures. They categorized the application of
SSL works based on civil and military domains, and did
not focus on robotics specifically. Lv et al. [5] recently
had a very interesting and specific review on SSL in
condition monitoring robots (CMRs). They reviewed the
diverse SSL techniques, including traditional and machine
learning models. Their review was specifically narrowed
to CMRs, and since SSL has not been extensively explored
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in there, they proposed a framework for future studies
in this field. They also encourage future researchers in
different condition monitoring tasks who use mobile robots
to include SSL in addition to their existing monitoring
systems, such as visual, infrared, etc. The most recent
review on SSL was carried out by Khan et al. [28], where
they explored traditional SSL as well as machine learning
models. They also categorized works based on different
applications, such as industrial domains, medical science,
and speech enhancement.

This review fills the gap in other surveys by review-
ing peer-reviewed literature from 2013 to 2024 in which
different methods (especially Machine learning and deep
learning) in SSL are applied to, or evaluated on, robotic
platforms. It also explained the fundamental SSL facets
and traditional SSL as well as DL methods. We also
Explore the data, a pillar in deep learning models, together
with different training strategies, then map SSL functions
to concrete robotic tasks including service, social, search
and rescue, and industrial applications and outline open
challenges and future avenues. The remainder of this
review is organized accordingly such that Section 2 details
our literature-search and review. Section 3 revisits the
acoustic foundations of SSL and the key environmental
assumptions. Section 4 briefly outlines traditional SSL
to contemporary deep-learning architectures. Section
discusses datasets and learning strategies underpinning
DL-based SSL. Section 6 surveys how these techniques
are deployed across different classes of robots and appli-
cations, and Section 7 identifies research challenges and
future avenues.

2. Review Methodology

Our goal is to paint a clear picture of how different meth-
ods, especially deep-learning approaches, in sound-source
localization (SSL) are currently being used, tested, and
deployed on robotic platforms. To achieve this, we carried
out a targeted, multi-stage literature search prioritizing
breadth of coverage over exhaustive enumeration.

2.1. Literature Search Strategy

Our search commenced by querying major engineering
and robotics databases, including IEEE Xplore, ACM
Digital Library, ScienceDirect, and SpringerLink. This
was complemented by extensive use of Google Scholar
to capture publications from emerging workshops and
arXiv preprints that may have subsequently undergone
peer review. We also manually inspected conference
proceedings from key robotics venues such as ICRA,
IROS, RSS, and IEEE RO-MAN, alongside principal audio
forums like ICASSP, WASPAA, Interspeech, DCASE, and
EUSIPCO.

The core of our search strategy involved combining three
conceptual blocks using boolean operators. The primary
block focused on sound localization terms, connected
via "AND" to a block of robotics-related keywords. For
instance, a common search string was:

("sound source localization" OR "sound source
localisation" OR "acoustic localization™ OR
"acoustic localisation™ OR "sound source
detection" OR "DOA estimation')

AND (robot* OR "mobile robot*" OR "service
robot*" OR "industrial robot*" OR cobot* OR
humanoid®* OR "legged robot*" OR drone* OR UAV*
OR quadrotor* OR multirotor*)

Variations such as “speaker localisation”, “binaural
CNN”, or “SELD robot” were iteratively added as ci-
tation chaining uncovered new terminology and relevant
keywords.

2.2. Inclusion and Exclusion Criteria

To ensure the relevance and quality of the reviewed lit-
erature, a strict set of inclusion and exclusion criteria
was applied during the screening process. Papers were
primarily included if they were:

¢ Peer-reviewed publications, encompassing jour-
nal articles, full conference papers, or workshop
papers with archival proceedings.

* Published within the window of January 1, 2013,
to May 1, 2025, capturing the significant surge of
deep learning applications in robotics.

* Relevant to a robotic context, meaning the work
either (i) evaluated SSL on a physical or simulated
robot, or (ii) explicitly targeted a specific robotic
use-case (e.g., service, industrial, aerial, field, or
social Human-Robot Interaction).

* Written in English.

Conversely, studies were excluded if they were patents,
magazine tutorials, or non-archival extended abstracts.
Articles limited to headphone spatial audio, hearing aids,
pure speech recognition, or architectural acoustics that
lacked direct robotic relevance were also discarded.

The screening procedure involved an initial scan of titles
and abstracts to filter out papers clearly outside the defined
scope. For the remaining records, a thorough full-text
inspection was conducted. During this phase, particular
attention was paid to the microphone configuration, the
specific learning architecture employed, the evaluation pro-
tocol, and the presence of direct robotic experimentation
or use-case targeting. Citation snowballing, both forward
and backward, was applied to ensure that influential papers
cited by the shortlisted works, or citing them, were not
overlooked. This meticulous, iterative process ultimately
converged on a corpus of 78 papers, which form the basis
of this comprehensive review.
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Figure 1: Number of papers published per year using SSL in robotics. The orange column represents the number of
DL-based SSL, and the blue column shows SSL papers using other approacheses in robotics.

2.3. Publication Trends and Venues

Figure | illustrates the evolving landscape of SSL research
in robotics through its annual publication trends. As
observed, annual publications in SSL for robotics have
consistently remained above five papers since 2014, reach-
ing a peak of nine papers in 2019. The seemingly lower
count for 2025, however, is attributed to our review’s
cut-off date of May 2025. Deep-learning approaches, no-
tably absent before 2015, began to gain significant traction
that year. Since 2020, they have consistently accounted
for approximately one-third of all SSL-for-robotics pub-
lications, contributing a steady 2—3 papers annually and
underscoring their growing prominence in the field.

To guide future research dissemination in this dynamic
field, Table 2 presents the most common publication
venues (those with two or more papers) from our corpus of
78 reviewed articles. Among these 78 papers, 36 were pub-
lished as conference papers, 1 as a PhD thesis [29], and 41
as journal papers. The table highlights the significant role
of prominent conferences in SSL-for-robotics research.
Notably, the two most prestigious robotics conferences,
IROS (IEEE/RSJ International Conference on Intelligent
Robots and Systems) and ICRA (IEEE International Con-
ference on Robotics and Automation), show substantial
contributions, with 11 and 3 papers respectively. ICASSP
(International Conference on Acoustics, Speech, and Sig-
nal Processing), a key conference venue in acoustic signal
processing, also features prominently with 4 papers in our
review. In terms of journals, Table 2 indicates that only
the IEEE Sensors Journal has contributed more than two
papers to our review corpus; other journals are represented
by fewer articles each.

3. SSL foundementals

Sound source localization (SSL) is the process of deter-
mining the spatial location of one or more sound sources
based on measurements from acoustic sensors. This
section provides an overview of the fundamental princi-
ples and terminology that form the foundation of SSL in
robotics applications.

Sound propagates through air as pressure waves, travel-
ing at approximately 343 meters per second under standard
conditions. When these waves encounter microphones or
other acoustic sensors, they are converted into electrical
signals that can be processed to extract spatial information.
The core principle underlying SSL is that sound reaches
different spatial positions at different times and with dif-
ferent intensities, creating patterns that can be analyzed to
determine the source’s location. In the context of robotics,
SSL typically involves estimating Direction of Arrival
(DOA) and distance or complete position. DOA is defined
as an angle or vector pointing toward the sound source,
often expressed in terms of azimuth (horizontal angle) and
elevation (vertical angle). Distance is the range between
the sound source and the receiver, and position is the com-
plete three-dimensional coordinates of the sound source
in space. According to the objectives of each study, SSL
tasks can include estimating DOA, distance, or position
of the sound source.

As noted by Rascon and Meza [1], the majority of SSL
systems in robotics focus primarily on DOA estimation,
as distance estimation presents additional challenges and
is often less critical for many applications. One challenge
in SSL is taking into consideration that the sound source
(or sources) might be active, a source is active when
emitting sound, or inactive during the localization task.
Therefore, considering a source (or sources) as always
active might be unrealistic in a practical setting. To deal
with this challenge, as extensively pointed out in a survey
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Table 2
Most published venues among the papers in robotic SSL in our review. In the third column, "C" and "J" stand for conference
and journal.
Venue No. of papers C/J  Reference
IROS 11 C [30, 31, 32, 33, 34, 35, 36, 37, 38, 39, 40]
ICASSP 4 C  [41, 42, 43, 44]
ICRA 3 C [45, 46, 47]
IEEE Sensors Journal 3 J [10, 48, 49]
Robotics and Autonomous Systems 2 J [50, 1]
Drones 2 J [51, 52]
Applied Sciences 2 J [58, 54]
IEEE Transaction on Instrumentation
and Measurement 2 J [55, 56]
IEEE/ACM Transactions on Audio, Speech,
and Language Processing 2 J [57, 58]
ICDL 2 [59, 60]

by Grumiaux et al. [23], the source activity detection can
be done either before (as a separate task) or simultaneously
within SSL task, for example a neural network predicts
both location and activity of a sound source [61]) . It
is important to note that sound source localization is
broader than sound event detection (SED), where in SSL,
the location of sound sources is obtained, as well as the
detection of the presence of sound. Therefore, in many
studies, SSL is referred to as sound event localization and
detection (SELD) [23]. It is also worthwhile mentioning
that sound source separation (in the presence of multiple
active sounds) is another task that has to be done in SSL
when dealing with more than one active sound source [62].
Therefore, some studies are focusing on sound source
counting as well as localization (such as [63]), while many
assume we have prior knowledge of sound source numbers
in the scene (e.g. [64]).

3.1. Acoustic Signal Propagation

Understanding acoustic signal propagation is essential
for developing effective SSL systems. In ideal free-field
conditions, sound waves propagate spherically from a
point source, with amplitude decreasing proportionally
to the distance from the source. However, real-world
environments introduce several complexities:

Reverberation: Sound reflections from surfaces create
multiple paths between the source and receiver, compli-
cating the localization process.

Diffraction: This phenomenon happens where sound
waves bend or spread around obstacles or through openings
(like doorways or windows). It allows sound to be heard
even when there’s no direct line of sight to the source.

Refraction: Is the bending of sound waves as they pass
from one medium into another, or as they travel through a
medium where the speed of sound changes gradually. The

speed of sound can vary due to changes in temperature,
wind, or medium Density.

Background Noise (external noise) and Sensor Im-
perfection (internal noise): sounds from ambient, or
noise generated from the robot operation itself [65], can
mask or interfere with the target source; this noise can
be referred to as external noise. Also, due to the imper-
fection of the receiver system, the recorded sound can
be deviated from what it should be correctly recorded
because of microphones or the audio acquisition system
(e.g., analog-to-digital converters). This noise is inherent
to the sensing hardware and its associated electronics.

These phenomena significantly impact the performance
of SSL systems and have driven the development of increas-
ingly sophisticated algorithms to address these challenges.
To deal with these challenges, some studies considered
some assumptions to simplify the SSL. For example, some
early studies considered that there is no reverberation in the
environment; this setting is called "anechoic". Despite not
being realistic in most applications, the anechoic setting
has been assumed in many SSL works [23, 66, 67]. To
deal with noise, some studies used denoising techniques
to overcome noise (e.g. [68]), while some considered the
effect of noise levels, as defined by SNR (Signal-to-Noise
ratio), in the localization of sound sources [69, 70, 71, 72].

3.2. Coordinate Systems and Terminology

SSL systems typically employ either Cartesian or spherical
coordinates in both 2D and 3D localization. In Cartesian
Coordinates, the positions of sound sources are obtained
with respect to the X, Y, and Z axes in 3D (X and Y in 2D).
In Spherical coordinates, the location of sound sources
are determined in terms of radius (distance), azimuth, and
elevation angles. In 2D localization, many studies focused
on azimuth and distance or azimuth (horizontal localization
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[73]) or azimuth and elevation (directional localization).
Also some works only restricted their objective to azimuth
angle (1D localization) relative to the microphone array
position, and in some cases, they do localization grid by
dividing the 360 degrees azimuth angle into grid space,
such as 8 sections [74] or narrower grid space (e.g. 360
sections [75]). This trick aims to perform SSL as a
classification task in machine learning, where each class
is devoted to a specific subregion for estimating sound
sources [23].

In robotics applications, the choice of coordinate sys-
tem often depends on the specific requirements of the task
and the configuration of the robot’s sensors. Also, it is
worthwhile mentioning that studies focusing on mobile
robots might benefit from using the robot-centric coordi-
nate (centered on the microphones mounted on the robot
[76, 77]). On the other hand, a fixed and static coordinate
system defined by the environment itself (e.g., a corner of
a room, a fixed marker) may be preferred for stationary
applications, e.g., industrial robotic arms that have fixed
locations in the workplace.

3.3. Microphone Numbers and Array
Configurations

The arrangement of microphones plays a crucial role in
SSL performance. Before explaining the different config-
urations, it is important to describe an open challenge in
this regard. As a general rule, a large number of micro-
phones in SSL leads to high accuracy in localization [78].
However, including more microphones can cause higher
computing, higher cost, and consequently higher latency
in localization (not reaching real-time localization). Also,
the variation in microphone number and arrangements
adds other designing hyperparameters (how many micro-
phones? which arrangement is better?). These additional
hyperparameters in each study results in not having a
reference SSL design system as a benchmark. On the
other hand, because of some constraints in each study, e.g.,
different objectives, different financial and computational
budgets, and design constraints, it is not expected that
each study follow the same microphone design. Various
microphone configuration have been used in SSL studies in
robotics, as shown in Figure 3. The variety in microphone
array configurations can be categorized into the following
configurations:

Binaural Arrays: Mimicking human hearing with two
microphones [79], often placed on a robot’s head or within
a dummy head structure [55, 80, 81], as represented in
Figure 3a. These are particularly common in humanoid
robots, or simple mobile robots [82, 83], and offer natural
spatial cues but may have limited resolution. The robot’s
head (or dummy head) can significantly impact sound
waves through diffraction. This causes sound waves to
bend around the head, leading to fluctuations in the Time

Difference of Arrival (TDoA), especially for sounds trav-
eling around the front and back. The front-back ambiguity
challenge in binaural SSL for robots, which means the
robot can struggle to differentiate between a sound coming
from "ahead" or "behind" without additional cues or head
movements. Binaural arrays are excellent at localizing
sounds in the horizontal plane (azimuth) but offer very
limited resolution for elevation (vertical direction). It’s
hard for them to tell if a sound is coming from above or
below. These challenges lead to struggling with multi-
ple simultaneous sound sources without using advanced
separation techniques.

Linear Arrays: Microphones arranged in a straight
line (see Figure 3b), providing good resolution in one
dimension but suffering from front-back ambiguity and
limited elevation estimation. The microphones are typi-
cally equally spaced, but non-uniform spacing can also
be used to optimize performance [40]. In addition to sim-
plicity of design and implementation, this configuration is
easier to calibrate than complex arrangements. A linear
array mounted on the front or top of a robot can effectively
localize sounds in the horizontal plane ahead of the robot
[84, 85]. This is useful for directional voice commands or
detecting sounds from the front.

Circular Arrays: As shown in Figure 3¢, Microphones
arranged in a circle, offering 360-degree coverage in the
horizontal plane and eliminating front-back ambiguity.
Mounted on the "head" or "torso" of social robots to
perceive sounds from any direction around them, crucial
for engaging with multiple people in a room [86, 87, 50].

Spherical Arrays: Microphones distributed over a
spherical surface, as can be seen in Figure 3d, providing full
three-dimensional coverage and the ability to decompose
the sound field into spherical harmonics. The spherical
arrays can enable a robot [88] or a drone [36, 8, 52] to
precisely localize and track multiple speakers in 3D space,
understanding who is speaking from where in complex
social settings.

Arbitrary geometries: This refers to microphone con-
figurations where the individual microphone elements are
positioned without adherence to the particular geometric
arrays. The placement might be dictated by factors external
to optimal acoustic design, such as the physical constraints
of a platform, aesthetic considerations, the repurposing
of existing sensors, or opportunistic placement in an en-
vironment. In robotics, microphones could be placed in
different parts of the body as can be seen in Figure 3e, e.g.,
the head, torso, and limbs of a humanoid robot [57, 41]
or distributed inside the room [89, 72]. The irregular
microphone placements have also been implemented in
non-humanoid such as a hose-shaped robot [90, 12]

The choice of the number of microphones and array
configuration depends on the intention of researchers in
each study. In robotics, many researchers want to mimic
the human auditory system and chose binaural arrays. Also,
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Figure 3: Different microphone array configurations used
in SSL robotics studies: (a) Binaural microphone
array, (b) Linear array, (c) Circular array, (d)
Spherical array, (e) microphones distributed in
robot parts.

it is noted that binaural is the most used configuration
in SSL in robotics [1]. Interestingly, some researchers
made some advancements by designing external pinnae
for robots to mimic the human auditory system more than
just putting two microphones on the head of the robot
[91, 92, 55]. Regarding the number of microphones, the
number of microphones varied a lot [1]. It includes some
SSL studies having a single microphone [93, 94, 67], and
some having a very dense microphone array (even 64
microphones [88]).

4. From Traditional SSL to DL
Models

As robots are increasingly deployed in real-world settings,
ranging from domestic assistants to industrial inspectors,
the demands placed on SSL systems have grown consid-
erably. These systems must now contend with complex,
noisy, and reverberant environments, while maintaining
low latency, minimal power consumption, and high spatial
accuracy. Over the past decades, SSL methodologies
have evolved in response to these challenges, beginning
with analytically grounded, signal-processing techniques
that exploit physical properties of sound propagation and
microphone arrays. While traditional methods such as
Time Difference of Arrival (TDOA), beamforming, and
subspace analysis laid a robust foundation, their perfor-
mance often degrades under non-ideal conditions and
hardware constraints typical of mobile and embedded
robotic systems. These limitations, in turn, have catalyzed
a shift toward data-driven and learning-based paradigms,
promising greater adaptability and robustness in real-world
applications.

4.1. Traditional Sound Source Localization
Methods

Before neural networks entered the scene, robot audi-
tion drew almost exclusively on classical array-signal-
processing. Although most of today’s deep models replace,
or embed, those analytical blocks, an understanding of
their logic remains essential because the same acoustic

constraints (microphone geometry, reverberation, noise,
and multipath) still apply. Below we revisit the four
pillars that have shaped the field, i.e., time-delay estima-
tion, beamforming, Steered-response power (SRP), and
subspace analysis. Throughout we highlight why each
method proved attractive for robots and where its weak-
nesses motivated the subsequent shift to learning-based
pipelines.

4.1.1. Time-difference of arrival (TDOA).

Time Difference of Arrival (TDOA) is one of the foun-
dational techniques in sound source localization (SSL),
widely applied due to its conceptual simplicity and compu-
tational efficiency. The method relies on the fundamental
observation that a sound wave will arrive at different mi-
crophones in an array at slightly different times, depending
on the location of the source relative to the array [23]. By
measuring these inter-microphone time delays, one can in-
fer the direction or position of the sound source [95]. Atthe
heart of TDOA-based SSL is the cross-correlation of audio
signals recorded at different microphones. This process
identifies the time lag at which the similarity between two
signals is maximized, corresponding to the delay caused
by the sound wave’s path difference. To enhance the perfor-
mance of this basic cross-correlation, especially in noisy
or reverberant environments, researchers often employ
Generalized Cross-Correlation (GCC), which introduces a
frequency-dependent weighting to the correlation process
[96]. Among the variants of GCC, the Phase Transform
(PHAT) weighting, commonly known as GCC-PHAT, has
proven particularly effective in robotics contexts [97, 98].
By emphasizing phase information and attenuating am-
plitude components, GCC-PHAT improves robustness to
reverberation and environmental noise. Once the time de-
lays are estimated, spatial localization is achieved through
hyperbolic positioning. Each pairwise time difference
corresponds to a hyperbolic curve (in 2D) or a hyperboloid
surface (in 3D) upon which the sound source must lie.
The intersection of these geometric constraints from mul-
tiple microphone pairs yields an estimate of the source’s
location.

Despite its popularity, the TDOA method is not with-
out limitations. One major challenge is its sensitivity
to noise and reverberation [99, 100], particularly in en-
closed environments with reflective surfaces. Although
GCC-PHAT offers partial mitigation, its effectiveness di-
minishes in highly cluttered acoustic spaces. Additionally,
the spatial resolution of TDOA-based systems is inherently
limited by the sampling rate of the microphones and the
inter-microphone distances, which constrain the granu-
larity of detectable delays. Another well-documented
drawback is the so-called front-back ambiguity, which
arises primarily in linear microphone arrays. In such
configurations, the system may struggle to distinguish
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Figure 4: Distribution of reviewed SSL studies by robot types.

shows the typical humanoid robots used in SSL. The NAO
robot (Figure 62) [35, 43, 105, 160] and iCub (Figure 6b)
[144, 145, 236, 59] were frequently employed platforms
in these studies, alongside others such as Pepper (Figure

) [46, 29], Hearbo [128] and HRP-2 [129].

These humanoid robots, designed to interact with and
operate in human-centric environments, benefit immensely
from sophisticated auditory perception. Equipped with
microphone arrays, often integrated into their heads (mim-
icking binaural hearing) or across their torsos, they utilize
SSL for:

e Natural Human-Robot Interaction (HRI): Local-
izing the direction of human speech allows hu-
manoids to naturally orient their head and gaze
towards a speaker, facilitating engaging conversa-
tions and conveying attentiveness. This is crucial
for social and companion robots aiming to build
rapport with users.

* Multi-Speaker Tracking: In dynamic social set-
tings, humanoids can employ advanced SSL tech-
niques (e.g., using deep learning or subspace meth-
ods) to identify and track multiple simultaneous
speakers, enabling complex multi-party conversa-
tions and selective listening.

* Enhanced Situational Awareness: Beyond direct
interaction, SSL enables humanoids to detect and
localize various environmental sounds, such as
alarms, doorbells, or footsteps, contributing to
their overall understanding of the surrounding
service environment.

Unmanned Aerial Vehicles (UAVs): eleven papers in
our review specifically utilized UAVs for their SSL investi-
gations. UAVs present unique challenges and opportunities
for SSL due to their inherent ego-noise (from propellers)
and often limited payload capacity. Despite these hurdles,
SSL offers them extended perception capabilities:

ing for environmental applications (e.g., detecting
illegal logging, tracking wildlife based on vocaliza-
tions) or security tasks (e.g., localizing gunshots or
human activity over large, inaccessible terrains).

e Search and Rescue in Challenging Terrains: In
search and rescue operations over vast or difficult-
to-traverse areas (e.g., dense forests, mountainous
regions), UAVs can use SSL to pinpoint distress
calls or specific human sounds, directing ground
teams more efficiently.

* Hazard Identification: Detecting and localizing
critical sounds like explosions, gas leaks (through
associated sounds), or structural failures from a
safe distance in industrial or disaster zones.

* Traffic Monitoring: In service or urban planning
contexts, UAVs can localize vehicles based on their
sounds, contributing to traffic flow analysis.

6.2. Categorization by Application Domain

While the robot type defines the platform, the applica-
tion domain dictates the specific tasks and environmental
challenges SSL must address. Based on our review, four
primary domains have emerged: social and companion,
search and rescue, service, and industrial robotics. We
also introduce a fifth category, "General" for studies that
do not restrict their applications to a single specific do-
main. The proportion of reviewed papers falling into each
domain is depicted in a pie chart in Figure

Social and Companion: Among the reviewed literature,
fourteen studies focused on enhancing social interaction
and companionship through robotic systems. These works
primarily employed humanoid robots [144, 103, 35, 43,
46, 161, 145, 105, 54], although some mobile ground
robots were also utilized [3, 54]. For robots designed to
interact with and assist humans in social contexts, SSL is
paramount for fostering natural and engaging relationships.

* Remote Monitoring and Surveillance: UAVs equippedlt enables accurate speech localization for fluent conversa-

with SSL can perform long-range acoustic monitor-

tions, allows the robot to discern who is speaking in group
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failing components, monitor for critical safety alarms, or
precisely track the movement of industrial vehicles and per-
sonnel for improved collision avoidance and operational
efficiency.

7. Challenges and Future Avenues

Despite significant advances in SSL for robotics, par-
ticularly with the integration of deep learning methods,
numerous challenges remain. This section examines the
current limitations and emerging research directions that
aim to address these challenges and further advance the
field.

7.1. Current Challenges
7.1.1. Environmental Robustness

Although compared to traditional signal processing, DL
models performed better in complex environments, achiev-
ing robust and reliable performance across diverse and
highly dynamic acoustic environments is still a hurdle for
robot audition systems. These challenges can be catego-
rized as follows:

* Extreme Reverberation: In large indoor spaces
with reflective surfaces, extreme reverberation
severely degrades a robot’s ability to precisely
map its acoustic surroundings. This phenomenon
continues to be a significant obstacle to SSL ac-
curacy in multi-source and noisy environments,
causing sound reflections to confuse the robot’s
directional cues.

Different noise types: Real-world scenarios are
characterized by complex, unpredictable back-
ground noise, such as human chatter, machinery,
or general environmental sounds, which can mask
critical acoustic cues. Furthermore, a robot’s own
self-generated noise (ego-noise) from motors, ac-
tuators, and movement significantly complicates
its internal auditory focus. Although many studies
considered ego-noise in their studies and datasets
[37], considering multiple noise types and their
cumulative effect that can happen in realistic ap-
plications is still a challenge. Also, considering
the effect of microphone internal noise (caused
by imperfection [72]) could add complexity, and
this should be addressed since microphones do not
always work perfectly.

Dynamic Acoustic Conditions and Unstruc-
tured Environments: As robots navigate, acous-
tic conditions continuously change due to varying
listener positions relative to sources and reflections.
Adapting to these dynamic changes without requir-
ing re-calibration or extensive retraining presents a
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significant challenge for both traditional and deep
learning methods. Moreover, extending SSL ap-
proaches to outdoor (especially for UAVs) or highly
unstructured environments introduces additional
complexities related to wind, varying atmospheric
conditions, and unpredictable sound propagation.

7.1.2. Multi-Source Scenarios

Accurately localizing and distinguishing multiple simul-
taneous sound sources, particularly in cluttered acoustic
environments, poses a significant scene analysis problem
for robotic systems:

¢ Source Separation vs. Localization Interde-
pendence: A fundamental dilemma for a robot’s
auditory processing pipeline is the interdepen-
dency between source separation and localization.
Effective separation of individual sound streams
often requires prior knowledge of source locations,
while accurate localization may require separated
or enhanced source signals, creating a "chicken-
and-egg" problem for the robot’s acoustic intelli-
gence. In this regard, some previous SSL studies
implemented separate DL models for sound count-
ing, classification and localization tasks [143],
while some did all within one model [46].
Overlapping Sources: When multiple sound
sources extensively overlap in time and frequency,
it profoundly challenges a robot’s ability to differ-
entiate and pinpoint distinct acoustic events. This
is particularly difficult for speech sources with
similar spectral characteristics or when multiple
human speakers are closely spaced (a cocktail
party scenario [54]), affecting a robot’s ability to
focus on a specific speaker.

* Variable Source Numbers: Real-world scenar-
ios involve a fluctuating number of active sound
sources over time. Developing robotic auditory
systems that can dynamically adapt to changing
numbers of sources without explicit prior knowl-
edge remains a complex task, requiring flexible
and scalable processing architectures.

Source Tracking and Identity Maintenance:
Maintaining consistent identity tracking of multi-
ple moving sound sources over extended periods
[56], especially through instances of silence, oc-
clusion, or signal degradation, presents significant
difficulties that current robotic audition methods
have not fully resolved [23]. This capability is es-
sential for a robot to maintain situational awareness
and interact intelligently with dynamic entities.
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7.1.3. Practical Implementation Constraints

Deploying robust SSL systems on real robotic platforms
introduces several practical constraints that must be over-
come:

* Computational Efficiency and Power Consump-
tion: Real-time processing requirements coupled
with the limited computational resources and strict
power budgets on many robotic platforms directly
impact a robot’s operational endurance and real-
time responsiveness. There is a growing interest in
"energy-efficient wake-up technologies" [238] for
SSL, as highlighted by Khan et al. [28], to enable
long-duration missions for battery-powered robots
by minimizing energy expenditure on continuous
acoustic monitoring.

¢ Microphone Array Limitations and Flexibility:
Physical constraints on microphone placement,
quality, and array geometry across diverse robotic
platforms (e.g., humanoid heads, mobile robot
chassis, UAVs) impose inherent sensory limita-
tions on a robot’s acoustic perception and can sig-
nificantly impact SSL performance. The type of
input features and microphone array configurations
heavily influence the effectiveness of deep learn-
ing approaches, often requiring model retraining
for different robot setups. Moreover, supporting
dynamic microphone array configurations (e.g.,
on articulated or reconfigurable robots) remains a
challenge.

* Calibration and Maintenance: Ensuring con-
sistent acoustic performance over a robot’s oper-
ational lifespan demands robust self-calibration
routines within its perceptual architecture to ad-
dress issues such as microphone drift, physical
damage, or changes in robot configuration that
may affect the acoustic properties of the system.
This is crucial for maintaining the integrity of the
robot’s auditory data.

7.1.4. Data and Learning Challenges

Deep learning approaches, while powerful, face specific
challenges related to data management and learning pro-
cesses for SSL in robotics:

¢ Limited Training Data and Annotation Com-
plexity: Collecting diverse, high-quality labeled
acoustic data for SSL is inherently time-consuming
and expensive for robotic applications. Unlike vi-
sion datasets (where images can often be manually
labeled), obtaining the true direction or position
of a sound source at each time requires special-
ized equipment (e.g., motion tracking systems as
used in LOCATA [213]) or careful calibration
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with known source positions. This becomes even
harder if either the sound source or the robot (or
both) are moving. As a result, truly comprehen-
sive spatial audio datasets for robotics are scarce.
Furthermore, a significant impediment is that most
research studies often do not share their collected
data, hindering broader research progress and com-
parative analysis.

Lack of Comprehensive Benchmarks in SSL:
Despite some efforts (e.g., CASE challenges in the
last decade [204]), there is a notable lack of com-
prehensive, widely adopted benchmark datasets
(like ImageNet in visual object recognition) in
the field of SSL. This absence makes it difficult
for researchers to uniformly test and compare the
performance of different models, impeding stan-
dardized evaluation and progress towards common
goals.

Sim-to-Real Gap and Generalization: While
simulated environments, such as Pyroomacoustics
[196] and ROOMSIM [197, 198], can generate
large amounts of training data, bridging the fidelity
gap between simulated and real-world acoustics re-
mains a critical barrier to a robot’s transition from
simulated training to autonomous real-world op-
eration. Consequently, models trained on specific
environments or conditions often fail to generalize
robustly to new, unseen scenarios, limiting their
real-world applicability for robotic deployment.
Interpretability: The "black box" nature of many
deep learning models complicates debugging, un-
derstanding their decision-making processes, and
ensuring their reliability. This lack of interpretabil-
ity can be particularly problematic for safety-
critical robotics (e.g., rescue robots [36] or con-
dition monitoring robots [6]) applications where
explainability and a human operator’s trust in the
robot’s auditory decisions are paramount.

¢ Accurate 3D Localization and Distance Esti-

mation: While 2D Direction of Arrival (DoA) is
commonly addressed, accurately estimating the
distance to a sound source, especially in reverber-
ant environments, remains a more complex task
for a robot’s spatial awareness. As highlighted
by Rascon et al. [1], reliable 3D localization
(azimuth, elevation, and distance) with high reso-
lution is essential for a robot’s precise navigation,
manipulation, and interaction within a volumetric
space, but it is not yet consistently achievable in
real-time.

7.2. Future Opportunities and Avenues

Building upon the current challenges, the field of robotic
sound source localization presents numerous exciting op-
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portunities for research and development. These avenues
aim to elevate a robot’s auditory intelligence, enabling
more autonomous, perceptive, and adaptable machines for
a wide range of applications.

7.2.1. Enhancing Robustness and Adaptability in
Robot Audition

Future work will focus on equipping robots with audi-
tory systems capable of navigating the most challenging
acoustic environments with unprecedented reliability:

¢ Adaptive Noise and Reverberation Suppres-
sion: Developing advanced signal processing and
deep learning techniques that can adaptively sup-
press diverse non-stationary noise and mitigate
extreme reverberation in real-time. This includes
research into robust ego-noise cancellation specific
to robotic platforms, ensuring a robot can maintain
auditory focus even during rapid movement or
noisy operations.

* Outdoor and Unstructured Acoustic Model-
ing: Expanding SSL research beyond controlled
indoor environments of the labs to truly unstruc-
tured outdoor settings. This involves developing
new models for sound propagation in open air,
by introducing novel outdoor acoustic simulators,
accounting for environmental factors like wind,
and leveraging multi-modal fusion with visual or
inertial sensors to enhance robustness where audio
cues might be ambiguous.

¢ Dynamic Acoustic Scene Understanding: Mov-
ing beyond static snapshot localization to continu-
ous, real-time comprehension of evolving acoustic
scenes. This includes rapid adaptation to changing
sound source characteristics, varying background
noise, and dynamic room acoustics as the robot
moves, fostering a more fluid and context-aware
auditory perception.

7.2.2. Advanced Multi-Source Auditory Scene
Analysis

Opportunities abound in enabling robots to dissect com-
plex auditory environments with multiple, interacting
sound sources:

¢ Integrated Sound Event Localization and De-
tection (SELD) with Source Separation: Devel-
oping holistic systems that simultaneously detect,
localize, and separate multiple overlapping sound
events. This integrated approach, often framed as
a multi-task learning problem, promises to break
the current "chicken-and-egg" dilemma between
separation and localization, allowing robots to ex-
tract distinct auditory streams for specific analysis
or interaction.

23

¢ Robust Multi-Object Acoustic Tracking: Ad-
vancing algorithms for reliable and persistent
tracking of multiple moving sound sources, in-
cluding handling occlusions, disappearances, and
re-appearances. This is crucial for collaborative
robots interacting with multiple humans or for
inspection robots monitoring various machinery
components in parallel.

Dynamic Source Counting and Characteriza-
tion: Equipping robots with the ability to dynami-
cally estimate the number of active sound sources
in real-time, along with their types (e.g., speech,
machinery, alarms). This capability enhances a
robot’s contextual awareness, allowing it to priori-
tize relevant acoustic information within a complex
environment.

7.2.3. Efficient and Flexible Robotic System

Integration

Future research will drive the development of SSL solu-
tions optimized for practical deployment on diverse robotic
hardware:

¢ Lightweight and Energy-Efficient Deep Learn-
ing Models: Designing novel, compact deep
learning architectures and employing techniques
like model quantization, pruning, and knowledge
distillation tailored for execution on resource-
constrained edge Al platforms. Also, advancement
in power saving techniques (e.g. wake-up strategy
described in Khan et al. survey [28]) promise to
keep the auditory system off until an acoustic event
of interest occurs, allowing the robot to reserve
precious energy for localization and task execution.
This will enable robots to perform complex SSL
tasks while maintaining long operational durations
and reducing power consumption.

¢ Flexible and Self-Calibrating Microphone Ar-
rays: Investigating SSL methods that are robust to
variations in microphone array geometry, support-
ing dynamic reconfigurations inherent to mobile
or articulated robots. Furthermore, developing au-
tonomous, self-calibrating routines for microphone
arrays will reduce deployment complexity and en-
sure consistent performance over a robot’s lifespan,
compensating for sensor drift or minor physical
changes. Techniques like Non-Synchronous Mea-
surement (NSM) technology, which allows a small
moving microphone array to emulate a larger static
one, offer promising avenues for achieving high-
resolution localization with fewer microphones
while managing the challenges of dynamic array
configurations [6].

¢ Hardware-Software Co-Design for Robot Au-
dition: Fostering a holistic approach where mi-
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crophone array design, sensor placement on the
robot, and signal processing algorithms are jointly
optimized. This co-design can lead to highly ef-
ficient and purpose-built auditory systems that
maximize performance within a robot’s physical
and computational constraints.

7.2.4. Advancements in Data-Driven Learning and
Robot Intelligence

Significant opportunities lie in overcoming data limitations
and enhancing the intelligence and transparency of a
robot’s acoustic learning processes:

¢ Large-Scale, Diverse, and Shared Datasets: A
critical opportunity is the creation and broad dis-
semination of large-scale, diverse, and meticu-
lously annotated benchmark datasets specifically
for robotic SSL. These datasets should include
challenging real-world scenarios, diverse robot
platforms, varying microphone array configura-
tions (including dynamic ones), and precise ground
truth for moving sources and robots. Initiatives
to encourage data sharing across research insti-
tutions are vital to foster collaborative progress
and provide standardized benchmarks for model
comparison.

¢ Unsupervised, Self-Supervised, and Reinforce-

ment Learning for SSL: Exploring learning paradigms

that minimize the reliance on labor-intensive la-
beled data. This includes techniques that allow
robots to learn spatial acoustic features from vast
amounts of unlabeled audio data gathered dur-
ing operation, as well as reinforcement learning
approaches where a robot can optimize its SSL per-
formance through interaction with its environment
[23,27].

¢ Bridging the Sim-to-Real Gap with Domain
Adaptation: Developing robust domain adapta-
tion and transfer learning techniques to effectively
transfer knowledge from simulated acoustic envi-
ronments to real-world robotic deployment. This
will involve more sophisticated acoustic simula-
tions that accurately model complex reverberation
and noise, coupled with techniques that make deep
learning models more resilient to the inevitable
discrepancies between simulated and real data
[234].

¢ Foundation Models for Semantic Interpreta-
tion: A promising avenue involves integrating
Large Language Models (LLMs) into the robot’s
auditory processing pipeline, particularly after
successful sound source localization and speech
recognition. Once an SSL system pinpoints the
origin of human speech, and an Automatic Speech
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Recognition (ASR) system transcribes it, LLMs
can be employed to provide deeper contextual un-
derstanding and semantic interpretation of verbal
commands, queries, or intentions. This would en-
able robots to engage in more natural, nuanced, and
multi-turn dialogues, disambiguate vague instruc-
tions based on conversational history or common
sense, and ground abstract concepts in the robot’s
physical environment, moving beyond mere utter-
ance processing to true linguistic comprehension.

¢ Hybrid Models and Multi-Modal Fusion for
Holistic Perception: Future research will increas-
ingly focus on hybrid models that intelligently
combine deep learning with traditional signal pro-
cessing techniques, and crucially, on fusing SSL
outputs with other sensory modalities. This in-
cludes tightly coupled integration of acoustic data
with visual information from cameras, e.g., for
audio-visual speaker tracking, identifying sound-
ing objects, human facial expression in HRI [3, 54],
and haptic feedback (e.g., for contact localization
on robot limbs). Such multi-modal fusion al-
lows robots to build a more comprehensive and
robust perception of their environment, compen-
sating for limitations in any single modality and
enabling richer semantic understanding of the au-
ditory scene.

* Explainable AI (XAI) for Robot Audition: Re-
search into methods that allow deep learning-based
SSL systems to provide transparent explanations
for their localization decisions. This will enhance
human operators’ trust in autonomous robots and
facilitate debugging and refinement of auditory
perception systems in safety-critical applications.

8. Conclusions

Sound source localization (SSL) is a pivotal capability for
enhancing robot autonomy, facilitating seamless human-
robot interaction, and enabling intelligent environmental
awareness. This review has provided a comprehensive
synthesis of SSL in robotics, with a particular focus on
the transformative impact of deep learning methods over
the past decade. We began by revisiting the fundamen-
tal principles of SSL and the traditional methods that
formed its bedrock, such as Time Difference of Arrival
(TDOA), beamforming, Steered-Response Power (SRP),
and subspace analysis methods, highlighting their core
mechanisms and inherent limitations. We then transitioned
into a comprehensive exploration of deep learning archi-
tectures, from foundational Machine Learning, shallow
neural networks, Convolutional Neural Networks (CNNs),
and Recurrent Neural Networks (RNN5s) to sophisticated
attention-based models. We examined how these data-
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driven approaches implicitly handle complex acoustic
phenomena like reverberation and noise—challenges that
traditionally limited classical methods. The critical role of
data and training strategies, including synthetic data gener-
ation and various learning paradigms, was also thoroughly
discussed. Furthermore, we mapped the diverse applica-
tions of SSL in robotics across various robotic types (i.e.,
mobile ground robots, humanoids, UAVs) and domains,
including social and companion, search and rescue, ser-
vice, and industrial. This provided a practical overview
of how SSL is being integrated into real-world robotic
systems, ranging from speech command recognition to
anomaly detection and situational awareness.

Despite significant advancements, particularly with
deep learning, several key challenges remain. Achieving
environmental robustness in highly reverberant, noisy, and
dynamic conditions, especially in unstructured outdoor
environments, continues to demand innovative solutions.
The accurate localization and tracking of multiple, over-
lapping sound sources remain complex, requiring better
source separation and identity maintenance capabilities.
Practical implementation constraints such as computa-
tional efficiency, power consumption, and the inherent
limitations of microphone arrays on robotic platforms ne-
cessitate the development of lightweight, energy-efficient
algorithms and flexible hardware designs. Lastly, data
and learning challenges, including the scarcity of diverse,
labeled datasets, the "sim-to-real" gap, and the current lack
of comprehensive benchmarks, hinder the generalization
and real-world deployability of deep learning models. The
black-box nature of many deep learning approaches also
poses interpretability challenges, particularly for safety-
critical robotic applications.

Looking forward, the future of robotic SSL is rich with
promising opportunities. Developing adaptive and robust
auditory systems that can autonomously cope with extreme
acoustic conditions will be paramount. Advancements
in multi-source auditory scene analysis, combining lo-
calization with intelligent source separation and tracking,
will unlock new levels of robot perception in complex
social and industrial settings. Crucially, the integration
of foundation models, such as Large Language Models,
with SSL outputs presents a transformative avenue for
robots to not only pinpoint sound sources but also se-
mantically interpret human speech, enabling more natural
and intelligent human-robot interaction. Similarly, hybrid
models and multi-modal fusion with visual and haptic
promise to yield a more holistic and robust understanding
of the environment. Overcoming data limitations through
unsupervised and self-supervised learning, coupled with
the creation of large-scale, shared benchmark datasets
for robotic contexts, will accelerate progress. Finally,
innovations in efficient hardware-software co-design and
explainable Al will pave the way for deployable, trust-
worthy, and energy-efficient SSL solutions for the next
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generation of autonomous robots. By continuing to bridge
the gap between acoustic signal processing, advanced deep
learning, and robotic system integration, the field is poised
to equip robots with auditory capabilities that rival, and
in some aspects even surpass, human hearing in specific
operational contexts. This will enable robots to become
more perceptive, interactive, and intelligent agents in our
increasingly complex world.
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