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An Adaptive Power Control Method for Power
Communication Networks Based on Quantum
Security

Xingnan Li®™, Donghai Huang, Jiajia Fu, Zhongmiao Kang, and Jiangang Lu

Guangdong Power Dispatch and Control Center, Guangdong 510000, China
2244697578@Qgg.com

Abstract. As an important component of modern industrial system, power sys-
tem is re-lated to the lifeline of national economy and national energy security.
With the increase of the number of the user input, its communication security
has attracted more and more attention. Quantum key distribution (QKD) enables
secure remote information transmission between two users theoretically. There-
fore, the combination of QKD and the existing power communication network can
better ensure the security of the existing power service transmis-sion. However,
since optical signals and quantum signals need to share a set of optical fiber trans-
mission equipment, there will be resource competition between the two parts, and
it is necessary to strike a balance between power service reliability and secure key
rate (SKR). Therefore, a dynamic power regulation (DPR) scheme is designed in
this paper. Based on the e-greedy algorithm, the transmitted power can be dynam-
ically adjusted according to the condition of quantum key pool (QKP), so as to
jointly optimize the relia-bility of power service and SKR. The results show that
DPR scheme can ef-fectively reduce the probability of key resource depletion or
overflow in QKP while ensuring the reliability of power service.

Keywords: Quantum Communication - Quantum Key Distribution -
Distribution Network - Noise Suppression

1 Introduction

With the advent of the Internet of Things era, the scale of the network is increasing,
the boundaries are becoming increasingly blurred, and the threats are increasing. At the
same time, with the emergence of new technologies such as supercomputers and quantum
computers, the third-party eavesdroppers have greatly improved their computing power
and password cracking ability.

The existing asymmetric encryption algorithms based on computational complexity
will be unreliable in the future [1]. Therefore, there is an urgent need to research new
encryption methods to resist the security threats and better ensure the communication
security. The security of quantum communication technology is guaranteed by the three
physical laws of quantum mechanics which are Heisenberg uncertainty principle, mea-
surement collapse principle, and quantum state non cloning principle [2]. Among them,

© The Author(s), under exclusive license to Springer Nature Singapore Pte Ltd. 2025
H. Jin (Ed.): IAIC 2024, CCIS 2451, pp. 3-11, 2025.
https://doi.org/10.1007/978-981-96-7188-5_1
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QKD has made significant breakthroughs and progress in theoretical research, labora-
tory measurements, field deployment and networking, and many other aspects as one of
the important communication methods.

According to the three laws of quantum mechanics, in the process of quantum key
distribution, it is impossible for eavesdroppers to eavesdrop on the information carried in
the transmitted signal without being discovered by the quantum communication system.
In addition, the combination of quantum key distribution technology and “one secret at a
time” technology can theoretically realize remote secure communication of information
between two users [3]. In terms of the protocol of QKD, in 1984, Bennett and Brassard
proposed the BB84 protocol [4], which was named after his two names and the year
in which the protocol was proposed. In the following decades, scholars around the
world have improved and proposed various QKD protocols, laying a solid theoretical
foundation for the development and promotion of QKD technology. In 1991, Artur
Eckert proposed E91 protocol based on quantum entangled states, the security of which
was guaranteed by bell theorem [5]. In 1992, Bennett proposed B92 protocol, only two
quantum states are used to achieve key distribution, which is two fewer than the number
of quantum states in the BB84 protocol, and the process of quantum key distribution
is simplified at the cost of 50% transmission efficiency [6]. In 2012, in response to the
vulnerability of third-party eavesdroppers using the imperfect measuring devices in the
OKD system to attack, Lo proposed the Measurement Device-Independent Quantum
Key Distribution protocol (MD-QKD), In 2012, in response to the vulnerability of third-
party eavesdroppers using the imperfect measuring devices in the OKD system to attack,
Lo proposed the Measurement Device-Independent Quantum Key Distribution protocol
(measurement-Device-independent Quantum Key Distribution). MD-QKD) completely
solves the vulnerability problem caused by the imperfect measurement end of the QKD
system [7]. It breaks through the limit of key generation rate-distance of the original QKD
protocol [8]. Xiongfeng Ma, Xiangbin Wang and Guangcan Guo respectively proposed
PM-QKD, SNS-TF-QKD and phase-free TF-QKD protocol [9].

The power communication network is a specialized communication network within
the power industry, originally built to meet the needs of power system operation and
management, safety production control, dispatch and command automation, etc. It is
an important infrastructure of the power system and plays an important role in the safe
and reliable operation of the power system, information communication management,
automation management, intelligent monitoring, [10]. There are many types of services
in the power communication network, and the requirements for security and reliability
are high. QKD technology has excellent security encryption performance. Integrating
QKD technology with the power communication network will be an important direction
for future power communication network technology.

In 2013, Ruina Zhang proposed a typical application example of fiber QKD in smart
grid, and prospected the research direction and application scenarios of QKD in power
system [11]. In 2017, Georgi Bebro proposed a solution to the security problem of the
communication network between the user and the control center in the smart grid. The
security encryption of smart grid is discussed from two aspects of security and resource
economy by selecting a suitable QKD protocol [12]. In 2018, Maninder Kaur proposed a
mutual authentication scheme in smart grid between users and servers based on QKD to



An Adaptive Power Control Method for Power Communication Networks 5

realize mutual authentication [ 13]. In 2019, William Lardier proposed an open-source co-
simulation platform that researchers can use to conduct system simulations of different
power network topologies, QKD protocols, and attack threats [14].

In the quantum secure distribution communication network, this paper proposes a
dynamic power regulation (DPR) scheme. Based on the e-greedy algorithm, the trans-
mitted power can be dynamically adjusted according to the condition of quantum key
pool (QKP), This reduces noise interference on the quantum signal, improves the secu-
rity key generation rate, and achieves the goal of jointly optimizing the reliability and
security key generation rate of power services.

2 System Model

The power communication access network provides a way for distribution terminal users
and electricity business terminals to access the power system. The power communica-
tion access network mainly includes 10 kV power communication access network and
0.4 kV power communication access network. The existing fiber optic communication
access network is mainly based on two technologies which are Ethernet Passive Optical
Network (EPON) and Industrial Ethernet, Fig. 1 shows the EPON network structure. The
Optical Line Terminal (OLT) is typically situated on the substation side, while the Opti-
cal Network Unit (ONU) is linked to the distribution terminal, which encompasses the
feeder terminal unit (FTU), remote terminal unit (RTU), and other pertinent components.

“Terminal “Terminal Terminal “Terminal

Terminal level

ONU ONU ONU ONU
_Passive Passive
optical optical
splitter splitter
Communication
access network
OLT OLT

Backbone
communication
network

Power backbone
communication
network

Fig. 1. System Model
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3 The Proposed Scheme

In the process of integrating QKD with the distribution communication network, simply
reducing the transmission power of classical signals to the minimum value will reduce the
power budget reserved by the system for additional fiber attenuation, thereby affecting
the reliability of power services. Meanwhile, due to the lack of consideration for the
remaining key amount in the QKP, this can easily lead to overflow or depletion of key
resources. To address these issues, assuming that the transmission power of classical
signals can be reconfigured at different times, the goal of the DPR scheme is to adjust
the transmission power of uplink classical signals based on the current key resource
situation to optimize the reliability and security key generation rate of power services
jointly.

In the distribution communication network, there are usually two working modes
for power information collection, namely centralized collection and random collection.
The size of the data signal has the characteristic of periodic variation. Therefore, this
paper considers the characteristic of flow data and adjusts the signal transmission power
corresponding to flow data according to the optimization objective during the period of
collecting distribution terminal data in the substation. The optimization objectives of the
proposed DPR scheme are as follows:

T
Maximize : tho (1 —w) - PI(P) +w - PI(SKR) (1)

PT(BR)—PT. (BR)

min

where PI(P) = PT_BR)

sion power compared to the minimum error free transmission requirement, which can
measure the additional power budget. PI(SKR) = %‘w represents the per-
centage improvement of SKR compared to the system when the transmission power
of the classical signal is adjusted to PX. Pr{lin (BR) is the minimum transmission power
calculated when the corresponding data rate is BR and Q=6, where Q corresponds to
the reliability of power services, and reflects the transmission quality of services. T is
the period for data collection. PT (BR) is the transmission power of a classical signal
with a data rate of BR, which will be adjusted according to the optimization objective
of the scheme. The value of SKR depends on the channel allocation of the QKD system
and the PT under the premise of performance parameter determination. w = ng"ﬁ is
a parameter set based on the current key resource which is represented as S. -

The specific steps of the DPR algorithm are described as follows:

, calculates the percentage increase in actual transmis-

1. Firstly, determine the upper limit of classical signal transmission power P’ by refer-
ring to the performance parameters of the transmitter and the classical value of the
transmission signal power, and calculate the minimum transmission power Pglin cor-
responding to the current flow data size based on the theoretical formula. Each ONU
corresponds to a transmission power set P, and the lower limit Pr{ﬂn in the power set
is calculated based on the current flow data size of the ONU.

2. When the value of S is small, it means that the key resources are lack. In this case,
priority should be given to optimizing the security key generation rate. Therefore, the
value of w is relatively large to reduce the power of the classical signal and improve
the key generation rate.
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3. When the value of S is large, the current key resources are sufficient, and the proba-
bility of key resource over-flow in the QKP increases. At this time, the reliability of
the classical signal will be prioritized, and the value of w is relatively small, in order
to improve the power of the classical signal.

4. The improved e-greedy algorithm is used to find the transmitting power that can
maximize the optimization target. The purpose of the e-greedy algorithm is to achieve
abasic balance between exploration and exploitation, and in order to achieve this goal,
the algorithm introduces the key parameter €. In each experimental time slot, e-greedy
algorithm performs the exploration operation with the probability of ¢, that is, it is
possible for the algorithm to select an option whose average reward is not previously
specified. The exploitation operation is performed with a probability of 1-¢, that is,
the algorithm has a probability of 1-¢ to select the option with the currently defined
maximum average reward.

The steps are as follows:
4.1. Divide the adjustable power range [PL. , PT] of each ONU into d equal parts,

min’
. . Py —Pin
and calculate the power adjustment gradient value A = (Txd—"‘). Therefore, the set

of signal transmission powers that can be selected is P = {P%i(", P"‘D(in + A, P%i("
2A, ..., Ppy}, each item in the set is an action.

4.2 Let B;(a) be the average reward for choosing a for the ¢ time, if the average
reward after + — 1 attempts is B;—_1(a), and the reward after ¢ attempts is v, then the
average reward is updated to

1 1
Bi(a) = ?((t — DB;_1(a) +v;) = Bi—1(a) + ;(Vt —B;_1(a)) ()

where v, = (1 —w) - PI(P) +w - PI(SKR).

4.3 In the traditional e-greedy algorithm, it is a fixed value. However, if the number
of attempts is very large, the reward of each rocker arm can be approximated well after
a period of time, and exploration is no longer needed, thus reducing the efficiency of the
system. Based on this, we assign ¢ to %, so that as the number of attempts increases, it
gradually decreases, reducing the system overhead while ensuring accuracy.

4.4 Select the Signal Transmitting Power that Can Make the Average Reward
Maximum for Signal Transmission.

4 Performance Analysis

This paper compares the performance of DPR scheme, Minimum Power Control (MPC)
scheme, and Without Power Control (w/o PC) scheme. The MPC ensures that the
power of the power communication optical signal always meets the minimum theoretical
requirement for error free transmission, while keeping BER = 10~°, the transmission
power of the power communication optical signal varies with the size of the collected
traffic data. The w/oPC scheme ensures that the transmission power of a classical signal
is always fixed at the typical power value such as OdBm, and the transmission power
does not change with the size of the collected traffic data from the end user.
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This article simulates the network situation of 8 sets of ONU devices and 2 ONU
groups, the QKD protocol used is the BB84 protocol, the QKD system parameter facil-
ities are shown in Table 1. Assuming that the key consumption rate of each QKP in the
network architecture is 1kbps.

Table 1. QKD system parameter facilities.

Parameter Value
Single photon detector repetition rate 10 MHz
Single photon detector efficiency 0.1
Single photon detector dark counting 10-6
Single photon detector door width 1 ns
Insertion loss of AWG 5dB
QKD receiver narrowband filter bandwidth 15 GHz
QKD protocol BB8&4

Key resources: As shown in Fig. 2, the w/o PC scheme suffers from significant noise
interference and the key generation rate cannot always meet the key consumption needs
of the network. Within one collection cycle, the key capacity of the QKP is rapidly
depleted. In the MPC scheme, the key generation rate is much higher than the key
consumption rate, and the key resources overflow after one collection cycle. In the DPR
scheme, the key resources are always kept at a relatively secure level, ensuring that
the system can provide an appropriate amount of key resources at any time without
causing waste of secure keys. Therefore, the DPR scheme has more advantages in the

Vmax

— DPR
MPC
v2 4 — wiorc

The Key Resources of Current Quantum Key Pool (bit)

V1 A f
y

T T T T T
0 2 4 6 8 10
Data Collection Cycle

Fig. 2. Changes of key resources in different collection periods
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Fig. 3. Q factor of uplink signal in random collection mode under different schemes

ONU1 ONU2

ONU

Fig. 4. Q factor of uplink signal in centralized collection mode under different schemes

management of QKP, always ensuring that the system can provide an appropriate amount
of key resources without causing waste of key resources.

Reliability of Power Business: This paper evaluates the Q of uplink signals under the
coexistence of quantum signals and power communication optical signals. We calcuates
the average Q for different acquisition modes. As shown in Fig. 3 and Fig. 4, the average
zero factor of different ONU groups in the DPR scheme was improved by at least 81.24%
and 327.23% in the centralized collection mode and random supplementary collection
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mode, respectively, compared to the MPC scheme, with the highest being 129.29% and
649.56%.

5 Conclusion and Future Work

This paper proposes a dynamic power regulation (DPR) scheme. Based on the -greedy
algorithm, the transmitted power can be dynamically adjusted accord-ing to the condition
of quantum key pool (QKP), This reduces noise interference on the quantum signal,
improves the security key generation rate, and achieves the goal of jointly optimizing
the reliability and security key generation rate of power services. The simulation results
show that compared with MPC and w/o PC schemes, the DPR scheme can effectively
reduce the probability of key resource depletion or overflow in QKP, maintain key
resources at a safe and available level, and ensure the reliability of power business.

Acknowledgement. This Paper is Supported by Research on Key Technologies of High Security
Protection of Basic Information Facilities for New Power System (GDKJXM?20230420).
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Abstract. Intelligent machines are increasingly appearing in daily ethical sce-
narios, and there is an urgent need to consider the ethical module design of
intelligent machines and give them moral considerations. In current research
on machine ethics, the most discussed approaches are top-down and bottom-up
approaches, both of which have their own rationality but have limitations in com-
putability. Therefore, scholars have begun to study the design of hybrid paths,
which involves how to better integrate the two approaches. This paper analyzes
the problems encountered in the specific implementation of machine morality
and proposes that both design and integration issues can adopt the method of
transfer learning. It suggests improving the good ideas and suitable model frame-
works applied in machine intelligence and then introducing them into the design
and implementation of machine morality. Specifically, on one hand, the machine
intelligence implementation method of “autonomous mental development” can
be transferred to the framework design of “autonomous moral development”. On
the other hand, considering the characteristics of moral issues themselves, factors
such as emotion, sociality, semantic understanding, and the impact of conscious-
ness on human moral decision-making should be taken into account and integrated
into the machine morality module. Based on the above two considerations, this
paper proposes a feasible modeling framework for machine ethics, providing a
new design idea and practical reference for the realization of machine ethics.

Keywords: Machine Ethics - Al Ethics - Artificial Intelligence

1 Introduction

Machine intelligence and machine ethics are both important branches of artificial intelli-
gence research. In today’s literature and papers discussing artificial intelligence, ethical
issues related to intelligent machines are generally addressed. However, there is still
controversy among scholars regarding the specific definition and delineation. Yanyong
Du [1] believes that although Artificial Intelligence and Robotics are two different con-
cepts and have many differences. However, from the perspective of technological ethics
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research, the basic viewpoints, theories, and methods of the two are almost universal.
Weiwen Duan [2] proposed the need to distinguish between machine ethics and robot
ethics. He believes that robot ethics emphasizes the responsibility and ethical princi-
ples that humans should follow when interacting with robots without autonomy, while
machine ethics attempts to endow machines with moral behavior and consider their
potential to develop into moral agents. Xue Yu and Qian Wang [3] have systematically
sorted out the division of ethical subjects related to machine ethics among scholars.
They believe that emphasis should be placed on explicit moral embedding rather than
implicit moral implications. They emphasize embedding ethical programs or principles
in machines to achieve explicit moral effects of intelligent machines. Although scholars
have different views on the specific definition and delineation, the analysis of ethical
issues related to intelligent machines is generally based on the work of James Moor.
James Moor [4] defined five types of ethical agents based on the degree of involvement
of ethical factors. The first type of subject is normative agents, which can be any tech-
nical subject capable of performing tasks and completing predetermined work, and the
user determines its moral attributes. The second type of subject is ethical-impact agents,
who not only perform predetermined tasks but also generate moral influence. The third
type is implicit ethical agents, whose behavior implies ethical and moral considerations.
Its designer will design based on ethical and moral principles, and the moral subject
itself can potentially exhibit moral behavior. Its design actually implies the designer’s
materialized morality, thus exhibiting moral intentions in its behavior. The fourth type
is explicit ethical agents, which are able to identify information related to ethics and
morality, and evaluate various possible behaviors based on the ethical and moral mecha-
nisms built into them, calculating and selecting the optimal behavior. The fifth type is full
ethical agents, which can highly simulate human thinking and make ethical judgments
and moral choices in specific contexts. In theory, the operation of such agents can be
completely independent of humans, and currently only exists in science fiction works.
Wendell Wallach and Colin Allen further focus on the deep integration of “intelligent
machines” and “morality” in reality [5]. They proposed the concept of ethical machines,
believing that artificial intelligence expands the scope of autonomous agents, so when
designing these agents, it is necessary to make them respect the values and laws that
a wider range of human moral subjects need to respect. They further narrowed down
the scope of their research and emphasized the need to increase the ethical and moral
attributes of machines. The moral subject they focused on was actually what James Moor
referred to as the explicit moral subject, which is, giving machines moral principles or
moral procedures so that they can find solutions when faced with moral dilemmas, and
making them operate in a morally responsible way, and making their own moral deci-
sions. They believe that with the enhancement of Machine Intelligence and automation,
humans can better utilize the intelligent functions of machines. In extremely dangerous
environments, the advantages of machines will be further highlighted. Therefore, they
emphasize the need to embed ethical programs in intelligent machines to achieve their
ethical decision-making functions.

In summary, compared with general applied ethics, the research on ethical issues
of intelligent machines shows stronger interdisciplinary characteristics. With the con-
tinuous improvement of the decision-making ability of intelligent machines and robots,
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they are gradually forming new challenges to traditional moral philosophy. On the one
hand, traditional ethical principles or moral norms have shown imperfections in artificial
intelligence, prompting ethicists to think deeply and revise existing moral concepts and
theories. Therefore, the theoretical research work of artificial intelligence moral philos-
ophy needs to be strengthened. However, scholars [6] generally believe that the moral
philosophy of artificial intelligence is not a negation or replacement of moral philos-
ophy, but an extension and development of traditional moral philosophy. On the other
hand, intelligent autonomous systems have increasingly appeared in daily ethical sce-
narios, and there is an urgent need to consider the design and implementation of machine
ethics. When making decisions, intelligent machines must take into account both exter-
nal and internal values in their choices and actions. From an execution perspective, all
attempts at machine ethics need to evaluate the feasibility of transforming theory into
computer programs, truly combining theoretical research and practice of machine ethics
to make responsible artificial intelligence. This article mainly focuses on the specific
implementation of ethical decision-making in intelligent machines, aiming to study the
advantages and disadvantages of different approaches to machine ethics implementation
from a feasibility perspective. It discusses the implementation of machine ethics from
a comprehensive perspective, combining top-down and bottom-up approaches to con-
struct a working system, in order to promote the practical implementation of “machine
ethics”.

2 Practical Exploration of Machine Intelligence and Machine
Ethics.

2.1 Three Major Paths of Artificial Intelligence

Human attention to intelligence has a long history. In in ancient times, intelligence was
usually considered as a general term for wisdom and ability. It is said that “wisdom”
and “ability” are two relatively independent concepts, for example, in” Xunzi”, “ What
is known by people is called ‘knowledge’, and when knowledge combines with things,
it is called ‘wisdom’. Therefore, what can be done by a person is called ‘instinct’, and
what can be done in conjunction with others is also called ‘ability’”. Here, “wisdom”
emphasizes cognitive activities more, while “ability” leans towards practical activities;
Secondly, intelligence itself is a whole; The combination of intelligence and ability is
regarded as a symbol for evaluating people. In recent times, “intelligence” emphasizes
more on “brainpower, comprehension, and wisdom”, explaining intelligence from the
perspective of power, which precisely demonstrates the dynamic mechanism by which
“intelligence” can be transformed into ““ power”. This concept has also influenced the
development of artificial intelligence. Currently, although there is no consensus in the
academic community on the definition of artificial intelligence, according to Lucci and
Koppc’s viewpoint in the classic textbook “Artificial Intelligence” [7], artificial intelli-
gence is composed of people, ideas, methods, machines, and outcomes; Firstly, humans
make up artificial intelligence. Humans have ideas and turn them into methods; These
methods can be represented by algorithms, heuristics, programs, or systems that serve
as the backbone of computation; Finally, the products obtained from these machines
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programs are called “results”, and each result can be measured based on its value, effec-
tiveness, efficiency, and other aspects. So, the artificial intelligence we are discussing
today is mostly measured from the perspective of results in terms of its “intelligence”
level, which is often the case in multiple disciplines involving artificial intelligence.

But in the early stages of artificial intelligence research, people’s ideas were more
focused on the essence and simulation of intelligence. At first, there was a constant
debate in the scientific and philosophical communities about whether machines could
achieve intelligence. Amidst these debates and doubts, artificial intelligence is constantly
maturing and developing. Today, looking back, we realize that research in artificial intel-
ligence not only allows us to better understand ourselves, but also enables us to empower
machines to solve problems that have relied solely on human intelligence for thousands
of years. There have been some disagreements in academia since the birth of artificial
intelligence on how to make machines intelligent, leading to a debate among the three
major schools of thought. Connectionism believes that the foundation of intelligence is
built upon the true nervous system. They hope to clarify the elusive characteristics of
human intelligence through the study of neuronal interactions and aim to solve intelli-
gence problems by replicating the connections between numerous neurons. They do not
emphasize centralized storage of information, but rather hope that intelligent machines
can distribute knowledge and memory across all connections like the human brain. Func-
tionalists advocate for “only seeking results, not means”. They believe that intelligence
is a characteristic of living organisms and has no essential connection with the orga-
nization of the body. Intelligence can exist in any system as long as there is a correct
causal relationship between the components of the system, and these components can
be neurons, silicon chips, or any other substitute. Behaviorists believe that intelligence
does not require knowledge, representation, reasoning, and that artificial intelligence can
evolve like human intelligence by interacting with its surrounding environment. They
conducted research on adaptive, self-organizing, and self-learning issues by simulat-
ing the intelligent behavior and role of humans in the control process. Three different
approaches have shown their respective potentials in solving different problems, while
also exposing corresponding questions. On the development path of artificial intelli-
gence, they complement each other’s strengths and weaknesses, gradually moving from
separation to integration, thus giving birth to Mechanism. Mechanism [9] emphasizes
exploring the essence of intelligence from the common mechanisms of intelligent gen-
eration, unifying the three in a common framework, and complementing each other to
achieve artificial intelligence.

In many specific studies on artificial intelligence, we have found that the initial
research on many fundamental issues usually manifests as general questions about intel-
ligence, with a focus on understanding ourselves as humans. However, as research deep-
ens, especially with the continuous improvement of Machine Intelligence performance,
people begin to realize the importance of this issue in practical applications and shift
their focus from the process to the results. That is to say, people pursue practical effects
more than just understanding our own dimensions. The focus of understanding the issue
of “intelligence” in artificial intelligence research has gradually shifted from leaning
towards “wisdom” to pursuing “ability”, and the pursuit of “intelligence” that can be
“implemented” has become an important dimension in related research. It is not only
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necessary to explain intelligence from the perspective of “power”, but also to derive
“power” from intelligence, which has gradually become a characteristic in many stud-
ies of artificial intelligence. This understanding has also played a guiding role in the
development of artificial intelligence in the future. Especially in recent years, with the
development of deep learning, treating intelligent problems as “black box” has become
a widely adopted research model. Behind the performance improvement, it has also
attracted people’s attention to the issue of “Knowing how something happens is more
important than knowing what happens”. The interpretability of artificial intelligence has
also attracted widespread attention, which is a key issue that must be faced in developing
responsible artificial intelligence.

2.2 Three Approaches to Realizing Machine Ethics

The current consensus in academia regarding the development of intelligent machines
is that a good intelligent machine should not only be able to detect potential harm or
negligence of responsibility, but also take measures to avoid or reduce negative outcomes,
comprehensively considering both external and internal values in its choices and actions.
There are currently three main approaches to the feasibility of machine ethics: the “top-
down” approach, the “bottom-up” approach, and the “hybrid” approach.

Different disciplines use the concepts of “top-down” and “bottom-up”, but there are
differences in their specific research applications. The “top-down” approach in ethical
research typically focuses on top-down norms, standards, and theoretical approaches to
moral judgment. They generally focus on the application of broad moral principles to
specific examples. Therefore, theoretical standards, norms, and principles are the basis
for evaluating the morality of actions. In engineering, the concept of “top-down” is used
in a different sense, usually referring to an analytical method for completing tasks, which
decomposes complex tasks into simple subtasks in a top-down manner to achieve task
objectives. In the discussion of machine ethics, two different “top-down” concepts are
combined. From a fusion perspective, designing a machine ethics module means first
determining a specific ethical theory, then analyzing the information and program needs
to implement this theory in computer programs, and then applying the analysis to the
design subsystems and their interconnections. This approach emphasizes that designers
should anticipate various situations as much as possible and provide expected results
guided by rules within the scope of an intelligent machine usage environment. From the
existing research results, the discussions involved in this approach mainly include the
computability and practicability of rule-based and responsibility based ethical concepts,
as well as the possibility of calculating the net effect of an action required by the effects
theory of ethics. As Wendell Wallach and Colin Allen proposed [5], the theory of ethics
provides a solution. If moral principles or norms can be clearly stated, then the require-
ment for intelligent machines to take moral actions can be transformed into specific
questions about how intelligent machines should comply with norms. At this point, the
intelligent machine needs to calculate whether its behavior is allowed by the rules and
convert moral rules into formal algorithms. Because intelligent machines need to rely
on top-down rules to provide information and reasons for their behavior, designers need
to capture the rules of human morality. However, from the current research and imple-
mentation situation, the prominent problem encountered by the “top-down” approach
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is: how to implement the specific calculations required for theory. Is there a computer
that can collect and compare all the necessary information for the full application of
theory in real-time? This question is particularly sharp for the approach of Utilitarian-
ism, as the outcome of any action is bound to be infinite in time or space. In the design
based on Deontological ethics, conflicts of rules arise, necessitating the development
of a framework to resolve these conflicts. Practically, it’s challenging to envision that
moral rules can provide a thorough and detailed decision-making process. Currently,
top-down designs rely on heuristics to inform decision-making and provide evaluative
experts with the information for critical analysis.

The bottom-up approach typically applies methods of learning, development, or
evolution, with the goal of deriving moral competence from general intelligence charac-
teristics. In the sense of ethics, the bottom-up approach to obtaining morality is to treat
standardized values as implicit content in the activities of the subject, rather than being
clearly expressed by abstract theories. In the bottom-up approach to obtaining machine
ethics, the focus is on creating an environment where intelligent machines can explore
their own behavior patterns. The ethical principles in this approach are discovered or
constructed, rather than pre-designed. The underlying theory used in the bottom-up
approach can be understood as a means to clarify tasks for the system, rather than find-
ing execution methods or control structures. The current consensus in academia is that
both genetic evolution and postnatal learning theories contribute to the development
of machine moral modules, as the process of moral production itself is the result of
the combined effects of innate nature and acquired learning. Bottom-up strategies are
expected to generate indispensable technologies and standards for the overall design of
intelligent machines, but these strategies still face difficulties in reality: firstly, they are
full of trial and error and are a slow process; Secondly, it is not yet clear what the appro-
priate evolutionary goals are, what appropriate criteria can determine which intelligent
machines can be complex and mutated, and how these goals effectively define a system;
In addition, the initial learning ability of existing artificial intelligence systems is not yet
as strong as the rich adaptive learning skills exhibited by young children, and there is
still a long way to go in guiding intelligent machines to engage in moral learning. So,
from a practical perspective, the learning approach of artificial intelligence has not yet
been used to develop ethics at this stage. However, in terms of research trends, ethicists
and engineering design researchers have begun to propose that the evolution of learning
or simulation should be combined with more bottom-up approaches in design systems,
adopting a hybrid development model.

It should be noted that the initial distinction between top-down and bottom-up
approaches was too simple to cover all the challenges that machine ethics face in design.
This is a fact, both in terms of engineering design and ethical theory. In practical appli-
cations, we need to combine top-down and bottom-up methods to construct a working
system. However, scholars have not reached a consensus on how to integrate the two
specifically. For example, from the perspective of human morality, morality is actually
a mixture of top-down and bottom-up approaches. The acquisition of quality character-
istics is a bottom-up process, while the emergence of regulatory awareness is mostly a
top-down process. In recent years, many empirical literature on moral psychology have
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also emphasized a person’s innate physical or psychological abilities [5]. So, rational-
ity, emotion, sociality, semantic understanding, and consciousness are all important for
human moral decision-making. However, whether these factors are essential for intelli-
gent machines, if so, whether they can be implemented in computers, and how they can
be integrated are also questions that must be considered.

3 From Machine Intelligence to Machine Ethics

Alan Turing once had this thought: instead of trying to write a program to imitate the
thinking of adults, why not directly try to write a program to imitate the thinking of chil-
dren? If we subsequently undergo a suitable educational process, we will acquire the adult
brain as a result. At that time, Turing did not specifically consider the issue of machine
ethics. He was thinking about whether computers could produce original behavior. But
today we will see that this approach is not only suitable for the study of machine intel-
ligence problems but also for thinking about the feasibility of machine ethics. Because,
whether it is natural evolution or artificial construction, intelligent machines with moral
considerations require certain abilities to learn and discover the norms of the place they
are placed in. Throughout their entire lifecycle, intelligent machines actually need to
absorb feedback on the moral acceptability or unacceptability of their behavior. Cur-
rently, despite the rapid development of artificial intelligence, we must face the fact that
there is no effective learning machine model that can approach the rich diversity of actual
biological learning mechanisms in any situation. Therefore, the Turing ideal model faces
great difficulties in practice, but we have found through research that existing attempts
and achievements in artificial intelligence can be introduced into the implementation of
machine ethics through transfer learning, as there are many similarities between the two
in a specific implementation.

3.1 The Similarities Between Machine Intelligence and Machine Ethics
at the Practical Level

In the design of artificial intelligence, on the one hand, we need to fully consider and
improve its specific performance, that is, the problem of intelligence; On the other hand,
it is also necessary for them to abide by human moral norms, that is, moral problems.
An excellent artificial intelligence design requires a comprehensive consideration of
both intelligence and ethics. At present, artificial intelligence systems are not yet able to
evolve and develop a sense of morality on their own, and their instrumental nature may
lead to deviations in their utilization. Therefore, researchers and designers of artificial
intelligence should strive to reduce the possibility of their abuse and misuse before the
product is officially launched. As proposed by Lun Li and Baoxue Sun [8], the design
of artificial intelligence ethics needs to be carried out from two aspects: first, before
designing and developing a certain artificial intelligence product or service, designers
and manufacturers should have a clear value positioning and be able to have an overall
prediction of its ethical and social impact; Secondly, if there is a value deviation in the
process of providing services to consumers through artificial intelligence, the built-in
correction mechanism of the system can effectively prevent the harm from continuing to
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occur and prevent the occurrence of danger. If highly autonomous intelligent machines
lack ethical constraints and value consistency, the consequences are even more worrying.
The overall value positioning of ethical design for artificial intelligence is to design
ethical guidelines for Al systems and embed good value standards into the system in
order to ensure that Al better serves humanity, rather than making humans subject to
Al Therefore, the overall goal of intelligence and moral problems is consistent, both
striving towards the ultimate goal of goodness, beauty, and excellence.

There is also a debate over whether morality can be calculated in the implementa-
tion of machine ethics. At present, the implementation of machine ethics is to transform
human moral behavior into a computable form for representation, which is actually a
recognition of ethical computability. On the issue of human intelligence, the debate over
whether it is computable has a long history. Nowadays, this debate is widely present
in fields such as intelligence, cognition, and ethics. Computationalism believes that the
human mind can be understood as a form of computation. Human thinking and mind
are both controlled by rules and can be explained using computational terms. According
to computationalism, ethical reflection, as an important part of human mental activ-
ity, can also be demonstrated through computational methods. In the field of artificial
intelligence, many algorithms are currently implemented through computation. When it
comes to the question of whether intelligence can compute, in terms of the computational
capacity of intelligence, John Searle had already used the Chinese room argument to
raise doubts: while computers can perform symbolic processing of numerical, textual,
and other data, they do not truly comprehend such information. Similarly, when dealing
with ethical and moral problems, intelligent machines can use symbols and numbers
to represent ethical and moral behavior, but do they really understand moral behavior
and moral intentions? Alternatively, in the issue of machine ethics, humans do not nec-
essarily require machines to understand ethical behavior, but rather hope to transform
ethical behavior into a way that artificial intelligence systems can handle, using cog-
nitive logic and moral logic calculation methods to enable machines to make ethical
decisions, thereby further increasing public safety, health, and well-being. Although
there is controversy among scholars regarding the computability of morality, there is
a general consensus on designing artificial intelligence that conforms to human ethi-
cal standards. Therefore the current focus of research is still on how to design a more
reasonable plan.

3.2 Drawing Inspiration from the Practice of Machine Intelligence to Improve
Machine Ethics

As early as 2001, Weng and some other scientists jointly published paper in Science,
proposing a new design concept for artificial intelligence called “autonomous mental
development” [10]. Under the control of its internal developmental program, the machine
system can autonomously interact with the external environment in real-time through the
use of sensors and drivers, continuously accumulating knowledge in a learning manner,
and growing into a mature intelligent machine capable of handling multiple different
tasks to achieve the development of the machine’s mind, and accumulate memory and
knowledge during the process of mental development. The concept of autonomous men-
tal development is by no means groundless, and subsequently they developed a series
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of robots such as SAIL and David, which have the ability of mental development. After
more than 20 years of development, the design concept of “autonomous mental devel-
opment” has not only been widely recognized in the industry, but its performance has
also steadily improved, allowing us to see the possibility of directly trying to write a
program to imitate children’s thinking and then receiving a suitable educational process
to make machines intelligent.

Input; information required for moral
decision-making

The moral decision-making system

Theoretical guidance Learning and development

module constructed based + i it o wle eif e + module based on a bottom

on a top-down approach T SEED up approach

l fusion

Plan evaluating

l feedback

Optimal plan

F'S

Re-training

Fig. 1. The Framework of Machine Ethics Model based on Autonomous Mental Development.

In the development of the theory of autonomous mental development, a series of
core algorithms have emerged, from Incremental hierarchical discriminant regression
[11] IHDR) to Developmental Network-2(DN-2) [12]. The core goal of this type of
algorithm is to build decision systems in high-dimensional space incrementally through
online real-time learning. Autonomous mental development robots are designed and
developed according to the principles of learning and evolution and have achieved sig-
nificant breakthroughs. It should be emphasized that due to its simulation of human
growth process, it has unique advantages in the interpretability of artificial intelligence.
This also provides a reference and inspiration for the implementation of machine ethics.
Compared with pre-collected ‘big data’, autonomous imitation greatly reduces the com-
plexity of teaching, especially without the need for annotation of training data. Therefore,
it is very suitable for building machine ethics modules. Based on this, we have designed
a training design framework for machine ethics, as shown in Fig. 1. Firstly, collect the
relevant information required for moral decision-making and input it into the moral
decision-making system. The moral decision-making system mainly consists of three
modules: one is the theoretical guidance module constructed based on a top-down app-
roach; The second is a learning and development module based on a bottom-up approach;
The third is the analysis module of the moral scene in which it operates; The fusion of the
three produces a plan to be evaluated. The evaluation plan usually consists of multiple
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plans, and the trainer scores and provides feedback on the series of plans to determine the
optimal plan. The optimal plan is then fed back to a learning and development module
based on a bottom-up approach, which is dynamically updated through DN-2 learning.
As the algorithm foundation, DN-2 has the characteristics of incremental, non-iterative,
real-time learning mode, and optimality (in the sense of maximum likelihood) of super
Turing machines emerging from open real-world learning. In the construction of moral
decision-making frameworks in specific scenarios, we can use small samples for training
and dynamically update criteria in real-time through learning, which can better solve
the problem of different design requirements for machine moral modules with different
functions in different scenarios.

4 Conclusion

How can machine ethics better align with human ethics? Scholars generally believe that
there will be two forms of machine ethics before the development of widely trusted
moral actors by humans: operational ethics and functional ethics. Operational ethics
is completely controlled by tool designers and users, and its design process is carried
out with full consideration of ethical values. The forms of functional morality are more
diverse, ranging from systems that can only act within acceptable behavioral standards, to
intelligent types that can evaluate the important moral significance of their own behavior,
all of which belong to functional morality. They have the ability to make moral decisions
and respond to moral challenges on their own. However, due to the limitations of current
technology, the functional ethics of machines still face many challenges.

The existence of challenges has not reduced people’s determination to develop
machines with moral attributes, and extensive research has been conducted on this
issue, resulting in different practical approaches and ideas. The main issues involved
in the top-down approach include the computability and practicability of rule-based and
responsibility-based ethical concepts, as well as the possibility of calculating behav-
ioral effects in the effects theory of ethics; The bottom-up approach applies methods of
learning, development, or evolution, with the goal of deriving moral competence from
general intelligence characteristics, with a focus on the self-evolution and learning issues
of moral competence. Both designs have their own rationality, but also face many prac-
tical challenges, giving rise to the idea of a hybrid approach. Our research is based on a
hybrid approach, drawing inspiration from the study of autonomous mental development
in machine intelligence, and designing a hybrid framework with the hope of providing
a new reference for the implementation of machine ethics.
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Abstract. Given a weighted graph for TSP, a corresponding frequency graph is
computed using the optimal paths with given endpoints (optimal paths for short).
The edges in optimal Hamiltonian cycle (OHC) show special frequencies much
bigger than those of most other edges. The average frequencies for edges and paths
in OHC are studied as a frequency graph is computed based upon the frequency
quadrilaterals or optimal 4-vertex paths. The lower frequency bounds for an OHC
edge, two and three immediate OHC edges are proven to be 35/9, 22/3 and 35/3,
respectively in the worst average case. Moreover, the average frequency for all
OHC edges is bigger than 4 and it is bigger than 13/3 for big and large TSP. These
findings are verified with experimental results.

Keywords: Travelling salesman problem - frequency graph - optimal path with
given endpoints - frequency quadrilateral

1 Introduction

Given n cities {1,2,...,n} and a distance d(i,j) > 0 is given for each pair of cites i, j (1 <i
# j < n), a salesman starts from one initial city and visits each of the other cities exactly
once, and then returns to the starting city. Then, a Hamiltonian cycle (HC) is found. To
save travel time or cost, he must find the shortest HC called the optimal Hamiltonian
cycle (OHC). This is the traveling salesman problem (TSP) which has been proven to be
NP-complete [1]. Until now, no exactly polynomial-time algorithms appeared for TSP
unless P = NP. TSP was regarded in computer science for searching the optimal solution
as soon as possible [2].

A complete weighted graph (WG) K, is usually representing TSP. A vertex v; (1
< i < n)in K, notes the it city and an edge (v;,v;) notes the route between v; and v;.
Each edge (v;,v)) is assigned a value d(v;,v;) > 0 which is taken as the distance between
v; and v;. The algorithms for TSP are explored and analyzed based on graph theory.
However, special properties on OHC are hard to find according to the distances on edges.
Various algorithms including exact, approximate and heuristic algorithms are designed
for searching OHC. The exact algorithms usually consume O(a") [3] time, where a >
1. In theory, the TSP instance of big size is difficult to resolve. Fortunately, the scholars
have found some useful methods, such as branch-and-bounds [4] and cutting planes
[5], for neglecting many ordinary edges and paths out of OHC so that the search space
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and computation time are reduced significantly. Thus, the TSP containing thousands
of nodes were resolved. For example, the VLSI application containing 85,900 nodes
was resolved [6] on one 128 networked computer system. The experiments showed that
the time is difficult to decrease for tackling large TSP [7]. To resolve TSP as quick
as possible, the heuristics and metaheuristic algorithms are widely applied [8] whereas
the solutions must be evaluated through experiments. In current state, the algorithms
designed according to WG do not meet the demands for tackling real-life TSP.

Besides the WG for TSP, the frequency graph (FG) [9] is another representation
for TSP. Different from WG, the distance on an edge is changed into a corresponding
frequency in FG. The frequency for an edge is computed based upon the optimal paths
with given endpoints (optimal path) in K,,. An optimal path containing i vertices is
computed in this way. Given i vertices {1, 2, ..., i} in K,, for i > 4, appoint two vertices
as the endpoints, such as 1 and 2, and the other i-2 vertices are taken as the intermediate
vertices. Since the intermediate vertices can be exchanged with each other, there are
total (i-2)! paths for endpoints 1 and 2. Among the group of paths, there is one path with

the minimal length. This path is the optimal i-vertex path for endpoints 1 and 2. (é)
pairs of endpoints exist according to the vertex set {1, 2, ..., i} and (é) optimal i-vertex

paths arise. K, contains ('11) sets of i vertices and there are total (;) ('Z) optimal i-vertex

paths. After these paths are computed, one can enumerate the number of paths including
an edge (v;,v;). This number is the frequency for (v;,v;). While the frequency for each
edge is obtained, a WG is converted into one corresponding FG. As FG is computed
based upon optimal 4-vertex paths and frequency quadrilaterals, it found the frequency
for an edge in OHC is much higher than that of most ordinary edges and [10].

In 1920s, Menger pointed out the OHC edges and the ordinary edges are difficult to
separate with respect to their distances. Differently, an edge in OHC shows a frequency
much bigger than that of most other edges in an F'G. Wang [11] proved that the edges in
OHC have one lower frequency bound as it is computed based on the optimal 4-vertex
paths or frequency quadrilaterals. Moreover, the frequency or average frequency for an
edge in OHC increases according to n [12]. These results demonstrate that the edges in
OHC are obviously different from most ordinary edges according to their frequencies.
Furthermore, we guess a path in OHC has one special frequency different from that for
an ordinary path containing the same set vertices. Thus, the frequency bounds for the
OHC paths will be explored to reduce the search space and save time as TSP is resolved.
In this paper, we prove the frequency bounds for an OHC edge, two and three immediate
edges in OHC and OHC, respectively in case that FG is computed using the frequency
quadrilaterals (or optimal 4-vertex paths). Firstly, the previous frequency bound 3 for
the edges in OHC is derived based on a new method. The change of the frequency for an
edge in OHC is analyzed with respect to rising n. Moreover, the lower frequency bound
is improved from 3 to 35/9 for an edge in OHC if the restrictions of optimal 4-vrtex
paths are taken into consideration. Secondly, the lower frequency bounds for two and
three immediate OHC edges are proven to be 22/3 and 35/3, respectively in the worst
average case. Moreover, we proved that the average frequency for all edges in OHC is
greater than 4 and it is bigger than 13/3 for big and large TSP. These findings illustrate
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the edges and paths in OHC are better cultivated in F'G. In the end, the experiments are
executed and the results are illustrated.

The following contents are presented in the following. The optimal 4-vertex paths
and FG are introduced briefly in Sect. 2. The previous lower frequency bound for an edge
in OHC is rederived with a new method and the frequency bound is improved as well
in Sect. 3. In the 4™ section, the lower frequency bounds for two and three immediate
edges and all edges in OHC are proven, respectively, based on the frequencies on edges
constrained by optimal 4-vertex paths. In the fifth section, the experimental results are
illustrated. In the end, the paper is summarized.

2 The FG Based on Optimal 4-vertex Paths

An i-vertex path is noted as a sequence of i vertices P = (v, v2, ..., vi) 2 <i <n).vy, v
are the endpoints and the other vertices are the intermediate vertices. Asi =2, P = (v,
v2) represents an edge. For the symmetric TSP, P is the same as the reversed path. Given
an OHC path containing i vertices, it never becomes shorter whenever the intermediate
vertices exchange their positions. This kind of paths are optimal i-vertex paths (optimal
path). As there is no confusion, an optimal path is also noted as OP. There are total
n(n-1)2n-3 optimal i-vertex paths in K, [9]. OHC in K,, contains n OPs for a given
number i. The OPs not in OHC are ordinary OPs including at least one ordinary edge
not in OHC. Different from the other paths in K, the OPs containing bigger number
of vertices are composed of the OPs containing smaller number of vertices rather than
the other paths or edges. Moreover, only a part of the OPs containing less vertices are
included in the OPs containing more vertices.

Given a number i, K, contains ('l’) Kis and there are (é) optimal i-vertex paths

in each K;. Thus, total (é)(’l’) optimal i-vertex paths exist in K,. As i is big, it is
time-consuming to compute an optimal i-vertex path. If i is small, all optimal i-vertex
paths can be computed in reasonable time. For example, if i = 4, one can compute all

the optimal 4-vertex paths. In this case, each edge is contained in ("52> K4s each of

which contains six optimal 4-vertex paths. For an edge (v;,v;) contained in (";2) Kys,
the number of optimal 4-vertex paths including (v;,v;) can be figured out according to
the 6("52) optimal 4-vertex paths. This number is the frequency for (v;,v;). Once the
frequency for every edge is computed, an FG is obtained. In such an FG, the experiments
illustrated that the frequencies for edges in OHC are much bigger than those for most
ordinary edges [9, 10]. Moreover, the lowest frequency for edges in OHC is bigger than
3(”;2> and it increases according to n [12]. Given a WG, the OHC edges generally do
not have special distances different from those of the ordinary edges.
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3 The Lower Frequency Bound for Edges in OHC

The lower frequency bound has been discussed in paper [11]. Here, a different method
is used to prove the previous lower frequency bound 3. One can predict the change of
the average frequency for an edge in OHC with respect to rising n. Moreover, the lower
bound is improved to 35/9 under the restrictions of the optimal 4-vertex paths.

3.1 The Previous Lower Frequency Bound

Given a K4, it contains six edges and optimal 4-vertex paths as well. As the frequency
for each edge is computed based upon the six OPs, the frequency f is 1, 3 or 5 for an edge
in the corresponding frequency quadrilateral [10]. Given a frequency quadrilateral, each
of the edges in OHC in the corresponding K4 have the frequency 3 and 5, respectively.

An edge (v;,v)) in K, is included in (";2) K4s and ("52) frequency quadrilaterals.
In the k™ frequency quadrilateral, (vi,vj) has a specific frequency fx =1, 3 or 5. As
the frequencies 1, 3 and 5 are uniformly distributed for (v;,v;) with respect to all the
frequency quadrilaterals, the probabilities pi(f = 1) = % — ﬁ p3(f =3)= % and
p3(f =3) = % + ﬁ that an edge in OHC has 1, 3 and 5 are derived in the worst
average case [11]. As the frequency F;; for edge (v;,v;) is computed using all frequency

n—2
quadrilaterals, i.e., Fj; = Z,S:l ) fi = 3("52) holds for an edge in OHC. Meanwhile,

the average frequency f;; = % > 3 also holds for an OHC edge. In the next, another

2
method is used to prove the frequency bound 3 for edges in OHC.
Theorem 1. As the average frequency f; for an edge (v;,v;) in OHC is computed
using the frequency quadrilaterals containing (v;,v;), fi; is bigger than 3 in the worst
average case and it increases according to 7.

Proof: Given an OHC edge (v;,v;) in K, (n > 4), it is included in ("52) frequency

quadrilaterals. (v;,v;) has the frequency 5 with a probability p% according to the (";2)
frequency quadrilaterals. The number of such frequency quadrilaterals is computed as
M, = (”;z)p’sl As a certain vertex is added to K, K41 is generated and (v;,v;) is con-

tained in <"51) frequency quadrilaterals. (v;,v;) has the frequency 5 with a probability

pg’H with respect to the (”51 ) frequency quadrilaterals. There are M, = ("51 ) ng'l

such frequency quadrilaterals for (v;,v;) in K41.
As K, turns into K11, n-2 more frequency quadrilaterals are added for (v;,v;). The

n-2 frequency quadrilaterals are one sample drawn from the (”51) frequency quadri-

laterals. On average, there will be M = (n — 2)pg’+1 more frequency quadrilaterals
in which (v;,v;) has the frequency 5 according to the added frequency quadrilaterals.

Because M,, + M < M, exists, p’g < pg"H is derived. It means (v;,v;) will have more

percentage of 5s according to n. It also says (v;,v;) will be contained in more percent-
age of the OPs with respect to rising n. As the probability equality p5 s = p3 + p&
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exists, pi s < nggl also holds and the same conclusion is drawn. Since the equalities

F; = (5p% + 3p} —l—p'l‘)('lf) = f,:,("gz) and p? + p4 + p| = 1 hold, f;; increases
according to n and it will tend to 5 as n is sufficiently big.

According to OHC, (v;,v;) has n-3 vertex-disjoint OHC edges in K,. (v;,v;) and one
of these edges are contained in one K 4. In each of these corresponding frequency quadri-
laterals, (v;,v;) has the frequency 3 or 5 [10]. Given such one frequency quadrilateral,
(vi,v;) has 3 in the worst case and the probabilities p‘l1 = p§ = 0 and p‘; = 1 hold. As
the other vertices are added to the K4 one by one, (v;,v;) will be contained in a sequence
of graphs Kys (4 < k < n) containing more and more vertices. Because p§,5 and p’s‘
increase according to k and f; as well, f;; > 3 holds as k > 4.

Since Fj; > 3(";2> for an edge in OHC, ps(f = 5) must be bigger than p;(f = 1)
for each OHC edge, i.e. ps(f =5) > p1(f = 1). In the average case, an OHC edge will
have a3 or 5 in a frequency quadrilateral includingit,i.e. p3 5 (f = 3 or5) = 1. Moreover,
the frequency for an edge in OHC increases according to n. Given an ordinary edge, it is
generally contained in many frequency quadrilaterals where the frequency is 1. Based
on Theorem 1, the probability p; (f = 1) for an ordinary edge will rise according to n.
There are (Z) frequency quadrilaterals in K, and each frequency quadrilateral includes
six edges having 1, 1, 3, 3, 5 and 5. The total 1s, 3s and 5s reaches the number 6(2) and
the average frequency for all edges is 3. Based on Theorem 1, an OHC edge will have
more 3s and 5s than an edge not in OHC. It says the average frequency for an ordinary
edge is smaller than 3. The distances related to the OHC edges generally do not have
upper and lower bounds.

3.2 The Improved Lower Frequency Bound

As the probability Eq. (1) is derived [10] for an OHC edge, the authors assumed the
frequencies 1, 3 and 5 in a frequency quadrilateral are independent to each other and
uniformly distributed for all edges in K,. The experiments illustrated that this lower
frequency bound is too small for most TSP instances [10, 12]. In fact, the frequencies
1, 3 and 5 are not uniformly distributed for each edge due to the optimal 4-vertex paths.
Based on the OPs in a K4, the lower frequency bound for edges in OHC can be improved
to 35/9.

Theorem 2. As the frequency for each edge is computed using the frequency quadri-
laterals in K, the average frequency for an edge in OHC is greater than 35/9 in the worst
average case.

Proof: A K4 contains six edges and six optimal 4-vertex paths. For example, a K4 on
A, B, C and D is shown in the left upper side in Fig. 1. d(A,B), d(B,C), d(C,D), d(A,D),
d(A,C) and d(B,D) are the distances on the corresponding edges, respectively. The six
optimal 4-vertex paths depend on the three summed distances d(C,D) + d(A,B), d(B,C)
+ d(A,D) and d(B,D) + d(A,C). For example, according to the inequality d(B,D) +
d(A,C) > d(B,C) + d(A,D) > d(C,D) + d(A,B), the six optimal 4-vertex paths are (A,D,
C.B),(A,B,D,C),(A,B,C.D),(B,A,D,C), (B,A,C,D), and (C,B,A,D) which are shown under
ABCD in Fig. 1. As the frequency for every edge is enumerated from the six optimal
4-vertex paths, the frequency quadrilateral ABCD is obtained and shown in the upper
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right side in Fig. 1. The frequency beside each edge is the number of the OPs including
the edge.

In the frequency quadrilateral, the vertex-disjoint edges have the same frequency,
such as the frequency 5 for (A,B) and (C.,D), frequency 1 for (A,C) and (B,D), and fre-
quency 3 for (A,D) and (B,C). Moreover, the three edges gathering at a vertex have the
different frequencies. For example, (A,B), (A,C) and (A,D) containing A have the fre-
quencies 5, 1 and 3, respectively. Under the frequency ABCD, the six OPs are illustrated
as well as the corresponding frequency is attached to each edge. There are three edges
in each optimal 4-vertex path including one middle edge and two edges on both ends.
Different from the diverse distances on edges, the frequencies on edges in each optimal
4-vertex path are restricted to 1, 3 and 5, and they conform to the following rules. In
each optimal 4-vertex path, the two edges on both ends have one identical frequency.
As the frequency of the middle edge is 5, the frequency of the edges on both ends must
be 3. Else if the frequency of the middle edge is 1 or 3, the frequency of the edges on
both ends must be 5. The frequency 1 never appears on the end edges in any one optimal
4-vertex path. Given two adjacent edges in an optimal 4-vertex path, the two adjacent
edges may have two frequencies in {3,5} or { 1,5} rather than {1,3}. It says two adjacent
edges having the frequencies in {1,3} in any one frequency quadrilateral are never con-
tained in an optimal 4-vertex path. Thus, two edges having the frequencies in {1,3} in all
frequency quadrilaterals are never adjacent in OHC. d(C,D) + d(A,B), d(B,C) + d(A,D)
and d(B,D) + d(A,C) have six orderings. Based on each of the other five orderings, one
can derive the corresponding six OPs as well as frequency quadrilateral, respectively.
In total, six frequency quadrilaterals exist for ABCD [10]. The frequencies for the three
edges in every optimal 4-vertex path conform to the same rules.

There are ("52) K 4s for each edge in K, and each K4 includes twelve 4-vertex

paths. Since OHC only contains OPs, the six OPs in each K4 are concerned and the
other paths are neglected. An OHC edge in a K4 must be contained in one of the six
optimal 4-vertex paths in Fig. 1. Moreover, the frequency for each OHC edge in an
optimal 4-vertex path must conform to the frequencies on edges in the six OPs. An OP
may contain the OHC edge or other ordinary edges. Based on Theorem 1, an OHC edge
will have a bigger probability to own the 3 and 5 than an ordinary edge. In the worst case,
the frequencies on edges according to the six OPs in Fig. 1 are uniformly distributed for
the OHC edge as an ordinary edge. The probabilities that an OHC edge has 1, 3 and 5
will be 1/9, 1/3 and 5/9, respectively. In this case, the average frequency for an edge in
OHC is bigger than 35/9. (]

Based on OHC, there are n-3 frequency quadrilaterals in each of which an OHC
edge has a 3 or 5. Moreover, there are %(n —3) 5s and %(n — 3) 3s in the average case
[11]. In the remainder frequency quadrilaterals, the OHC edge will have 1, 3 and 5 with
the probabilities 1/9, 1/3 and 5/9, respectively based on the six OPs in Fig. 1. In this
case, p1(f = 1), p3(f = 3) and p3(f = 3) for an OHC edge are improved to those in the
Eq. (1), respectively. As the frequency for an edge is computed using optimal 4-vertex
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paths, the average frequency for an edge in OHC can be estimated according to Eq. (1).
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Fig. 1. The frequencies on edges in the six optimal 4-vertex paths

4 The Lower Frequency Bounds for Two, Three Immediate OHC
Edges and OHC

For each TSP instance, every edge has a fixed frequency in FG computed with the
frequency quadrilaterals. Given a P, OP or HC containing k (2 < k < n) edges, the
average frequency for P, OP or HC is the sum of the average frequencies for the edges
contained in the P, OP or HC, respectively. In similarity, each P or OP also has one
specific frequency as well as an HC. An OHC in K, contains n optimal i-vertex paths
for given i. The frequencies for the OHC paths and OHC are concerned here. According
to the distributions of the frequencies on edges with respect to the six OPs in Fig. 1, the
lower frequency bounds for two, three immediate OHC edges and OHC will be derived,
respectively.

Corollary 1. As the frequency for each edge is computed with the frequency quadri-
laterals in K, the average frequency for two immediate edges in OHC is greater than
22/3 in the worst average case.

Proof: OHC in K,, only contains OPs. Two immediate edges are contained in n-3
K4s and a K4 includes six optimal 4-vertex paths. Moreover, one of the optimal 4-vertex
paths in some K4 is contained in OHC. In each corresponding frequency quadrilateral,
the frequencies for the two edges must have the frequencies on two adjacent edges in
the six OPs in Fig. 1. Otherwise, the two edges will not be contained in an optimal
4-vertex path and OHC as well. An optimal 4-vertex path may contain two immediate
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OHC edges or not. In the worst case, the frequencies for two adjacent edges in the six
OPs in Fig. 1 are uniformly distributed for two immediate OHC edges in K,,. In this
case, the probabilities that two immediate edges have the frequencies 6 and 8 are 1/3
and 2/3, respectively. The average frequency for two immediate OHC edges is equal to
22/3. As n rises, the probabilities pg”S and pg‘ increase for an OHC edge. Therefore, the
average frequency for two immediate OHC edges will be bigger than 22/3 if n > 4.

In addition, two adjacent edges in an optimal 4-vertex path have the minimum fre-
quency 6. In the worst case, two immediate OHC edges own the lowest frequency 6 in
each of the frequency quadrilaterals. In this case, the two immediate edges in OHC have
the lowest average frequency 6. (]

Corollary 2. As the frequency for an edge is computed based upon the frequency
quadrilaterals in K, three immediate edges in OHC have an average frequency bigger
than 35/3 in the worst average case.

The proof is the same as that for proving Corollary 1. It mentions that the minimum
average frequency for three immediate OHC edges is 11 in the worst case. For big
and large TSP, an edge in OHC will have a frequency bigger than 3 in a frequency
quadrilateral. In this case, the average frequency for two and three immediate edges in
OHC shall surpass 8 or 13 (see Fig. 1), respectively.

The average frequencies for two and three immediate edges in OHC in the worst case
are too small in applications. Once TSP size becomes big, they are not helpful to filter
out the ordinary OPs containing two and three edges, respectively. The bigger frequency
bounds for them will be derived through frequency consistency [11]. In K, two adjacent
edges are contained in n-3 K4s. It means that two adjacent edges are at most contained
in 2(n-3) optimal 4-vertex paths. If two adjacent edges are contained in some optimal
4-vertex paths, the frequencies must be in {5,3} or {5,1}. Besides the n-3 K4s, each of

them is contained in the other (”53) K4s, respectively. If the frequency distributions

for two adjacent edges are derived [11] according to the n-3 frequency quadrilaterals
containing them, the frequency for the two edges can be estimated. As an edge e is noted
as (v;,v)), the frequency f(e) = f(v;,v;) exists.

Theorem 3. Given a frequency quadrilateral ABCD in K, onset {1,2,...,n}.If f(A,C)
> f(A,B) (or f(A,B) > f(A,C)) holds, f(A,C) > f(A,B) (or f(A,B) > f(A,C)) exists with
the probability > 2/3 in another frequency ABCE and E € K,\{A, B, C, D}.

Theorem 3 indicates an edge will keep the same frequency in two related frequency
quadrilaterals where this edge and another identical vertex are contained, see the proof
in paper [11]. Based on Theorem 3, the lower frequency bound will be derived for an
OP containing several immediate edges in OHC.

Theorem 4. As the frequency for an edge is computed based upon the frequency
quadrilaterals in K, the average frequencies for two and three immediate OHC edges
are bigger than 20/3 and 31/3, respectively. For kK immediate edges in OHC, the average
frequency will be greater than 10k/3 for even number k.

Proof: Given two immediate edges (A,B) and (A,C) in OHC in K, they are contained
in n-3 frequency quadrilaterals ABCD. In every ABCD, there are two optimal 4-vetex
path where (A,B) and (A,C) are in the middle, respectively. Since (A,B) and (A,C) are
the unique pair of OHC edges containing A, the optimal 4-vertex paths in which (A,B)
or (A,C) is in the middle must include the other edge, respectively. Otherwise, (A,B) or
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(A,C) cannot be approved to be contained in OHC simultaneously if one of them is the
OHC edge. It says the n-3 optimal 4-vertex paths in which (A,B) is in the middle must
include (A,C) and vice versa.

The average frequency for (A,B) and (A,C) is 3 in the worst case. On average, (A,B)
and (A,C) will have the frequency 3 or 5 in a frequency quadrilateral including them,
respectively. In the worst case, one of the edges, such as (A,C), has 3 with respect to all
frequency quadrilaterals including it. Since (A,B) and (A,C) are contained in #-3 optimal
4-vertex paths, (A,B) must has 5 in the n-3 frequency quadrilaterals with respect to the
optimal 4-vertex paths in Fig. 1.

As vertex C or D is substituted with a certain vertex E in K,, another frequency
quadrilateral ABCE or ABDE is generated. In every frequency quadrilateral ABCE or
ABDE, 1, 3 and 5 for (A,B) occurs with the probability 1/9, 4/9 and 4/9, respectively
based on Theorem 3. Total (";3) such frequency quadrilaterals ABCE and ABDE are
generated for (A,B). Plus the initial n-3 frequency quadrilaterals where (A,B) has 5,
the total frequency of (A,B) is % (”;2) + %(n — 3). Thus, the average frequency for
(A,B) and (A,C) is bigger than 20/3. It mentions that there are the other n-3 frequency
quadrilaterals including (A,B) and the other immediate edge in OHC. In each of them,
(A,B) has 3 and 5 rather than 1 [10]. Moreover, (A,B) and (A,C) will be contained in
more percentage of the OPs according to n > 4 as well as the path (B,A,C) based on
Theorem 1. Therefore, the average frequency for two immediate edges in OHC will be
greater than 20/3.

In the same way, the other OHC edge adjacent to (A,C) must have an average fre-
quency bigger than 11/3. Thus, the average frequency for three immediate OHC edges is
bigger than 31/3. For an OHC path containing k immediate edges, the average frequency
will be bigger than 10k/3 for even number k.

On average, (A,B) has 3 or 5 in each of the frequency quadrilaterals ABCE and
ABDE. Thus, (A,B) will have 3 and 5 with the probabilities 1/3 and 2/3, respectively

according to the (”;3) ABCEs and ABDEs based on Theorem 3. In this manner, the

average frequency for (4,B) and (A,C) becomes the same as that derived in Corollary
1. Moreover, the frequency computed for three immediate edges in OHC is the same as
that derived in Corollary 2 and that for an OHC path containing k edges will be bigger
than 11k/3 for even number k. |

As the frequencies for (A,B) and (A,C) in OHC are not restricted by the optimal
4-vertex paths, the lowest frequency derived for (A,B) is smaller than that derived in
Theorem 2. 11/3 can be viewed as the lower frequency bound in the worst case for
medium and big TSP. The lowest frequency for three immediate edges in OHC is also
smaller than that derived in Corollary 2. This lower frequency bound can be used for
small TSP. In the next, the lower frequency bound for OHC will be proven.

Theorem 5. As the frequency of each edge is computed based on frequency quadri-
laterals in K,, OHC has an average frequency bigger than 4n in the worst average
case.

Proof: Based on Theorem 1, the average frequency for an edge in OHC is greater than
3 in the worst case. Thus, an OHC edge will have 3 or 5 in every frequency quadrilateral
including it. Given a frequency quadrilateral, it contains six optimal 4-vertex paths.
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Based upon the six OPs in Fig. 1, four of them meet the demand of OHC edges (see the
four optimal paths (D,A,B,C), (B,A,D,C), (A,B,C,D) and (B,C,D,A) in Fig. 1). It is known
that an OHC edge will be contained in more percentage of the OPs according to n. In
the worst case, the frequencies in the four OPs are uniformly distributed for an OHC
edge. In this case, an edge in OHC has 3 and 5 with the probability 1/2, respectively. An
edge in OHC has the average frequency 4. Meanwhile, OHC has an average frequency
bigger than 4n.

For large and big TSP, ps(f = 5) will tend to 1 and an OHC edge will have an average
frequency approaching 5 based on Theorem 1. In this case, the optimal 4-vertex paths
with the maximum frequency are used to compute the average frequency for an OHC
edge. An OHC edge will have the improved lower frequency bound 13/3. Meanwhile,
OHC will have an average frequency greater than 13n/3. (I

Based on Theorem 5, two immediate edges in OHC have an average frequency bigger
than 8 in most cases. This result can also be derived according to Theorem 1. As n =
4, two immediate edges in OHC have 3 and 5 in a frequency quadrilateral, respectively.
The total frequency for them is 8. As n increases, the probabilities p5 and pgl’S will rise
for each of the two immediate edges in OHC. The average frequency 5p5 + 3p5 + p/f
also become bigger according to n. Thus, two immediate edges in OHC will have an
average frequency bigger than 8 as n > 4. In similarity, three immediate OHC edges
have an average frequency bigger than 12 in most cases.

After WG is converted into F'G based on frequency quadrilaterals, the lower frequency
bounds for an OHC edge, two and three immediate OHC edges can be used to trim many
ordinary edges and OPs for searching OHC. The lower frequency bounds for the above
cases are presented in Table 1.

Table 1. The lower frequency bounds for OHC edges and paths

Edges and paths in OHC Worst average case Worst case

Small TSP Big TSP Small TSP Big TSP
An OHC edge 35/9 4 3 11/3
Two adjacent OHC edges 22/3 8 6 20/3
Three immediate OHC edges 35/3 12 31/3 or 11 11
OHC 4n 13n/3 4n 4n

In applications, these frequency bounds can be selectively used for TSP of different
sizes. For example, the smaller bounds are applied to small TSP and big bounds are used
for big and large TSP. Moreover, as a path contains enough number of edges, the edges
will have an average frequency greater than 4 or 13/3. Since an edge in OHC has an
increasing frequency according to n, the average frequency for a number of immediate
edges in OHC will be bigger than 4 for big and large TSP. It mentions that all the detected
paths should be OPs meeting the frequency bounds. If an HC is found based on these
frequency bounds, its frequency can be taken as a new bound for finding the next better
HC.
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S Experimental Results and Analysis

The real-life TSP instances in TSPLIB [14] are used to verify the above findings. TSPLIB
includes TSP instances of Euclidean, GEO, ATT, CEIL and Matrix. One OHC for each of
these instances has been computed with Concorde package [15]. Given an edge in a TSP
instance, 1000 K 4s containing this edge are randomly drawn for computing its average
frequency. The average frequency for an edge does not change much in two or more
experiments owing to the binomial distribution. The lowest frequencies are computed
and recorded for an OHC edge, two, three and more number of immediate OHC edges,
respectively. One can compare them with the derived lower frequency bounds for an
edge and several immediate edges in OHC.

The results are illustrated in Table 4. The first column is TSP name. Two digits after
integer are maintained for each average frequency. The experimental results are divided
into two groups. In the first group, the sufficient condition [13] for an edge in OHC is not
considered. For each instance, the lowest frequencies are illustrated for an OHC edge,
two and more number of immediate OHC edges, respectively. In the second group, the
sufficient condition [13] is used to find the OHC edges with an average frequency bigger
than 13/3. Then, the lowest frequencies are computed for two and three immediate OHC
edges containing one confirmed OHC edge, respectively. In the first group, the minimum
frequency is provided for an OHC path containing k (k =1, 2, 3, 4, 5 and 6) edges as well
as that for OHC. In the 9™ column in Table 4, f - 4/k presents the minimum frequency
bigger than 4k for k immediate OHC edges in case that k reaches the minimum number
for each of the TSP instances. In the last column, n17.35/9 and ms.4 represent the numbers
of OHC edges with an average frequency smaller than 35/9 and 4, respectively, and n
notes the TSP size.

Firstly, the minimum frequency for an OHC edge is above 3 except brgl80 and
s11032. It says the bound 3 works well for nearly all these TSP instances. In addition,
the OHC edges having an average frequency close to 3 merely happens to some small
TSP instances. As TSP sizes is above 400, nearly all of them become bigger than 11/3
except dsj1000, 11400, 13795, si535 and sil032. Moreover, the lowest frequency is
greater than 35/9 for most medium and big TSP instances. In the last column in Table 4,
the numbers of the OHC edges having an average frequency smaller than 35/9 and 4
are provided for each TSP instance, respectively. As n is small, some TSP instances
contain several OHC edges having an average frequency below 35/9 or 4 whereas these
frequencies are much bigger than 3. However, the number of such edges is limited and
much smaller than n. As n is bigger than a number, such as n > 1000, my.4 becomes
very small and it is equal to O, 1, 2 and 3 for most of the TSP instances except f11400.
Moreover, ms.4 equals zero for nearly all the TSP instances as n > 2000. It means the
OHC for most TSP instances only contains a small number of edges with an average
frequency below 4. That’s why the average frequency for the edges in most OHC paths
is bigger than 4. Theorem 2 and Theorem 4 are totally verified by these experimental
results. It mentions that there are some TSP instances having a lot of edges with equal
distances, such brg180, si535, dsj1000, 11400, 13795 and sil1032, etc. For these TSP
instances, it is difficult to select the right OPs containing some known OHC edges. In
our algorithm, the OPs are chosen according to the lexicographic order of vertices. For
example, if the two paths (A,C,B,D) and (A,B,C,D) have the equal length in ABCD, the



34 Y. Wang and W. Zheng

second path is chosen and used whereas the first one is discarded. This manner will
lower the frequency of some OHC edges for some instances, such as brg180 and si1032,
etc. For the other TSP instances without many equal-distance edges, Theorems 1, 2 and
4 work well for each of them.

In similarity, the lowest frequency for two immediate edges in OHC is bigger than
22/3 and that for three immediate OHC edges is bigger than 35/3 for most of these TSP
instances. For some small TSP instances, the minimum frequency for two and three
immediate OHC edges are smaller than but close to 22/3 and 35/3, respectively. As
TSP size is big enough, such as n > 1000, the minimum frequency for two immediate
edges in OHC is bigger than 8 except 11400, si1032 and u1060. Moreover, the minimum
frequency for three immediate edges in OHC is greater than 12 for all the instances of
big size. The frequency bounds work well for these real-life TSP instances. In addition,
the corresponding minimum frequency are bigger than the bounds 6 and 31/3 or 11 in
the worst case, respectively for all these instances. For the medium or big TSP instances,
the lowest frequency for two immediate edges in OHC is bigger than 20/3, respectively.
Some TSP instances, such as brgl180, have a lot of edges of equal distance and they
may contain many OHCs. The optimal 4-vertex paths that we use may be not right to
compute a big frequency for some known OHC edges. For some small TSP instances,
such as bays29 and gr24, the probabilities p5(f = 5) and p3(f = 3) do not increase much
according to the small size. For all medium or big TSP, the results totally conform to the
lower frequency bounds in Table 1.

Moreover, the difference between two immediate frequencies from k to k + 1 is
bigger than 4 for each of these instances. Thus, the frequency 4 can be taken as acommon
difference for searching the candidate OHC paths containing quite a few edges. Ask =n,
the average frequency for all edges in OHC is greater than 4 for either small or big TSP.
It means all the TSP instances comply with Theorem 5. In addition, there are only five
small TSP instances having the average frequency smaller than 13/3 for all OHC edges.
For the other instances, the OHC edges have an average frequency bigger than 13/3. As
n rises, one also sees the average frequency for all OHC edges increases according to 7,
see the results for the same type of TSP instances, such as d198 ~ d2103, 1417 ~ f13795,
gr21 ~ grd8/gr120, gr96/gr137 ~ gr666, kroA100 ~ kroA200, pcb442 ~ pcb3038, pr76
~pr2392, ul59 ~ u2319, etc. For the big TSP, the average frequency for all OHC edges
approaches 5. It says Theorems 1 and 5 works well for all these instances.

The lowest frequency bigger than 4k for the minimum number k illustrates that & is
smaller than 20 for all these instances except brg180. For the small TSP instances as n
< 200, k is relatively big for some of them but smaller than 20. As # is above 300, k
becomes smaller than 10 for nearly all of them. Moreover, k is equal to 1, 2 or 3 for most
instances as n > 400. It means there are a small number of OHC edges having a small
average frequency for medium or big instances. Thus, the average frequency for a few
edges contained in an OHC path begins surpass 4. It mentions that the results for large
instances are not provided since they totally conform to these frequency bounds, see the
experiments [12, 13].

As one OHC edge is confirmed [13], the two immediate edges in OHC have the
lowest frequency greater than 22/3 except brgl80 having the frequency bigger than
7. Two immediate edges in OHC have the lowest frequency greater than 8 for most
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instances. As k = 3, the three immediate OHC edges have the lowest frequency bigger
than 35/3 except bays29, brg180, kroA100 and kroC100. For kroA100 and kroC100, the
lowest frequency for the three immediate edges in OHC is bigger than 31/3 in the worst
case. For the other instances, the lowest frequency for three immediate edges in OHC is
bigger than 12 in most cases. Moreover, it is bigger than 13 for TSP instances of scale n
> 2000. If some OHC edges with an average frequency bigger than 13/3 are found, the
two and three immediate OHC edges containing one of them usually have the frequency

bigger than 8 and 12, respectively (Table 2).

Table 2. The minimum average frequency for k (=1 ~ 6, n) immediate OHC edges in OHC

TSP Without sufficient condition With my35/9/mpoq/n
sufficient
condition

k= |k= |k=3|k=4|k=5|k=6 k= |foalk k=2|k=3

1 2 n
a280 3.65|7.59 | 11.78 | 15.87 | 20.02 | 24.19 | 4.64 | 20.02/5 |8.50 |12.65 | 1/2/280
ail535 3.98 |8.20 | 12.66 | 16.92 | 21.09 | 25.39 | 4.71 8.20/2 |8.43 |12.66 | 0/1/535
att48 3.49 17.28 | 10.98 | 14.89 | 18.69 | 22.50 | 431 | 52.06/13 | 8.39 |12.09 | 11/15/48
att532 3.89 | 8.07 | 12.31 | 16.68 | 20.93 | 25.19 | 4.65 8.07/2 | 836 | 12.41 | 0/2/532
bayg29 |3.47 |7.01 | 10.86 | 14.92 | 19.24 | 23.64 | 4.32 | 36.36/9 |8.43 |12.09 | 5/6/29
bays29 | 3.20 | 6.60 | 10.08 | 13.89 | 18.00 | 22.40 | 4.34 | 36.00/9 |7.80 |10.99 | 5/8/29
bier127 |3.88 | 7.97 | 12.12 | 16.31 | 20.46 | 24.55 | 4.54 | 12.12/3 |8.41 |12.53 | 1/6/127
brazil58 |3.65 | 7.72 | 11.66 | 15.74 | 19.92 | 24.33 | 4.40 | 24.33/6 |8.25 |12.15 | 5/10/58
brgl80 |2.95|6.61 | 10.31 | 14.02 | 17.69 | 21.43 | 4.30 | 104.31/26 | 7.32 | 10.98 | 12/14/180
ch130 3.67 |7.71 | 11.61 | 15.44 | 19.54 | 23.81 | 459 | 32.12/8 |8.18 |12.12 | 3/5/130
ch150 3.58 | 7.67 | 11.67 | 15.98 | 20.15 | 24.28 | 4.60 | 20.15/5 |8.24 |12.30 | 2/5/150
d198 3.60 | 7.68 | 11.57 | 15.81 | 19.57 | 23.70 | 451 | 36.12/9 |8.03 |12.16 | 14/198
d493 3.9317.96 | 12.03 | 16.07 | 20.36 | 24.48 ' 4.65 | 12.03/3 |8.35 |12.35 | 0/3/493
de6s7 3.84 1797 12.12 | 16.63 | 20.76 | 2491 |4.73 | 12.12/3 | 8.38 |12.48 | 1/1/657
d1291 391|852 | 13.12 | 17.68 | 22.28 | 26.64 | 4.80 8.52/2 |8.52 | 13.12 | 0/1/1291
d1655 3.70 | 8.27 | 12.23 | 16.80 | 21.32 | 25.90 | 4.80 8.27/2 | 827 |12.79 | 2/3/1655
d2103 4.38 | 8.87 | 13.38 | 17.90 | 22.44 | 26.94 | 4.82 | 4.38/1 |8.87 |13.38 |0/2103
dsj1000 |3.49 |7.74 | 12.10 | 16.49 | 18.61 | 20.96 | 4.76 | 12.10/3 |7.87 |12.10 | 1/1/1000
1417 3.53 1749 | 11.32 | 15.66 | 19.33 | 23.23 | 4.71 | 44.12/11 |8.01 |11.90 | 7/11/417
11400 | 3.50 | 7.70 | 12.03 | 16.38 | 20.89 | 24.89 | 4.77 | 12.03/3 |8.23 | 12.45 | 6/12/1400
11577 3.77 | 8.37 | 12.93 | 17.56 | 22.12 | 26.76 | 4.83 8.37/3 | 837 |12.93 | 2/3/1577
13795 3.61 |8.43 | 13.13 | 17.82 | 22.50 | 27.24 | 4.88 8.43/2 |8.43 | 13.13 | 2/3/3795
fnl4461 |4.33 | 8.80 | 13.24 | 17.75 | 22.25 | 26.76 | 4.81 4.33/1 |8.80 |13.24 | 0/0/4461
fri26 3.03 6.81 1095 | 14.64 | 18.73 | 22.22 | 4.27 | 60.22/15 | 8.15 | 12.00 | 6/6/26

(continued)
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Table 2. (continued)

TSP Without sufficient condition With mg_35/9/mpeq/n
sufficient
condition

k= = | k=3 k=4 |k=5k=6 k= |foarlk k=2|k=3

1 2 n
gil262 3.83 17.90 | 11.98 | 16.03 | 20.26 | 24.31 | 4.66 | 16.03/4 |8.26 | 12.47 | 2/4/262
ar2l 3.50 | 7.07 | 11.13 | 15.21 | 19.43 | 23.44 | 433 | 28.02/7 |8.10 | 11.67 | 2/3/21
gr24 3.22 1649 | 10.05 | 13.35 | 17.02 | 20.87 | 4.23 | 60.22/15 | 8.45 | 12.68 | 6/8/24
gr48 3.57 |7.44 | 11.38 | 15.56 | 19.67 | 23.92 | 443 | 28.21/7 |8.00 |11.82 |5/7/48
2r96 3.60 | 7.54 | 11.26 | 15.69 | 19.74 | 23.53 | 4.52 | 52.29/13 | 8.05 | 11.99 | 8/14/96
grl20 3.42 734 | 11.01 | 14.90 | 18.79 | 23.00 | 450 | 64.17/16 | 8.32 | 12.44 | 8/15/120
grl37 3.52 1749 | 11.48 | 15.44 | 19.43 | 23.46 | 4.46 | 64.16/16 | 8.30 |12.01 | 9/19/137
2r202 3.98 | 8.13 | 12.16 | 16.31 | 20.34 | 24.58 | 4.59 8.13/2 |8.33 | 12.51 | 0/1/202
ar229 339 | 747 | 1144 | 15.61 | 19.72 | 23.92 | 456 | 28.15/7 |8.35 |12.52 | 1/5/229
gr431 370 | 7.63 | 11.62 | 15.35 | 19.36 | 23.33 | 4.58 | 68.13/17 | 8.19 | 12.36 | 8/15/431
2r666 4.12 | 8.44 | 12.85 | 17.22 | 21.49 | 26.00 | 4.70 4.12/1 | 8.48 |12.85 | 0/0/666
hk48 3.19 | 6.77 | 10.56 | 14.66 | 18.54 | 22.70 | 4.36 | 80.03/20 |8.11 | 12.11 | 9/11/48
kroA100 | 3.34 | 6.84 | 10.80 | 14.84 | 18.54 | 22.39 | 4.51 | 76.05/19 | 7.69 | 11.18 | 9/10/100
kroA150 | 3.64 | 7.39 | 11.34 | 15.32 | 19.52 | 23.44 | 4.56 | 44.06/11 | 8.19 | 12.23 | 7/13/150
kroA200 | 3.56 | 7.34 | 11.24 | 15.48 | 19.26 | 23.52 | 4.60 | 44.04/11 | 8.09 | 11.92 | 7/10/200
po54 3.48 |7.33 | 11.41 | 1579 | 19.64 | 23.28 | 473 | 32.30/8 |8.11 |11.87 | 8/12/654
pa561 3.81 792 |11.83 |16.13 |20.36 | 24.27 | 474 | 16.13/4 |8.36 |12.64 | 1/5/561
pcb442 | 3.87 | 8.19 | 12.52 | 16.82 | 21.02 | 25.31 | 4.70 8.19/2 |8.26 |12.61 | 1/1/442
pcb1173 | 4.04 | 8.41 | 12.82 | 17.25 | 21.48 | 25.89 | 4.76 4.04/1 | 8.41 |12.82|0/0/1173
pcb3038 | 4.21 | 8.58 | 13.03 | 17.42 | 21.83 | 26.26 | 4.81 421/1 |8.71 |13.03 | 0/0/3038
pla7397 |4.12 | 8.37 | 12.71 | 17.31 | 21.96 | 26.39 | 4.86 4.12/1 |8.468 | 12.71 | 0/0/7397
pr76 3.4217.59 | 11.23 | 15.33 | 19.48 | 23.66 | 4.52 | 60.23/15 | 8.51 | 12.74 | 4/5/76
prl07 3.50 | 8.33 | 12.91 | 17.42 | 21.92 | 2642 | 4.62 8.33/2 |8.33 | 1291 |2/2/107
pri24 329 |7.60 | 11.88 | 1598 | 19.89 | 23.91 ' 4.63 | 28.37/7 |8.09 |12.02 | 5/7/124
prl36 3.89 | 7.89 | 12.09 | 16.22 | 20.28 | 24.49 | 4.60 | 12.09/3 |8.51 |12.61 | 0/4/136
prl44 3.157.63 | 11.58 | 16.13 | 20.77 | 25.36 |4.70 | 16.13/4 |7.63 | 12.19 | 4/5/144
prl52 3.52 1 8.00 | 12.47 | 16.89 | 21.20 | 25.25 | 4.69 8.00/2 |8.00 | 12.47 |2/4/152
pr226 345 (7.92 | 1247 | 1712 |21.12 | 25.59 | 4.75 | 1247/3 |8.17 | 12.47 | 3/3/226
pr264 349 1792 12.44 | 16.69 |21.55 | 26.38 |4.70 | 12.44/3 |7.92 | 12.44 | 2/3/264
pr299 370 | 7.82 | 11.79 | 15.76 | 19.73 | 23.98 | 4.60 | 28.18/7 |8.39 |12.27 | 4/10/299
pr439 3.93 |7.92 | 12.06 | 16.21 |20.34 | 24.84 1 470 | 12.06/3 |8.46 |12.51 | 0/4/439

(continued)
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Table 2. (continued)

TSP Without sufficient condition With mg_35/9/mpeq/n
sufficient
condition

k= = k=3 k=4 |k=5k=6 k= |foarlk k=2|k=3

1 2 n
prl002 |3.84 | 8.28 | 12.73 | 17.07 | 21.41 | 25.66 | 4.76 8.28/2 |8.31 |12.73 | 1/1/1002
pr2392 | 4.09 | 8.52 | 12.88 | 17.34 | 21.70 | 26.23 | 4.81 4.09/1 |8.52 |12.88 | 0/0/2392
rat575 3.86 | 7.88 | 12.13 | 16.16 | 20.27 | 24.34 | 4.64 | 12.13/3 |8.42 |12.58 | 1/3/575
rat783 3.95 | 8.05 | 12.26 | 16.48 | 20.73 | 24.99 | 4.68 8.05/2 |8.33 |12.46 | 0/4/783
rd400 3.84 |7.98 | 12.20 | 16.39 | 20.60 | 24.84 | 4.69 | 12.20/3 |8.41 |12.55 | 1/2/400
rl1304 | 3.95|8.24 | 12.74 | 17.36 | 21.90 | 26.41 | 4.81 8.24/2 | 836 |12.74 | 0/1/1304
rl1323 | 4.06 | 8.33 | 12.58 | 16.74 | 21.07 | 25.43 | 4.80 4.06/1 |8.54 |12.85|0/0/1323
rl1889 | 3.92 | 8.38 | 12.65 | 17.23 | 21.63 | 25.89 | 4.82 8.38/2 |8.38 |12.92 | 0/2/1889
rl5915 | 4.33 | 8.86 | 13.37 | 17.95 | 22.51 | 27.08 | 4.86 4.33/1 |8.86 |13.37 | 0/0/5915
rl5934 | 4.24 | 8.86 | 13.31 | 17.77 | 22.29 | 26.90 | 4.86 4.24/1 |8.86 |13.31 | 0/0/5934
sil75 3.97 | 8.61 | 13.19 | 17.95 | 22.95 | 27.62 | 4.85 8.61/2 |8.61 |13.41 |0/2/175
si535 3.58 | 8.51 | 13.17 | 17.37 | 22.30 | 27.23 | 4.94 8.51/2 | 851 |13.17 | 3/3/535
sil032 | 2.68 | 7.68 | 12.67 | 17.67 | 22.66 | 27.65 | 4.99 | 12.67/3 |7.68 | 12.67 |3/3/1032
st70 332 |7.18 | 11.18 | 15.06 | 19.18 | 23.37 | 4.52 | 40.03/10 | 8.23 | 12.24 | 3/3/70
ts225 4.05 | 8.33 | 12.53 | 16.75 | 21.03 | 25.30 | 4.68 4.05/1 | 8.57 |12.70 | 0/0/225
tsp225 | 3.89 | 8.03 | 12.23 | 16.26 | 20.55 | 24.58 | 4.60 8.03/2 | 831 |12.41 |0/3/225
uls59 3.70 | 7.68 | 11.57 | 15.60 | 19.48 | 23.75 | 4.60 | 32.08/8 |8.09 |12.06 | 6/10/159
u574 3.90 | 8.02 | 12.26 | 16.41 | 20.53 | 24.76 | 4.69 8.02/2 |8.34 | 12.60 | 0/2/574
u724 3.90 | 8.10 | 12.20 | 16.48 | 20.84 | 24.95 | 4.70 8.10/2 |8.42 |12.46 |0/1/724
ul060 3.83 17.94 | 12.16 | 16.44 | 20.79 | 25.03 | 470 | 12.16/3 |8.31 |12.37 | 1/2/1060
ul432 4.06 | 8.40 | 12.80 | 17.19 | 21.56 | 25.96 | 4.76 4.06/1 |8.40 |12.80 | 0/0/1432
ul817 3.74 | 8.27 | 12.80 | 17.36 | 21.91 | 26.42 | 4.78 8.27/2 |8.27 |12.80 | 1/2/1817
u2152 4.10 | 8.53 | 13.05 | 17.37 | 21.89 | 26.40 | 4.79 4.10/1 |8.58 |13.05 | 0/0/2152
u2319 427 | 8.65 | 13.01 | 17.38 | 21.77 | 26.20 | 4.76 42711 |8.67 |13.01 | 0/0/2319
vm1084 |3.88 | 8.05 | 12.35 | 16.60 | 20.88 | 25.29 | 4.76 8.05/2 |8.29 |12.54 | 1/3/1084
vml1748 | 4.11 | 8.33 | 12.54 | 16.87 | 21.09 | 25.55 | 4.80 4.11/1 | 8.45 |12.70 | 0/0/1748

6 Conclusions

Several frequency bounds for OHC edges and paths are derived for TSP based on fre-
quency quadrilaterals. As the average frequency for an edge is computed based upon the
frequency quadrilaterals, the lower frequency bounds for an edge, two and three imme-
diate edges in OHC are 35/9, 22/3 and 35/3, respectively in the worst average case. These
frequency bounds are lowered to 3, 6 and 11, respectively in the worst case. Moreover,
all OHC edges have an average frequency greater than 4 and even bigger than 13/3 for
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big and large TSP. As these frequency bounds are used to trim the OPs having a smaller
frequency, a lot of the ordinary edges and OPs are trimmed. The experimental results
illustrate the frequency bounds work well for the real-life instances.
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Abstract. As speech recognition technology rapidly advances and becomes
widely applied, it has become a key technology in many fields. However, the prob-
lems such as information forgetting, context dependence and inaccurate semantic
understanding under long speech fragments seriously affect the accuracy and effi-
ciency of speech recognition, and restrict its promotion and application in a wider
range of scenarios. In this paper, a speech recognition model based on improved
Transformer is proposed, which introduces LSTM network, and pays more atten-
tion to the context characteristics of speech data to obtain good recognition results.
Finally, the experiment is carried out using AISHELL-3 speech data set, and the
experimental results at the end of this paper indicate that the method proposed has
low Character Error Rate and Sentence Error Rate. Compared with the other two
recognition models, the proposed method reduces the CER and SER by 5.73%
and 13.37% respectively compared with Transformer, and reduces the CER and
SER by 4.42% and 9.68% respectively compared with DeepSpeech2, verifying
the effectiveness of the method.

Keywords: Speech Recognition - Deep Learning - Transformer - LSTM

1 Introduction

Speech Recognition, also referred to as Automatic Speech Recognition (ASR), focuses
on converting human speech content into text through computers, so that computers can
“dictate” continuous speech spoken by humans, and realize the conversion of sound to
text. At present, ASR technology has been deeply involved in many fields, such as senti-
ment analysis, educational assistance, medical health, and cross-cultural communication,
etc. Its wide application has been elaborated in [1-3].

As pointed out [4], traditional speech recognition models focused on extracting
acoustic features from audio signals [5]. These acoustic features such as LPC, LPCC
and MFCC play an important role in ASR system because they are able to capture key
information related to human speech pronunciation in audio signals. At the same time,
in view of the common noise problem in speech signals, the research [6] focused on
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the single-channel time-domain denoising method, which further improved the perfor-
mance of speech recognition system by optimizing the denoising strategy. Dua et al.
[7] conducted a systematic study on noise challenges in ASR systems and sorted out
related technologies. A lightweight speech enhancement algorithm [8] based on Time
Frequency Convolutional Networks (TFCN) was proposed to effectively suppress back-
ground noise and improve speech quality. With the emergence and rise of deep learning
technology, various techniques for combining it with acoustic features have emerged.
For example, Kumar et al. [9] cleverly used recurrent neural networks (RNN) to mine
high-level features in speech signals to improve the accuracy of recognition. For dialect
speech recognition, an attention mechanism-based end-to-end encoder-decoder system
[10] was constructed. An automatic hate speech recognition system based on Support
Vector Machine was constructed [11]. Almadhor et al. [12] used SCNN to extract spatial
features of speech signals, while MHAT was used to process and analyze the extracted
features, and combined the information with visual features, bringing a new perspective
to the field of ASR.

Since Transformer model [13] was proposed, breakthroughs have been made in
natural language processing, image processing, multimodal and other fields such as text
and video, and speech recognition is no exception. Significant progress was made in
the application of Transformer to the recognition of Dravidian languages [14]. Shi et al.
[15] applied Transformer to speech recognition and proposed a caching mechanism to
save the calculation results of keys and values in attention calculation and reused them
in subsequent processing, thus reducing the amount of calculation in Transformer. In
addition, a series of improved models based on Transformer have also been heavily used
in the speech recognition field [ 16][17], achieving outstanding recognition performance.
An efficient Transformer: Squeezeformer [16] was proposed to simplify the recognition
model architecture. A Dysarthric Speech Transformer [17] was developed, which used
the improved Deep Transformer Architecture to improve the recognition ability of audio
data with Dysarthric characteristics. However, in practice, the context information of
speech signals often spans long time intervals, and the ability of the recognition model
to handle long-term dependencies is not considered in the above work. This can reduce
the continuity of speech recognition tasks and thus affect their accuracy, especially when
dealing with longer-term audio data. To address the above issues, this paper introduces
LSTM into the original Transformer model. The gate control mechanism (forgetting
gate, input gate and output gate) designed by LSTM can capture the medium and long
term dependency relationship of voice processing tasks and use the characteristics of
its memory unit to allow the model to effectively learn and store long sequences of
information. This improves continuity and the accuracy of ASR system. The primary
contributions include the following three points in this paper:

1. Aiming at the common noise problem of voice data, the preprocessing methods such
as filtering and echo suppression are used to reduce the noise of the original voice
signal, so as to reduce the interference of background noise for the subsequent speech
recognition to a certain extent.

2. This paper designs an optimized speech recognition model based on Transformer. In
view of the limitations of the current speech recognition model in long-term depen-
dency processing, LSTM network is creatively introduced into the original speech
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recognition model. By considering the timing relationship in the speech recognition
process, the recognition effect of the model is optimized to some extent in terms of
long speech fragments.

3. This paper sets the comparative experiments to evaluate the feasibility and effec-
tiveness of the method proposed. Based on AISHELL-3 data set, design comparative
experiments and verify that the model of this paper constructed has 5.73% and 13.37%
lower Character and Sentence Error Rate than Transformer speech recognition model,
and 4.42% and 9.68% lower Character and Sentence Error Rate than DeepSpeech2
speech recognition model [18].

2 Speech Recognition System
This chapter mainly introduces the speech recognition technology scheme of this paper,
which mainly includes the following parts: speech data preprocessing, feature extraction,

and Transformer-LSTM speech recognition model. The architecture diagram of the
whole scheme is illustrated in Fig. 1.

Data Speech data Speech feature Speech
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Fig. 1. Flow chart of speech recognition technology

2.1 Data Preprocessing

The purpose of the data preprocessing session of this chapter is to reduce the interference
of background noise of the original input speech signal, so as to enhance recognition
accuracy of the subsequent speech recognition process and achieve better recognition
effects. It is an important part in ASR task. The preprocessing of speech data mainly
includes the following four steps.

Step 1: Perform short-time spectrum conversion on the voice data to convert the
time-domain signals into the frequency-domain signals for subsequent processing.

N-1 ,
Y=Yy -hn—1)- e F" (1)
n=0

In Eq. (1), y(n) is the time domain signal, 2(n — ¢) is the window function, N is the
sampling number of short-time spectrum conversion, j is the imaginary number unit,
Y (f, t) is the frequency domain signal.
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Step 2: Perform adaptive weight adjustment on the frequency domain signal to elimi-
nate echoes and residual noise. The signal quality is optimized by dynamically adjusting
the filter weight.

Y*(f, He()

Wk+1 = Wk + N————>
1Y, ) +

(@)
In Eq. (2), Wi is the current filter weight matrix, 7 is the step factor, (¢) is the error
signal, « is the stability factor, and Y*(f, ¢) represents the conjugate complex number.
The signal Wy - Y (f, ¢) after adaptive weight adjustment is used to suppress the echo,
the echo component in the signal is removed, and the signal y,(¢) after echo suppression
is obtained by subtracting it from the original signal.

I1-1

Yres(t) =y(0) = Wi - Y (£, 00 + 1 | D IW; - Yilf, ) 3)
i=0

In Eq. (3), yres(?) is the signal after echo suppression, A is the regulatory factor, [ is
the cumulative weight and the number of input signals.

Step 3: The signal after echo suppression is enhanced to further enhance the clarity
of the voice signal by reducing the background noise and enhancing the signal details.

Y (f, 01> —=N(f,1) . 5
Y Y
Va1 1) = \/ T Y, Dl 1Y, 01> > yIN(E, 1

(1 =Y (f,t)| otherwise

“4)

In Eq. (4), Yaug (f, ) is the upgraded frequency domain signal, N (f, ¢) is the noise
estimation, and A, y is the control parameter.

Step 4: Convert the enhanced frequency domain signal back to the time domain to
obtain the enhanced speech signal.

N—-1
Yaug®) = Y Yaug(f- 1) - h(n — 1) - €' 5)
n=0

In Eq. (5), Yaug (¢) is the time domain signal after enhanced processing, representing
the clear speech signal obtained after the final processing.

2.2 Feature Extraction

Speech feature extraction is an important step in speech recognition. Common ones
include Perceptual Linear Predictive (PLP) and Mel-Frequency Cepstrum Coefficients
(MFCC).

The pre-emphasis, framing, window addition, FFT, Mel filtering, DCT transforma-
tion are performed on the above preprocessed speech signal to finally obtain the MFCC
acoustic characteristics, and the subsequent speech recognition tasks are carried out. Its
flow chart can be seen in Fig. 2.
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Fig. 2. Flow chart of speech feature extraction

2.3 Transformer-LSTM Speech Recognition Model

This paper aims to further optimize the timing features of speech signals, a multi-layer
structure is constructed, which includes feedforward neural network, LSTM module and
multi-head self-attention mechanism (see Fig. 3). Extracted speech features are input into
the hybrid model based on Transformer and LSTM network and through the process of
feature vector mapping, LSTM layer time series processing, feature transformation and
layer normalization processing, etc. Finally, the model output is converted into character
probability distribution through linear transformation and Softmax function, and the text
sequence is gradually generated. Realize speech recognition.

Output
Probabilities

Add & LayerNorm
Feed Forward
Network
Add & LayerNorm

Multi-Head
Attention

Add & LayerNorm
Feed Forward
Network

Multi-Head
Attention

Add & LayerNorm

MECC Masked
Multi-Head
Attention

Fig. 3. Speech recognition model based on Transformer-LSTM

Multi-Head Attention Mechanism. When processing features in speech recognition,
the multi-head attention mechanism can improve the model’s ability to process speech
features and extract richer audio features. It is expressed as multiple independent atten-
tion heads calculation, and then the results are concatenated and processed by linear
transformations:
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AQ, K, V) = Soft (QKT>V (©)
,K,V) = Softmax
Vi
head; = A (QW,.Q, KWK, VWl.V) 7
MH (Q,K,V) = Con(head,, head,, . .., heady) - Wy (8)

where, Q refers the query matrix, which is used to determine which features to focus on
for the current input, K refers the key matrix, which is used to help the attention mech-
anism determine which part of the input needs attention, and V refers the value matrix,
which is weighted by attention weights to form the output of the attention mechanism.
J/dj, refers a scaling factor and dj, represents the dimensional size of the bond matrix.
Con refers to the concatenation operation, head; is the output of the i attention head, W
represents weight matrix, and 4 is the total number of attention heads.

By computing multiple attention heads in parallel, the Multi-Head Attention Mech-
anism is able to capture key features in different contexts, resulting in richer attention
features:

A = MultiHead (Q, K, V) 9)

LSTM Module. LSTM precisely controls the process of reading, writing and forgetting
cell state through the gating mechanism (see Fig. 4), the process is as follows:

Et = tanh(WC[ht_l, Xt] + bl) (10)
Ct ZﬁQC17]+l‘t©E} (11)
ht =0; 0O tanh(Ct) (12)

where, W¢ refers the weight matrix input and hidden to the candidate cell state, and b;
refers the bias. C; refers the cell state at the current moment, f; refers the output of the
forgetting gate, C,_ refers the cell state at the previous moment, i; refers the output of
the input gate, a refers the candidate cell state, h, refers the hidden state at the current
moment and o, refers the output of the output gate.

Feedforward Neural Network. The FNN consists of two linear layers that use the
ReLU activation function for nonlinear transformation and the Dropout layer to prevent
overfitting from occurring.

FFN (x) = max(0, xW; + b1)W2 + by (13)

In Eq. (13), W represents the first layer weight matrix of the FNN, b represent the
bias term of the first layer in the FNN, and W, represents the second layer weight matrix
of the FNN, b, represents the bias term of the second layer of the FNN.

Finally, the model output is mapped to the space of output characters through the full
connection layer, and the full connection layer output is converted into the probability
distribution through the Softmax function to generate the final text sequence.
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Fig. 4. Neural network model for long and short memory

3 Experimental Results and Analysis

3.1 Experimental Environment

Chinese Mandarin speech database AISHELL-3 data set was adopted in this paper. The
speech duration of this data set was 85 h, with a total of 88,035 sentences, covering a
variety of accents and different speech environments. After professional speech proof-
reading, phonetic and prosodic labeling was carried out, and strict quality inspection
was passed.

In this paper, the various experiments are conducted based on Pytorch deep learning
framework, and other configurations are shown in Table 1. The dimension of the input
module of the speech recognition model is set to 256, the dimension of the feedforward
neural network layer is 1024, the attention heads are set to 4, the LSTM layer is 3, and
the dimension of the network recursive layer is 1024, and each module is connected by
residual error. Using the learning rate adaptive change strategy, the starting learning rate
was established at 0.001, and the training process was optimized by Adam optimizer. A
total of 100 epochs were trained.

Table 1. Hardware configuration and software environment.

Hardware configuration CPU Intel Core 19-12900H
GPU NVIDIA RTX 3060
Internal memory 16 GB

Software environment Operation system Windows10
Programming language Python3.8
Deep learning framework Pytorch2.0.1
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3.2 Evaluation Index

In the speech recognition system, evaluation indicators usually include Sentence Error
Rate (SER), Word Error Rate (WER) and Character Error Rate (CER). As the evaluation
is Chinese data set, this paper selects the Character Error Rate and Sentence Error
Rate (SER) to evaluate the recognition effect. CER represents the proportion of error
characters to the total number of characters in the speech recognition result, which
reflects the recognition accuracy of speech recognition system at character level. SER
represents the proportion of the number of sentences that are identified incorrectly to the
total number of sentences, and the character recognition errors in a sentence is identified
as the sentence recognition errors. Specific definitions are as follows:

S_char + D_char + I _char

CER = 100% 14
N_char x v (19

S_Error
SER = — x 100% (15)

S_Total

where S_char, D_char, I _char are the total number of characters that have been substi-
tuted, deleted and inserted, respectively. N _char refers the total number of characters in
the original sentence. Because the smallest unit in Chinese is the character, the statistical
recognition result is also carried out by the character. S_Error refers the number of sen-
tences that are incorrectly identified, and S_Total refers the total number of sentences
in the evaluation process. It is important to note that the Sentence Error Rate treats each
sentence as a single sample of whether it is correct or incorrect.

3.3 Results and Analysis

In this paper, to evaluate the recognition performance of the speech recognition model,
current mainstream Transformer model [10] and DeepSpeech? [18] speech recognition
model are selected for comparison. Table 2 shows the respective calculation results of
CER and SER of different speech recognition models based on the AISHELL-3 data set.

Table 2. Evaluation index results of different models.

ASR Model CER SER

Transformer [10] 13.41% 51.02%
DeepSpeech2 [18] 12.10% 47.33%
Transformer-LSTM 7.68% 37.65%

Experimental results indicate that the Character Error Rate of recognized characters
of the model of this paper constructed on AISHELL-3 data set can reach 92.32%, which
reflects the effectiveness of the model in speech recognition tasks. It can also be seen from
the comparison of value views in Table 2 that the model of this paper constructed has
5.73% and 13.37% lower Character and Sentence Error Rate than Transformer speech
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recognition model, and 4.42% and 9.68% lower Character and Sentence Error Rate than
DeepSpeech?2 speech recognition model, indicating that the proposed model has certain
advantages in performance.

Due to the timing of speech signals, the Transformer-LSTM speech recognition
model can effectively capture long-term dependency relationships in speech sequences
by introducing LSTM network structure, further strengthen memory of information of a
long time in the past, process and understand contextual semantics, and learn more accu-
rate speech features. Thus improve the accuracy of speech to text conversion. During the
statistical process, it was found that the Transformer would incorrectly recognize words
in some speech fragments as words that sound similar to them, while the Transformer-
LSTM could more accurately understand the semantics of the whole sentence and convert
the speech into correct text expression.

4 Conclusion

In this paper, we have designed an optimized speech recognition model based on Trans-
former. LSTM module was introduced to focus on the context features of voice data.
Based on the speech recognition model, the timing relationship of voice signals is
strengthened and memory is strengthened in combination with voice data pre-processing
and feature extraction. The recognition accuracy of long speech fragments is improved
effectively. The proposed method was compared with Transformer and PaddleSpeech2
models on AISHELL-3 data set. Through the calculation and statistics of the experimen-
tal results, it is found that the model of this paper constructed has 5.73% and 13.37%
lower Character and Sentence Error Rate than Transformer speech recognition model,
and 4.42% and 9.68% lower Character and Sentence Error Rate than DeepSpeech2
speech recognition model. It indicates that the model of this paper constructed has certain
application value, but it still needs to be perfected. In the future, the network structure will
be further optimized to reduce the speech recognition model complexity, and the data set
size will be expanded or data enhancement will be adopted to improve the normalization
ability of speech recognition model. In addition, some post-recognition translation opti-
mization technologies will be considered to realize the correction processing of similar
pronunciation, rare characters or words, and further improve the recognition accuracy.
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Abstract. The analysis and classification of diverse noises in the urban envi-
ronment have emerged as a research focus. Aiming at the limitations of existing
acoustic feature classification algorithms in terms of accuracy and background
noise processing, this paper proposes a two-stage multi-feature acoustic scene
classification network. Firstly, a secondary feature extraction module is proposed
to combine the Mel-Frequency Cepstral Coefficients (MFCC) and the first-order
differential MFCC for filtering the noisy signals and preliminary feature refine-
ment. Immediately after that, in order to further improve the classification perfor-
mance, the double pooling residual module is proposed, which can deeply capture
the contextual feature information in the acoustic scene and enhance the network’s
ability to understand the complex acoustic environment. Judging from the exper-
imental outcomes, in contrast to the baseline network, this algorithm has boosted
the classification accuracy of urban environmental sounds by 1.6%.

Keywords: Acoustic feature classification - Two-stage algorithms - Deep
learning - Urban environmental sound classification

1 Introduction

Acoustic scene classification (ASC) constitutes a task where the features of audio sig-
nals are analyzed to attain the acoustic semantic categorizations of diverse scenes. For
example, audio signals can be classified into labels from different life scenes, such as
bus, office, or home. ASC is currently widely used and can be applied to many fields
such as audio retrieval [1], smart home [2], city planning [3], and so on. For example,
when the ASC system detects excessive traffic noise in the city, more green belts and
soundproof walls can be set up in the city.

Traditional acoustic feature classification techniques [1, 4, 5] mainly rely on feature
of sound signals to realize the classification of sound. These characteristics generally
encompass features in the time domain, frequency domain, and time-frequency domain.
However, as the problems pointed out in [6] and [7], traditional acoustic feature classi-
fication techniques rely on manual design, and their time-varying as well as nonlinear
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feature processing capabilities are insufficient. Due to these limitations, traditional tech-
niques often struggle to achieve the desired classification results when dealing with
complex and variable acoustic environments.

In general, the acoustic scene contains numerous sound sources, which each have
obvious unstructured characteristics in the audio segment of the environment, and the
cross-class and intra-class variations of the environmental sounds are also complex and
variable, which are difficult to be represented by a single feature [8]. During recent
years, acoustic features that have gained considerable popularity comprise Constant-
Q Transform (CQT) characteristics, Log-Mel Spectrogram, Gammatone Spectrogram,
and MFCC. To address the above challenges, many studies have combined these sev-
eral features. Wang et al. [9] fused four spectrogram representations such as log-Mel
Spectrograms, CQTs, Gammatone Spectrograms, and MFCC features into a feature-
level fusion to accommodate multi-category acoustic scene classification. With the rise
of deep learning, there are also many studies [10—12] that combine traditional feature
extraction techniques with deep learning techniques. For example, [3] classifies sound in
two ways, one is to process the sound to obtain hand-crafted features by signal process-
ing, and the other way is to represent the sound visually and classify the hybrid features
of the two classes using Convolutional Neural Network (CNN).

However, there are few studies for background noise processing in audio. Lostanlen
[13] employed single-channel energy normalization to reduce static noise and enhance
transient sound events in environmental recordings. Wu [14] utilized two image process-
ing edge detection methods based on differential Gaussian filtering and Sobel filtering to
enhance the edge structure in the Mel spectrogram. This approach makes use of the struc-
tural characteristics of audio signals in the spectral domain to a certain extent. However,
it also bears the risk of information loss and may weaken those frequency components
that are crucial but not sufficiently important for classification.

Lostanlen [13] and Wu [14] directly noise-reducing the raw sound data mitigates to
some extent the problem of classification errors caused by background noise. However,
noise reduction on raw data may lose some useful information, especially when the
noise is strong or the data volume is large. Based on the above considerations, this paper
proposes a new acoustic feature processing scheme by designing a two-stage feature
extraction method, where two acoustic features are acquired in the feature extraction
stage and fused with secondary extraction, thus filtering the features that may contain
noise or redundant information. Meanwhile, a double pooling residual block is designed
after the secondary feature extraction for further feature learning. This approach can
enable the model to focus on the most pertinent features and boost the efficacy of clas-
sification tasks. In comparison to approaches that filter the original noise, the feature
extraction method involving secondary extraction of acoustic features can remove noise
in the features more effectively without unduly influencing the information of the original
data.

This paper proposes a two-stage acoustic scene classification strategy with the
following main contributions:

1. a complete acoustic scene classification model is constructed, and a two-stage multi-
feature acoustic scene classification network is designed for classification training
and testing against input features.
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2. Based on the work of primary feature extraction, a secondary feature extraction mod-
ule is creatively added. The principal component analysis method is employed for
dimensionality reduction to achieve the effect of noise reduction, thereby enhancing
the accuracy of the extracted features. The accuracy of the downstream classification
task is further improved by improving the accuracy of the upstream data.

3. Innovatively proposed dual-pooling residual blocks, aiming to further strengthen the
feature learning capability by combining the dual-pooling mechanism of feature and
residual learning.

4. The comparative experiment is intended to validate the credibility and efficacy of
the suggested solution. For experimental verification, the UrbanSound8K dataset is
employed. The verification outcomes indicate that, in comparison to the baseline
network, the classification accuracy of the overall model is enhanced by 1.6%.

2 Method

This chapter focuses on the specific design of the two-stage acoustic feature classifica-
tion model. The study can be divided into two core parts: first, the basic framework and
core concepts of the proposed two-stage acoustic scene classification network are com-
prehensively introduced. Immediately after that, the specific design details of each part
are elaborated, especially the secondary feature extraction part and the double pooling
residual block.

2.1 Introduction to the Main Algorithm

In general, since speech signals are nonlinear, preprocessing operations must be per-
formed to extract their spectral features. In this paper, based on the classification model
of traditional acoustic features, a secondary feature extraction part is added for noise
filtering. Next, deep learning is performed on the refined features by constructing a fea-
ture learning network. Finally, the classifier is used to judge and output the results. The
specific flow chart is shown in Fig. 1.
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Fig. 1. Algorithm flowchart

2.2 Feature Introduction

The MFCC feature is a commonly used acoustic characteristic. In Fig. 2, the MFCC
feature is obtained from the original sound through pre-emphasis, frame segmenta-
tion, Short-Time Fourier Transform (STFT), Mel filter bank, logarithmic operation, and
Discrete Cosine Transform (DCT).
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Fig. 2. Flowchart of MFCC feature generation

The detailed extraction procedure of MFCC characteristics is presented as follows.

Initially, a pre-emphasis operation is carried out. The aim is to boost the high-
frequency portion of the speech signal, and this is primarily accomplished by means
of a first-order high-pass filter.

Hz) =1—az"! (1)

where a is pre-emphasis factor, which assumes values ranging from 0.9 to 1.0.

After pre-emphasis, the frame-splitting and windowing operations are performed,
by segmenting the speech signal and then processing each segment with a Hamming
window. The primary objective of applying a window function is to avert spectral leakage
and the picket fence phenomenon. The Hamming window can be expressed by the
following equation:

n
) @

wn) = ag — (1 — ag) cos(

where, n € {0, 1, 2, ..., N — 1} is the index sample, N is the length of the frame and ag
is taken as 0.54.
The STFT is then performed to convert the audio map to a spectrogram.
© .
STFT(t,f) = / x(w(t — 1)e T dr 3)
—00

where x(7) is the input signal, w(z — t) is the window function, ¢ is the time displacement,
f is the frequency, j is the imaginary unit, and STFT (¢, f) the output is f.

In general, the frequencies in the spectrum after the STFT are nonlinear, so a Mel
filter bank is needed to convert them to nonlinear in order to simulate the perceptual
properties of the human ear for sound frequencies. The conversion formula is:

m = 2595 x log;o(1 + f;y) (€))
700

Finally, the logarithmic output of the Meier filter bank is converted to cepstrum

coefficients using DCT.The formula for DCT is shown below.

N-1

X[k] = ;0 x[n] cos(nk(2+N+1)) (5)

where x[n] is the logarithmic energy spectrum, N is filter count, and is k the spectral cue
lead of the DCT.
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In addition, since the MFCC coefficients contain only spectral features, their first-
order difference features are further extracted in order to obtain dynamic time-varying
information, which ¢;[i] is realized as follows. Assuming that the i order MFCC coef-
ficient at frame t is represented, the first-order difference feature of this coefficient is
de[i].

2
Seidil = Y legpilil 6)

k=—2

where, [ stands for the dimension of the differential window., here taken as 2.

2.3 Two-Stage Multi-Feature Acoustic Scene Classification Network

This section introduces the overall framework of the two-stage multi-feature Acous-
tic Scene Classification Network (TM-ASCNet). Unlike traditional acoustic feature
extraction, TM-ASCNet innovatively introduces secondary feature extraction, which
reprocesses, fuses, and secondarily extracts the original acoustic features.

First, the MFCC features and first-order difference MFCC features are fed into TM-
ASCNet for processing. Figure 3 shows the overall architecture of TM-ASCNet. In
TM-ASCNet, the MFCC features and first-order difference MFCC features are deeply
fused and processed by the secondary feature fusion module. Subsequently, the Principal
Component Analysis (PCA) technology is utilized for additional feature extraction. This
procedure can efficiently eliminate a portion of noise and enhance the accuracy of the
feature signal. After the feature extraction operation, the features are fed into the N-
layer double pooled residual block for feature learning. Finally, a classifier consisting
of global average pooling and fully connected layers is employed for categorization.
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Fig. 3. Overall architecture of TM-ASCNet

2.3.1 Secondary Feature Extraction

Although MFCC exhibit robust capabilities in speech recognition, music information
retrieval, and environmental sound classification, it unavoidably carries noise compo-
nents to a certain extent. First of all, the original design of the Mayer filter is to simulate
the nonlinear characteristics of the human ear in the perception of different frequencies,
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and its smoothing process enhances the perceptual correlation of the signal, but also acci-
dentally “amplifies” the effect of noise on the eigenvectors. This is because the spectral
characteristics of the noise signal, especially the non-smooth noise, may be modulated
by the shape of the filter as it passes through the filter bank, thus leaving more significant
traces in the MFCC features. Second, the logarithmic operation and the DCT step in the
MFCC computation process, although effective in compressing the feature dimensions
and extracting key acoustic features, have the limitation of not being able to completely
eliminate the noise interference. Although logarithmic operations enhance the dynamic
range differences between signals, they may also amplify the tiny fluctuations in noise.
And although the DCT performs excellently in energy concentration and decorrelation,
in some cases, especially when the noise energy is relatively dispersed, it is very difficult
to completely separate the signal from the noise.

First-order Features after
MFECC . ,-
Features difference MFCC Fusmn secondary
‘ ’ features features extraction

Fig. 4. Effect of secondary feature extraction

The white circles in Fig. 4 represent, the black circles represent the noise, and the
red circles represent the noise that may increase after fusion. Generally, the initially
extracted MFCC features contain some noise, which may increase after first-order dif-
ferencing. Based on the above considerations, this paper proposes an innovative solution,
i.e., a secondary feature extraction module is introduced after the traditional MFCC fea-
ture extraction process. The core idea of this module is to achieve deep optimization
and enhancement at the feature level by combining spectral features and dynamic time
features, so as to improve the robustness and differentiation ability of features.

Specifically, the module first performs the cascade fusion of MFCC features with
their first-order difference features, which not only retains the static spectral informa-
tion, but also incorporates the important temporal dynamic information, which helps to
capture the subtle changes in the audio signal. Then, feature extraction and denoising are
performed using PCA, which is a powerful data dimensionality reduction technique that
can effectively remove redundant information caused by noise while preserving the main
direction of variation in the data. In the secondary feature extraction module, PCA is
skillfully applied to the fused feature set by identifying and retaining the most important
feature dimensions while removing the noise-dominated low contribution dimensions.

2.3.2 Bi-pooling Residual Block

The intermediate feature learning module is the core part of the model structure. It
employs N elaborately designed double-pooling residual blocks with the same structure
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(the actual value of N in this paper is 4). The design of the double-pooling residual block is
shown in Fig. 5. This design aims to extract and fuse features through multiple iterations
and gradually enhance the model’s ability to understand and describe the complexity of
acoustic scenes. The double-pooling residual block realizes effective feature extraction
and dimensionality reduction through the unique “pooling + convolution + pooling”
structure while maintaining the transmission of key information. The design of the
double-pooling residual block is as follows:

First, the first pooling layer uses average pooling with a pooling kernel of 3 x 3
and a stride of 1. This means that this layer will not change the spatial dimension of the
feature map during the pooling process but can effectively decrease the redundant infor-
mation of the feature map and enhance the local invariance of the features. This design
helps to retain more detailed information and provides richer input for the subsequent
convolutional layer.

Subsequently, in the middle part are two consecutive 3 x 3 convolutional layers. The
main function of the first convolutional layer is to augment channel dimension (i.e., the
number of features) of the feature map. This step aims to enhance the expressiveness of
the model by increasing the diversity of features. Then, the second convolutional layer
keeps the channel dimension unchanged and further refines and abstracts the features.
At the same time, batch normalization (BN) and the nonlinear activation function ReLLU
are inserted between the two convolutional layers to accelerate the training process and
introduce nonlinearity to boost the generalization capability of the model.

Finally, the second pooling layer is maximal pooling, which performs a downsam-
pling operation to halve the spatial size of the feature maps (i.e., downsampling mul-
tiplicity of 2). This step not only reduces the computational effort, but also increases
the abstraction level of the features, which helps the model to capture a larger range of
contextual information.
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Fig. 5. Bi-pooling residual block design

2.3.3 Classifier

The classifier is responsible for mapping the learned features to specific category labels.
In this paper, the classifier is composed of a Global Average Pooling Layer (GAPL)
and three fully connected layers. The role of the GAPL is to perform effective scaling
and feature aggregation on the feature maps. Specifically, it regards each channel of
each feature map as an independent feature vector and calculates the average value of all
elements within this vector, thereby obtaining a single value that only contains the global
information of that channel. In addition, to prevent overfitting of the model, Dropout is
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introduced after the GAPL to enhance the generalization ability of the model. Finally,
three fully connected layers are used to gradually reduce the number of channels. The
last fully connected layer adjusts the number of channels according to the classification
categories to achieve the final classification.

3 Experimental

The experimental validation session is subdivided into two key components: experimen-
tal setup and experimental design. The experimental setup section describes the dataset
on which the experiment is based and the parameter settings adopted for the experiment.
The focal point of the experimental design segment lies in conducting a series of com-
parative experiments to validate the reasonableness of theoretical assumptions, assess
the model’s performance, and inspect the viability of technical solutions.

3.1 Experimental Setup

UrbanSound8K is a frequently utilized publicly accessible dataset for the classification
of urban environmental sounds. Comprising 8,732 sound files in total, it encompasses ten
classifications: the sound of air conditioners, car horns, children at play, dogs barking,
drilling sounds, engine idling noises, gunshots, hand-held electric drills, police sirens,
and street music.

The experiments were conducted on Ubuntu 20.04 operating system running on
pytorch 2.1.0 based on python 3.10. The specific parameter settings were: optimizer
using Adam, learning rate was 0.001, learning rate tuning strategy using WarmupCosi-
neSchedulerLR. The batch size is 16 and epoch is set to 60. There are 7762 training sets
and 970 test sets. The evaluation metrics used are accuracy rate, and the formula is as
follows:

TP + TN

P+N @

Accuracy =
where TP stands for true positives, namely the count of positive samples that are predicted
as positive by the model. TN represents true negatives, which are the number of negative
samples predicted as negative by the model. P signifies the number of actual positive
samples. N denotes the quantity of actual negative samples.

3.2 Experimental Design

Table 1 provides an exhaustive list of the specific layer designs of the TM-ASCNet
model, the data output dimensions of each layer, and the number of training parameters.

Furthermore, in order to comprehensively evaluate the performance of the model pro-
posed in this paper on acoustic classification tasks and conduct a comparative analysis
with the cutting-edge technologies in the current field of deep learning, the comparison
results are plotted as a line graph (as shown in Fig. 6). In the comparison in Fig. 6,
DenseNet [15], IDCNN [16], AudioCLIP [17], and ASRNet [18] are selected for com-
parison with the model in this paper. The DenseNet model takes the lead in exploring
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Table 1. TM-ASCNet model parameters

layer Output data dimensions | Number of training parameters
convolution block (1, 64, 20, 49) 1664

Bi-pooling residual block1 (1, 64, 10, 24) 73984

Bi-pooling residual block2 (1,128, 5, 12) 221184

Bi-pooling residual block3 (1, 256, 2, 6) 884736

Bi-pooling residual block4 (1,512, 1,3) 3538944

Global average pooling layer | (1,512, 1, 1) 0

full connectivity layerl (1, 256) 131328

full connectivity layer2 (1, 256) 64792

full connectivity layer3 1, 10) 2570

the effectiveness of CNN networks in the field of audio classification and by introduc-
ing three different types of classical CNN architectures for comparative experiments,
it provides a new approach for audio feature deep mining provides new ideas. While
IDCNN applies the Gammatone filter bank to the initial extraction of audio features,
followed by deep learning and classification of the extracted features through multiple
well-designed convolutional layers. AudioCLIP seamlessly integrates audio signals into
CLIP [19] (Contrastive Language-Image Pre-Training) This powerful cross-modal pre-
training model not only broadens the boundaries of CLIP applications, but also opens
up new avenues for correlation learning between audio and text.The ASRNet model
achieves efficient comprehension and classification of speech signals by extracting the
MFCC features and combining them with a convolutional plus pooled CNN network.

92 91.74

85 r T T T T T 1
DenseNet 1DCNN ESResNeXt AudioCLIP ASRNet TM-ASCNet

Fig. 6. Comparison of results with current methods
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ASRNet was chosen for the baseline model.In terms of experimental design, a series
of comparative experiments were designed with the aim of comprehensively evaluating
the contribution of the different components of the model to the acoustic feature clas-
sification task. First, to ensure the fairness and reproducibility of the experiments, the
baseline model was meticulously reproduced in strict accordance with the description in
the original paper to ensure the consistency of the experimental conditions. Experiment
1 shows the baseline model reproduction results.

Then, in order to explore the possibility of feature deep mining, Experiment 2 fur-
ther introduces a secondary feature extraction validation session. This session adds the
secondary feature extraction module on the basis of the baseline model.

Finally, in order to verify the advantage of double-pooled residual blocks, Experiment
3 adds a classification network consisting of four consecutive double-pooled residual
blocks on the basis of Experiment 2. By combining the advantages of global average
pooling and maximum pooling, the dual-pooling residual block retains the important
global information of the audio signal and highlights the importance of local features.

Table 2 lists the results of the ablation experiment. After adding secondary feature
extraction to the baseline model, the accuracy is improved by 0.55%. After adding the
double pooling residual block, the accuracy is improved by 1.6% with respect to the
baseline.

Table 2. Module Design Validation Table

Number secondary extraction Bi-pooling residual block accuracy
1 X X 90.3

2 Vv X 90.8

3 v Vv 91.74

To intuitively display the classification effect of each category, the confusion matrix
of the prediction results is visualized as shown in Fig. 7. The horizontal axis stands
for the prediction results, while the vertical axis denotes the true results. The values
in the Fig. Are normalized according to the true label values of each category. The 0-
9 in the Figure represent the 9 sound categories. However, it is worth noting that the
model still has some limitations when confronted with sounds that have similar acoustic
characteristics and subtle differences between classes. For example, the low humming
sound emitted by air conditioners, whose spectral characteristics partially overlap with
those of drilling or engine idling, leads to occasional confusion in the model’s recognition
process, misclassifying air conditioner sounds as drilling or engine idling sounds.
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Confusion Matrix
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Fig. 7. Confusion matrix

4 Conclusion

In this paper, by designing a two-stage multi-feature acoustic scene classification model,
the shortcomings of traditional acoustic feature classification algorithms in terms of
accuracy and background noise processing are effectively overcome. Combined with
the Mel frequency cepstrum coefficient and its secondary feature extraction of first-
order difference features, as well as the design of double-pooling residual module, the
accuracy of sound recognition is significantly improved. Experimental validation shows
that the method shows significant improvement in classification accuracy over the base-
line network, reaching an increase of 1.6%. The research in this paper provides certain
technical support for urban environmental noise management, intelligent monitoring
and other fields, and has certain application prospects and practical value, but there are
still some limitations to be further extended. In future studies, one might contemplate
delving deeper into ways to enhance the model’s generalization capability and mitigate
the overfitting of the model to specific datasets by incorporating more diverse training
samples and employing more advanced regularization technologies.
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Abstract. In the space-based space target monitoring system, stray light in the
space environment causes very serious non-uniform distribution characteristics in
the background of the star map, which greatly affects the accuracy in extracting
star. Therefore, it is necessary to preprocess star images under stray light back-
ground. Traditional preprocessing methods have difficulty in dealing with complex
stray light backgrounds, leading to poor star extraction performance. To address
the issue, this paper introduces a multi-scale grayscale morphology method for
star extraction under stray light background. First, median filtering is performed
on the image to effectively suppress high-frequency noise and impulse noise and
smooth the non-uniform background. Then, the image is further processed using
dual-structure multi-scale grayscale morphological transformation to effectively
suppress background noise and enhance the contrast of the target area. Then, adap-
tive threshold processing is performed to accurately separate star and background
areas under different brightness conditions. Finally, the stars are extracted through
connected domain analysis. The results of the semi-physical simulation experi-
ment prove that the peak signal-to-noise ratio PSNR is 39 dB, the background
suppression factor BSF is 5.729e-4, and the average running time of the method is
0.126 s. This method can greatly suppress background noise and greatly improve
the accuracy of star extraction, enabling a higher processing speed.

Keywords: Space-based Star Maps - Non-uniform Background - Multi- scale
Grey Scale Morphology - Star Extraction

1 Introduction

With the advancement of space exploration technology, the utilization and monitor-
ing of outer space have become increasingly important. The space-based space target
surveillance system has a large monitoring field of view, good on-board real-time moni-
toring effect, and good wartime survivability. Space-based space target surveillance will
become an important development direction of future space target surveillance [1]. In
astronomical image processing, star extraction is an important part of the space-based
space target monitoring system. By extracting star, targets such as satellites and space
debris can be identified and tracked, and help classify targets and calculate orbits. Due to
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the influence of components, dark current, reflected light from the external environment,
etc., the star map acquired by the camera contains a large amount of non-uniform sys-
tem noise. The stray light and non-uniform background in the star map not only reduce
the image quality, but also increase the difficulty of star extraction. The presence of
complex noises such as detector noise and thermal noise further reduces the saliency of
weak and small targets, resulting in the difficulty of separating weak and small targets.
The traditional background and noise removal algorithms are not very targeted and are
not suitable for star map background and noise removal. Therefore, how to reduce or
eliminate the interference of background and noise in the preprocessing process is the
primary problem that needs to be solved in space object detection.

In order to suppress non-uniform background and noise in the image and improve
target saliency, preprocessing is required before target detection. Common early methods
suppress image noise by designing spatial or frequency domain filters, such as median
filtering, mean filtering and low-pass filters. These methods have good smoothing effects
and anti-noise performance, but their computational complexity is high, the processing
time is long when processing large-size images, and edge effects may be introduced.
The grayscale morphology method is a nonlinear filtering method that uses the window
to traverse the image by designing a structural window that is suitable for the target,
and performs operations such as erosion and dilation in the window to accomplish
background suppression. Bai [2] et al. improved the structure window of traditional
morphological Top-hat, so that the method can better suppress the background and
facilitate target detection. Ding Peng [3] et al. combined the Top-hat method to remove
background interference and the Canny method to detect edges, and achieved good target
detection results. Li Jie [4] et al. combined shear wave transform and top hat transform to
achieve double suppression of the background, thereby completing the rough extraction
of star. The above-mentioned method based on grayscale morphology has the advantages
of simplicity, efficiency, and removal of background brightness changes. It can highlight
the target and enhance the contrast between the target and the background. However,
this category of method relies heavily on the shape and size of structural elements and
is not suitable for processing complex backgrounds, which may lead to false detections
or missed detections. In addition, it does not perform well when processing images with
high noise levels and needs to be combined with other denoising methods. In recent
years, methods based on local contrast measurement (Local Contrast Measure, LCM)
have received widespread attention in the fields of image processing and target detection.
The local contrast method (LCM) proposed by Chen [5] et al. can greatly improve the
performance of target detection by designing a contrast calculation window to highlight
the target area and suppress background interference. Han [6] et al. proposed a multi-
scale relative local contrast measure (RLCM) to introduce relative contrast, so that the
method can simultaneously enhance the target and suppress the background. Niu [7]
et al. used median filtering to remove part of the noise, fast maximum filtering to screen
target candidate areas, and then used a three-layer contrast window to suppress complex
backgrounds and highlight target imaging features. The local contrast method improves
the efficiency of the method by designing a complex contrast calculation window, but the
complex contrast traversal calculation also greatly increases the method running time.
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To address the above shortcomings, this paper introduces a method based on multi-
scale grayscale morphology. In conclusion, our research presents the following key
contributions:

1) The median filtering method was used to remove some noise and smooth the image,
avoiding the effects of pretzel noise and highlighting noise.

2) The structural elements of the dilation and erosion operations are designed respec-
tively to make full use of the grey scale difference between the target and the
background, which greatly suppresses the stray light.

3) Adaptive thresholding method combined with connectivity domain analysis is used
to complete star extraction.

2 Related Theories

2.1 Space-Based Star Image Imaging Characteristics

During the acquisition process, space-based star image data is affected by noise such
as stray light, which will produce serious degradation effects, affecting the accuracy
and performance of the entire detection system such as image segmentation, feature
extraction, and target recognition [8]. When detecting space targets, the acquired space-
based star image data contains a variety of information. According to its information
source, the imaging characteristics of space-based star images can be described through
the subsequent equation [9].

F,y) =T, y) +Sx,y) +Bx,y) + N(x,y) (D

where F'(x,y) represents the grayscale value of the pixel at the position (x, y) in the
space-based star image, T (x, y) is the space target, S(x, y) is the star, B(x, y) is the
background in the space-based star image, and N (x, y) is the noise in the space-based
star image.

Ideally, a space-based star image should be composed of bright space targets and
stars against a dark background. Under the influence of the point spread function in the
optical system, the space targets and stars are approximately diffusely distributed in the
form of a two-dimensional Gaussian function within a few or dozens of pixels [10], and
the formula is as follows.

S Ry IR
e exp(_(x xo)2+2 O yo)) o
O sy Opsf

Among them, (xg, yo) is the coordinate of the target center position, S is the total
intensity of the target, and oy, is the diffusion standard deviation of the point spread
function in the optical system. Ideally, deep sky backgrounds have almost zero brightness
because they are in space far from light sources and there are no significant light sources
illuminating these areas, which makes most pixels have near-zero values and the image
appears black. Stars, although very bright, occupy very few pixels in the star map, often
only a few pixels in area. The ideal star map distribution is shown in Fig. 1.
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Fig. 1. Ideal star map distribution

2.2 Grayscale Morphological Filtering Method Theory

Matheron and Serra first proposed mathematical morphology and extended it to the field
of image analysis [11]. Mathematical morphology provides a shape-based approach to
image processing that operates in favour of simplifying image data, preserving basic
shape features and eliminating distractions. Unlike filtering methods based on spatial or
frequency domains, since morphological operators are directly related to shapes, they
can intuitively obtain more essential characteristics such as the topological and structural
information of objects. Therefore, compared with other forms of filtering methods, it
has obvious advantages in the field of image processing [12]. Grayscale morphology
is an extension of binary morphology in grayscale space. It mainly includes four basic
operations: dilation, erosion, and opening and closing operations. The principle is to use
structural elements for local max/min operations to preserve grey scale, suppress noise,
remove background, and extract target shapes.

(1) Grayscale dilation
Let B(m, n) be the structural element, A(x, y) be the input grayscale image, the
domain of B(m, n) is Dp, the domain of A(x, y) is Dy, then the grayscale image
A(x, y) is expanded by the structural element B(m, n), denoted as: (A & B). It is
defined as:

(A® B)(x,y) = max{A(x —m,y — n) + B(m, n)|(m, n) € Dp} 3)

(2) Grayscale erosion
Let B(m, n) be the structural element, A(x, y) be the input grayscale image, the
domain of B(m, n) is Dp, the domain of A(x, y) is Dy, then the grayscale image
A(x, y) is eroded by the structural element B(m, n), denoted as: (A®B). It is defined
as:

(A®B)(x, y) = min{A(x + m, y + n) — B(m, n)|(m, n) € Dp} 4)

Although grayscale morphology-based methods have been widely used to correct
non-uniform backgrounds in recent years [13], their processing capabilities are limited
when the image background is complex and changeable and the target signal-to-noise
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ratio is low. Additionally, such methods are also very sensitive to the size of the filter
template. Fixed filter templates cannot fit all cases, and poor selection impacts perfor-
mance. Fast and accurate correction of inhomogeneous backgrounds from stray light,
while preserving star data, remains a key challenge.

3 Proposed Method

Due to sensor defects, data transmission errors, interference in the photoelectric conver-
sion process, harsh environmental conditions, and damage during image compression
and transmission, there will be some impulse noise and salt and pepper noise in the space-
based star map. When performing grayscale morphological operations, impulse noise
and high-frequency noise will introduce a large number of artifacts and false detections,
reducing the accuracy of star detection. Through median filtering, high-frequency noise
and impulse noise can be effectively suppressed, and the non-uniform background in
the image can be smoothed, making the grayscale value difference between the star area
and the background area more obvious, thereby improving the accuracy and robustness
of subsequent morphological operations. This processing method can not only retain
the edge information of the star, but also enhance the contrast between the star and the
background, making the star detection more accurate and reliable. In order to reduce the
influence of such noise on the subsequent star extraction, the median filtering method is
used in this paper to smooth the image. The median filtering formula is shown below:

g(xi,yj) = med {f (xi+¢, yj+n) (s, m) € W} ®

Among them, med represents the median operation, W represents the two-
dimensional filter template, and the filter window size set in this paper is 3 X
3.

Due to the difference in grayscale values between the star area and the background
area, it is possible for different methods to correct the non-uniform background and
retain the star. However, although the previous methods took this difference information
into account, due to the irrationality of the filter template, they could not effectively
distinguish between the star and the background, and introduced the pixel values of the
star area and the surrounding background area into the calculation. This greatly reduces
the utilization of the difference information, resulting in poor accuracy of non-uniform
background correction, and may cause the loss of low signal-to-noise ratio star.

In order to solve these problems, this paper combines the diffusion model of star
and the distribution characteristics on the imaging surface to design two different but
related structural elements for dilation and erosion, as shown in Fig. 2. Based on the
experimental results, the structural element of the dilation operation consists of a circular
structural element B; nested in a square structural element B,, where the B; radius is 11
and the B, side length is 29, as shown in Fig. 2 (a). The structural element B,, of the
erosion operation consists of a circular structural element inscribed in a square structural
element, where the circular structural radius is 20, as shown in Fig. 2 (b). In addition,
the value of the circular structural element of the dilation structural element is 0, and
the value of the remaining part is 1. The value of the circular structural element of the
erosion structural element is 1, and the value of the remaining part is 0. The structural
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element is essentially a small matrix used to determine the shape and range of the dilation
and erosion operations, and the value of the structural element is a Boolean value. In
the structural element, the pixel with a value of 1 represents the operation area, and the
pixel with a value of O represents the non-operation area. Dilation is to expand the “1”
in the structural element into the image, making the target object larger and filling holes
or small breaks. Erosion is to shrink the target area in the image, remove small noise or
the edge of the target object, and make the object smaller.

This structure makes full use of the smoothness of the circular structural element and
the coverage of the square structural element to improve the accuracy and robustness of
the morphological dilation operation.

B

0 Bm
(a)dilation operation (b)erosion operation

Fig. 2. Dilation and erosion operation

In order to protect the star area, the structural element Bj;, is first used to dilate the
star map f (x, y) containing the non-uniform background to obtain the processed image
F1(x,y), which is expressed as follows:

F](X,y) =f(x,y)69Bi0 (6)

The star area is protected by the dilation operation of the structural element B;,, and
the pixels in the star area are replaced by the pixels in the surrounding background area.

Then, the image F (x, y) is eroded using a structure element B,, that is slightly larger
than Bj, to obtain the processed image F>(x, y), which is expressed as follows:

Fa(x,y) = Fi(x,y)OBy, )

After the above morphological operations, the star with a size smaller than B; are
retained, and the remaining star with a size larger than B; still exist in the non-uniform
background. After the erosion operation using the large-sized structural element, the lost
large-sized stars are retrieved. Due to the size difference between B;, and B,,, the non-
uniform background area becomes smaller after the two operations. Therefore, continue
to use By, to perform the dilation operation on F>(x, y) to restore the size of the non-
uniform background, and obtain the processed image F3(x, y), which is expressed as
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follows:

F3(x,y) = F2(x,y) @ B ®)

Finally, due to the dilation operation using the structural element B;,, the pixels in
the non-star area have uncertainty, which may lead to negative values when removing
the non-uniform background. Therefore, the expression for correcting the stray light
non-uniform background star map F4(x, y) is as follows:

Fa(x,y) =f(x,y) = min[F3(x, y),f (x, y)] €))

The dilation operation uses structural elements that can effectively suppress back-
ground noise, while the erosion operation uses structural elements that can retain the
details of the star. This combination can more accurately separate the star and the
background, and improve the robustness and accuracy of the method.

After obtaining the corrected star map, in order to verify the denoising effect and
the retention effect of the star, the image segmentation method is used to segment and
extract the star. The purpose of image segmentation: firstly, to separate the star points
from the background; secondly, to separate the star points from each other. Compared
with the fixed threshold, the adaptive threshold will be flexibly selected to adapt to the
image according to the different image pixels. Finally, the segmentation effect is good
and the speed is fast. Threshold 7 is as follows:

T =p+ko (10)

Among them, u is the average value of the input image, o is the standard deviation of
the input image, and k is the average grayscale of the separated non-uniform background
image.

To separate the star points, the star point boundaries need to be determined to com-
plete the clustering division of the star points. The quadruple concatenation criterion [ 14]
is used for the segmentation between the star points. According to the above segmenta-
tion results, only one scan through the image gray matrix is needed to complete the two
major segmentation tasks of the entire star map, which can evaluate the denoising effect
and fulfill the real-time demands of image processing in real application scenarios.

4 Experimental Results and Analysis

4.1 Experimental Data

To verify the proposed method’s effectiveness in this paper, a semi-physical simulation
star map experiment was carried out. The star map was generated by a star map simulator
device, and the camera directly captured and imaged the star map for subsequent data
processing. The experimental platform and star map are shown in Fig. 3.

All experiments were run on a personal computer with a 2.60 GHz Intel Core i5-
13500H processor and 16 GB of RAM, and the test software used was Matlab2018.
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(a) (b)

Fig. 3. Experimental platform and imaging star map

4.2 Evaluation Indicators

The evaluation indicators used in the experiment are peak signal-to-noise ratio (PSNR)
and background suppression factor (BSF), which are specifically defined as.

PSNR = 101 255" (11)
= O —_—
210 MSE
Rpsp = 224 (12)
Oin

Among them, MSE stands for mean square error, and o¢j,, o, are the standard
deviations of the background area before and after processing. A higher PSNR means
that the difference between the processed image and the original image is smaller and the
image quality is higher. BSF is used to evaluate the effect of the method in suppressing
background noise. A lower BSF means that the background noise of the processed image
is better suppressed.

In addition, Precision, Recall and F1-Score are used to evaluate the quality of target
detection. Their definitions are as follows:

TP

Precision = —— (13)
TP + FP
TP
Recall = ——— (14)
TP + FN

2 x Precision x Recall
F1 — Score = — (15)
Precision + Recall

TP (True Positive): The actual number of stars that are correctly detected as star.
FP (False Positive): The number of non-stars that are incorrectly detected as star.
FN (False Negative): The actual number of stars that are falsely not detected as a star.

where Precision is used to measure the accuracy of the detection method. A higher
precision means a lower false positive rate, that is, most of the points detected as star are
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indeed star. Recall is used to measure the comprehensiveness of the detection method.
A higher recall rate means a lower missed detection rate, that is, most of the actual
star are detected. The F'1 — Score is used to comprehensively measure the accuracy and
comprehensiveness of the method, especially when there is a trade-off between precision
and recall. A higher F'1 — Score means that the method performs well in both accuracy
and comprehensiveness. Time is used to measure the running time of various methods.

4.3 Experimental Results

The proposed method is used for star map experimental verification, and Fig. 4 shows
the detection results of the method. Figure 4 (a) shows the original image and its three-
dimensional grayscale distribution, Fig. 4 (b) shows the smoothed image and its three-
dimensional grayscale distribution, Fig. 4 (c) shows the non-uniform background image
and its three-dimensional grayscale distribution, and Fig. 4 (d) shows the star image
and its three-dimensional grayscale distribution after the non-uniform background is
removed.

After obtaining the corrected star map, an adaptive threshold is applied to sepa-
rate the star from the background, confirming the method’s effectiveness in removing
the non-uniform background. The four-connectivity criterion is used to determine the
star boundary, complete the clustering of the star, and thus complete the segmentation
between the stars. The following Fig. 5 shows the star extraction result, where 5 (a) is
the original image and 5 (b) is the star extraction result after correcting the non-uniform
background.

To further confirm the effectiveness of the proposed method, it is compared with the
maximum mean filter based on spatial domain, the local contrast method (LCM) based
on human vision, and the Top-hat method based on morphology. In order to avoid the
influence of the size difference of the filter template on the non-uniform background
correction performance of different methods, the window size of the maximum mean
filter is 15, the window size of the LCM is 15, and the disk size of the Top-hat morpho-
logical structure element is 15. In order to more intuitively compare the performance
of different methods, three groups of relatively typical simulation images are selected
to demonstrate the non-uniform background correction effect of different methods. As
shown in Fig. 6, the three-dimensional grayscale distribution of the uniform star map
after correction by different methods, where (a) is the simulated original star map, (b) is
the three-dimensional grayscale distribution of the original star map, (c) is the maximum
mean filter method, (d) is the local contrast method, (e) is the Top-hat transformation
method, and (f) is the non-uniform background correction method based on multi-scale
grayscale morphology proposed in this paper. As can be seen from Fig. 7, different
methods have a certain suppression effect on non-uniform background. The star struc-
ture of the maximum mean filtering method has changed, and the grayscale distribution
of the star tends to be unified, which is not conducive to the subsequent centroid posi-
tioning of the star. Although the local contrast method and the Top-hat method have
a certain ability to suppress the background, there are still some background residues,
which is not conducive to the threshold selection in the subsequent star segmentation.
The proposed method has a stronger ability to suppress the background. The back-
ground grayscale is basically smooth except for the star position, which minimizes the
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(@) (b)

Fig. 5. Star extraction results

interference to the subsequent processing and has a larger threshold selection space.
Figure 7 shows the three-dimensional grayscale distribution of the non-uniform back-
ground image eliminated after correction by different methods. The figure shows that
the background removed by the maximum mean filtering method contains some star,
and the removal effect is not good. The local contrast method has a better removal effect.
The Top-hat method has a good removal effect on some star maps, and there are some
stars in the background removed from some star maps. The proposed method can effec-
tively correct the stray light and non-uniform background in star images with different
signal-to-noise ratios, and has extremely high correction accuracy.

Furthermore, with the aim of analyzing the background suppression ability, star
retention rate and running time of different methods, the data of P, R, F1, PSNR, BSF
and Time of the four methods were statistically analyzed. The results are shown in
Table 1, and the best result is indicated in bold.

Table 1 indicates that although the maximum mean filter method has slightly higher
star extraction accuracy, the star recall rate and F1-Score are significantly lower than the
proposed method. The star extraction accuracy, star recall rate and F1-Score of LCM are
all lower than the proposed method. Although the recall rate of the Top-hat method is
similar to the proposed method, the precision and F1-Score are lower than the proposed
method. The F1-Score of the proposed method is optimal compared to other methods,
indicating that the proposed method balances accuracy and comprehensiveness. In terms
of method speed, the computational complexity of maximum mean filtering is high
because the maximum and mean values of the local area need to be calculated at each
pixel position. For large-size images and larger filter windows, the calculation time will
increase significantly. The local contrast method improves the performance of the method
by designing a complex contrast calculation window, but the complex contrast traversal
calculation also greatly increases the method running time. The Top-hat method greatly
saves method time due to its simple method structure, linear time complexity, efficient
implementation, and does not involve global optimization. However, it uses the same
structural elements for dilation and corrosion operations, ignoring the contrasting details
between the target area and the surrounding background area, and the Top-hat method is
sensitive to the shape of the target. If the shape of the target does not match the shape of
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Fig. 6. Grayscale diagram of non-uniform background correction results of different methods
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Fig. 7. Schematic diagram of non-uniform background grayscale eliminated by different methods
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Tablel. Comparison of detection results of different methods.

Max-mean filter LCM Top-hat Proposed
P 0.992 0.959 0.959 0.990
0.943 0.973 0.974 0.973
F1 0.966 0.965 0.966 0.981
PSNR 26.671 39.542 38.118 39.036
BSF 0.028 0.011 0.024 5.729¢-4
Time 20.796 30.986 0.095 0.126

the structural element, the target detection effect may be unsatisfactory. The proposed
method designs separate structural units for the morphological operations of dilation
and corrosion, makes full use of the contrast between the target area and the surrounding
background area, enhances the background suppression capability without increasing
excessive time consumption, and can be used in actual non-uniform background star
map prediction. The processing can effectively suppress the background while retaining
the star, which has high practicality.

5 Conclusion

Star map preprocessing can effectively suppress stray light and noise interference,
enhance target characteristics, and improve star center of mass positioning accuracy
and target detection accuracy. Traditional methods are difficult to effectively distinguish
the target from the background when faced with stray light background, resulting in
insufficient accuracy of star extraction and reduced reliability of target recognition. This
paper proposes a multi-scale grayscale morphology method, which effectively improves
the accuracy and robustness of star extraction by introducing dual structural elements
and adaptive threshold technology. The experimental outcomes demonstrate that this
technique substantially improve the accuracy of star extraction under stray light back-
ground, and has important strategic significance for future space resource competition
and space target monitoring technology.
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Abstract. Ship detection by satellite-carried synthetic aperture radar (SAR)
imagery is currently a hot topic in the development of space remote sensing
technology. Due to the limitation of hardware resources and the requirement of
high-speed processing, the current deep learning model has the problems of low
detection rate and high false alarm density in ship detection in complex scenes. To
address the issues, we propose a lightweight method to detect ships in SAR images
for embedded platforms based on the upgraded YOLOv7-tiny, called Lightweight
Ship Detection-YOLO (LSD-YOLO). Firstly, the MobileNetV3Block module is
introduced into the backbone network, and incorporating a ULSAM attention
mechanism to enhance the capacity for the method to capture important features
of ships in complex scenarios. Secondly, we utilize SPPFCSPC module and replace
certain standard convolutions with GsConv. The design not just reduces compu-
tational complexity but also significantly enhances the method’s detection perfor-
mance. Notably, the average detection accuracy on the SSDD dataset is 97.7%,
which is a 1.9% improvement over the yolov7-tiny model, with the number of
parameters and computation decreasing by 21.7% and 24.4%, respectively, and
significantly outperforming the other compared models. Finally, on the Cambri-
con Siyuan220, the proposed method has a detection speed of 153 frame/s, and
achieves the accurate and real-time detection in SAR image ship detection task.

Keywords: SAR image - Ship detection - Embedded platform - Lightweight
module - High-accuracy

1 Introduction

With the in-depth promotion of China’s task of building a strong oceanic country and the
spaceflight remote, the quick growth of sensing technology puts forward higher require-
ments for ocean monitoring capability, among which ship detection is an important part
of ocean monitoring with certain military value. Synthetic Aperture Radar (SAR) has
the working characteristics of all-day and all-weather earth observation [1]. The iden-
tification of vessels using SAR imagery is currently a trending area of study within the
realm of remote sensing.
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The SAR image detection is a very crucial part of the SAR image detection process.
However, SAR image detection also has many problems [2] (1) False Alarm due to
complex background on land (2) Missed detection due to side-by-side docking (3) False
Alarm due to sea clutter (4) Missed detection of small targets. Conventional approaches
to detecting targets in SAR imagery, including the common Constant False Alarm Rate
(CFAR) target detection method, are susceptible to noise in the complex background
[3] are susceptible to noise interference in complex backgrounds, and tend to have
long processing time, poor generalization ability and low detection accuracy, making it
difficult to satisfy the demands for both immediacy and precision.

Recently, deep learning methods have been widely used within the domain of SAR
image processing. Deep learning-based target detection techniques can be primarily
categorized into two types: one is a two-stage detection method based on candidate
regions, such as Fast RCNN [4], Faster RCNN [5] Mask RCNN [6] etc., the whole target
detection work needs to be completed in two stages, first locating the candidate region and
then sending it to the classifier for classification. The other class is single-stage detection
methods, such as RetinaNet [7], CenterNet [8] FCOS [9] Nanodet [10] YOLO series,
etc. The two-stage methods are too slow to meet the on-board processing requirements,
and most of the lightweight target detection models are single- stage detection methods.
Nanodet is a mobile target detection model, which is a FCOS single- stage anchor-
free target detection model with obvious advantages in detection rate [11]. Liu et al.
optimized the design of Nanodet by combining the cavity convolution, and at the same
time, removed the central branch at the output end to reduce the computation amount of
the model. The YOLO series of detection models include YOLOVS [12], YOLOv6 [13]
YOLOv7 [14] andYOLOVS8. YOLOV7 uses an efficient aggregated feature extraction
network, the RepBlock module to reparametrize the model, and coarse-to-fine to guide
the label assignment strategy. YOLOv7-Tiny is a lightweight version of the YOLOv7
model, with higher detection accuracy and rate, and is easier to deploy due to its similarity
to the overall YOLOVS framework. YOLOV7- Tiny is a lightweight YOLOv7 model with
higher detection accuracy and rate. On the COCO dataset, the detection performance of
YOLOV7-Tiny is better than that of YOLOv5n, YOLOv6n and YOLOVS8n. To ensure
effective ship target detection in SAR images on a satellite-based system, this paper
chooses the YOLOv7-Tiny model, which combines accuracy and speed, as the basis for
the study.

Many scholars have written on YOLOv5, YOLOv7, and YOLO7-Tiny corresponding
improvements are proposed on the basis of the model. Lu Peng [15] et al. proposed
to use ShuffuleNetv2 model is used as the backbone part, while fusing Transformer
structure and dual attention mechanism to address the challenging issue of detecting
dense distribution of multi-scale ships, the model is more complex and not easy to deploy
on hardware. Li Yonggang [16] et al. proposed to introduce deformable convolutional
DCNvV2 in the backbone network to enhance the target feature extraction ability and
enhance the detection rate of ship targets in SAR images under complex scenes, but
from the experimental results, the mAP indicator is less enhanced, but the detection
rate is reduced more. Chen [17] et al. in YOLOv7 method based on the combination
of hollow space pyramid pooling and attention mechanism, to reduce the loss of ship
features, hollow convolution in the premise of not increasing the amount of computation
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to increase the sensory field, to enhance the different scales of image ship target feature
extraction ability, but hollow convolution computation there is a cache miss problem,
you need to visit the memory many times to get the data, and the actual detection rate
of hardware will drop a lot. Will decrease a lot. Guo Wei [18] et al. introduced HOI-
ELAN, a high-efficiency layer aggregation network module with high-order interaction
function, based on YOLOv7-Tiny method into the backbone network, which enhances
the feature extraction capability of small targets in SAR images.

However, the recursive gated convolution module RGC is time-consuming [19] et al.
use Re-I-block module to build the backbone network part, which is composed of ELAN
module and ResneXt module to enhance the feature lifting ability of the backbone
network and enhance the accuracy of target detection in scenarios with complex back-
grounds, but the multi-branching increases the amount of computation, and the efficiency
of the hardware execution will be reduced. Zeng [20] et al. use DsSPPF to replace the orig-
inal SPPCSPC module, which adopts smaller scale max-pooling and depth-separable
convolution to replace the original large-scale max-pooling operation, which is used
to aggregate scale-varied feature details, and the computational volume of the model
increases greatly, but the improvement of detection performance is limited. Although
the above improvements improve the detection performance to a certain extent, the mod-
ified modules are complex and not suitable for deployment on hardware. Therefore, it
is necessary to combine the hardware characteristics to design the relevant modules in
an efficient and lightweight way.

In summary, this paper designs a lightweight method, LSD-YOLO, on the basis of
YOLOV7-Tiny. In the backbone network part, a depth-separable convolutional network
MobileNetV3Block is used to construct the lightweight model, and only part of the
feature extraction layer is replaced with the MobileNetV3Block module to improve the
board-end detection speed. In the feature enhancement network part, the SPPFCSPC
module is used for feature compression and parallel computation, which significantly
decreases computational requirements and enhances processing velocity, making the
ship detection algorithm better adapted to the actual application cases. At the same
time, all the convolutions in the non-ELAN module are replaced with GSConv, and the
experiment proves that this operation can lead to better efficiency in ship detection under
complex working conditions. In the application of the attention mechanism, the existing
attention mechanism uses 1 x 1 convolution with higher cost and MLP with more
parameters, thus generating higher computational overhead and parameter overhead.
This model replaces the SE attention module in MobileNetV3Block with the ULSAM
module, and this operation further enhances the model’s feature extraction capability
without increasing the computational overhead. Experiments show that the algorithm
improves some modules in the backbone network and feature enhancement network, and
the algorithm can be successfully deployed to Cambrian Siyuan 220 with better actual
processing performance, which meets the high-performance processing requirements on
the star. The main contribution of this paper is that we propose a lightweight method to
detect ships in SAR images for embedded platforms.
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2 LSD-YOLO Target Detection Method

2.1 Overall Structure of the Model

This method is based on the YOLOv7-Tiny model for efficient lightweighting. The model
is divided into three parts: the backbone network, the feature enhancement network and
the output. The backbone network is optimized by using the lightweight module and
combining the operator characteristics; the feature enhancement network is optimized by
using the efficient feature fusion module and the efficient feature enhancement module,
and the output is optimized by using the attention mechanism and efficient activation
function are used to significantly improve feature acquisition capability of the network,
and the overall structure of the model is shown in Fig. 1.
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Fig. 1. Overall structure of the model.

2.2 Lightweight Backbone Network Design

Depthwise Separable Convolutional Convolution (DSC) can greatly reduce the a mount
of network computation and parameters, and is widely used in lightweight network
design. Typical DSC networks are the MobileNet series and ShuffleNet series. The Shuf-
fleNet series uses the Channel Split operation, which achieves higher detection accuracy
and faster detection speed, but this operation is time- consuming and not friendly to most
hardware.
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MobileNetV3 is the latest version of this series, which combines the deep separable
convolution of MobileNetV1 and the inverted residual structure of MobileNetV2, uses
the network search method, and introduces the SE module and H- Swish SE module,
H-Swish activation function, etc. MobileNetV3_small is a lightweight model suitable
for embedded devices, and MobileNetV3_small outperforms ShuffleNetV2 in terms of
model Topl accuracy and inference time [21]. MobileNetV3_small is a lightweight
model suitable for embedded devices.

Another type of lightweight module is the GhostNet series [22]. The GhostNet series
is based on a set of intrinsic feature maps that are transformed by a series of linear
transformations in order to achieve a low cost of ownership. GhostNet generate multiple
feature maps that fully reveal intrinsic feature information.

The GhostNet family of models consists of multiple GhostBlockNeck modules,
which significantly decreases the parameter count and computational effort of the mod-
els. However, from the test results of several SAR datasets, to attain the detection capabil-
ities of the backbone network composed of MobileNetV3Block, it is necessary to stack
more GhostBlockNeck modules, and the actual computation will increase a lot, and the
real processing performance is not as good as that of MobileNetV3Block, so this paper
adopts MobileNetV3Block to build the GhostNet series model. MobileNetV3Block to
construct the backbone network of the lightweight model.

The MobileNetV3Block module uses 1 x 1 convolutional fusion channel informa-
tion, which occupies a large amount of memory and requires high computing power
for embedded devices. Although the embedded devices used in this paper can meet this
requirement, the 1 x 1 convolutional fusion channel information will occupy a large
amount of memory, which requires high computing power of the embedded devices.

The extensive use of convolution also reduces the processing speed of the board
to some extent. In the experiment, we replaced all the feature extraction layers with
MobileNetV3Block.modules, it is found that the board-end inference time is not
improved, so the model in this paper only replaces p4, pS with two MobileNetV3Block
modules. As shown in Fig. 2, this design can enhance the board-end detection speed
on the one hand, and on the other hand, due to the use of standard convolution in the
early stage of the feature extraction phase, the feature extraction capability is improved,
which to some degree enhances the model’s detection precision.

2.3 Feature-Enhanced Network Segment Optimization

This model uses the SPPFCSPC module to replace the SPPCSPC module block, the
SPPFCSPC module is an optimization of the SPPCSPC module with reference to the
SPPF, which enhances the overall feature extraction capability of the model, enabling
the model to have higher detection accuracy in complex scenes, and reduces the compu-
tational load and accelerates the speed of model inference while keeping the sense field
unchanged. Compared with SPPCSPC module and SPPF module, SPPFCSPC module
can significantly improve the model detection performance. In practical applications,
ship detection methods need to process large-scale SAR image data sets, so efficient
processing speed is very important. SPPFCSPC module greatly reduces computational
load and accelerates the processing speed by means of effective feature compression and
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Fig. 2. Replacement of backbone.

parallel computation, so that the ship detection method can better adapt to the practical
application scenarios. Figure 3 illustrates the architecture of the module.
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Fig. 3. SPPFCSPC module.

To address the problems of dense distribution accurately and the land scene that is
too large and causes a false scene, both detection accuracy and detection speed need to
be considered in the design of feature enhancement networks. GsConv is a lightweight
convolutional module, which makes the result of the convolution kernel as close as pos-
sible to the standard convolutional product while reducing the amount of computation.
The article [23] points out that if GsConv is used throughout the model, it will greatly
deepen the model and reduce the inference speed of the model, while using GsConv
only at Neck, where the dimension of the channel information is the largest and the
dimension of the spatial information is the smallest, is a more preferable choice. To fur-
ther enhance the functionality of the feature enhancement network part, the convolution
in the non-ELAN module is replaced by GsConv, and the experiment proves that this
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operation can enhance the overall detection performance to some degree, especially the
performance of the detection of ships in complex working conditions.

2.4 Use of Attention Mechanisms

To enhance the feature extraction performance of the backbone network, a lightweight
backbone add the attention module in the network part, the general attention module
does not improve the model detection performance, this paper model selection Ultra-
Lightweight Subspace Attention Module ULSAM [24] (Ultra- Lightweight Subspace
Attention Module), ULSAM can be Inferring a separate attention map for each feature
subspace and reducing spatial and channel redundancy in compact CNN feature maps
enables efficient learning of cross-channel information as well as multi-scale and multi-
frequency feature learning. ULSAM is end-to-end trainable, and experiments validate
the effectiveness of ULSAM on the MobileNet family. The ULSAM module uses a
subspace attention mechanism to improve the efficiency of utilizing the standard The
ULSAM module uses the subspace attention mechanism to improve the efficiency of the
standard convolution, which divides the extracted features into g groups, and spatially
re-calibrates the sub-features of each group to connect the g groups together. Figure 4
depicts the configuration of ULSAM.
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Fig. 4. ULSAM module.

Existing attention mechanisms such as non-local, A2Net, SENet, BAM, CBAM,
incur high computational and parameter overheads due to the use of costly 1 x 1 convo-
lutions and parameter-heavy MLPs. On the contrary, ULSAM uses only one 1 x 1 filter
and exploits the linear relationship between the feature maps and avoids the use of MLP,
with a computational overhead of the number of parameters is smaller, which is superior
in lightweight network deployment and hardware implementation. This model replaces
the SE attention module in MobileNetV3Block with ULSAM module, and this operation
further enhances the feature extraction capability of the model without increasing the
computation.
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3 Implementation and Evaluation

Introduction to Data Sets and Evaluation Indicators

The experimental dataset is the SSDD public dataset [25] The data set used for the
experiments is the SSDD public dataset. 1160 images containing 2456 ships, with the
maximum size of the ships being 211 x 298 pixels with a minimum size of 7 x 7 pixels.
At the same time, the dataset contains different imaging modes and polarization modes,
different sizes and shapes of ship targets, and covers multiple types of scenes. During
the experiment, the training dataset and validation dataset are divided according to 7:3
radio. The model evaluation metrics are detection precision (P), recall (R), and average
mean average precision(mAP),the number of model parameters(M) and the amount of
computation(GFLOPs).

3.1 Experimental Platform and Model Training Setup

The hardware platform of this experiment PC is intel®CoreTM 17-97. CPU @3.60 GHz
x 8, 128G RAM computer, the graphics card is RTX 4090Ti. The software environment
is the operating system Ubuntu 18.04, cuda version 12.0, pytorch version 1.7. The input
image size is 640 x 640, epoch is 300, learning rate is 0.01, and optimizer is SGD. The
data enhancement part of the training phase includes operations such as random pan,
rotate, flip, crop, random HSV enhancement, Mosaic, and Mixup.

3.2 Results

Comparison of Ablation Experiments.

So as to verify the validity of the model improvement points in this paper, YOLOv7-
Tiny was utilized as the baseline model, and P, R, mAP, number of parameters, and
computation amount were used as the evaluation indexes, and the ablation experiments
were conducted by combining several modules. The experimental results are shown in
Table 1.

Table 1. Improved point ablation experiments.

Mobv3 | SPPFCSPC | GsConv |ULSAM | P R mAP | M GFLOPs
x x x x 0.941 0912 0958 5728 |13.0
J x x x 0.928 0914 |0.966 3490 | 9.1
J J x x 0959 0912 0971 |4.678 |10.1
J J J x 0948 0927 0973 4482 | 9.9
J J J J 0959 0922 0977 4485 | 9.9

Through Table 1, replacing the ELAN module p4,p5 with MobileNetv3 module
improves the mAP by 0.8%; replacing SPPF with SPPFCSPC improves the mAP
by 0.5%; replacing convolution in non-ELAN in the feature-enhanced network part
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with GsConv improves the mAP by 0.5%; replacing the SE Attention module in
MobileNetV3Block is replaced by ULSAM module, which improves the mAP by 0.4%;
after applying all the improvements, the mAP of this model is advanced by 1.9% com-
pared with the original YOLOv7-Tiny, and the parameter and computation decreased by
21.7% and 24.4% respectively, proving the effectiveness of each improvement point of
the model in this paper, and the detection performance was improved substantially.

Comparative Experiments of Different Lightweighting Models

In order to validate LSD-YOLO in complex scenarios, SAR image ship, in this paper,
typical images of various complex scenes are selected for detection, and the mainstream
lightweight models Nanodet, YOLOvS5n, YOLOvVSs, YOLOv7- Tiny, YOLOv8n, and
LSD-YOLO are compared in this paper, and the results are shown in Table 2.

Table 2. Comparison experiment of each detection method.

Model M GFLOPs P R mAP Layers
Nanodet 0.75 2.88 0.901 0.842 0.909 266
YOLOv5n 1.50 4.0 0.903 0.831 0.909 220
YOLOV5s 5.99 14.9 0.950 0.878 0.944 220
YOLOvV7-Tiny 5.72 13.1 0.941 0.912 0.958 200
YOLOVS8n 3.01 8.9 0.944 0.919 0.960 225
LSD-YOLO 4.48 9.9 0.967 0.939 0.977 228

In summary, it is apparent that the model LSD-YOLO in this paper has a signif-
icant effect on the mAP indicator. It is significantly higher than Nanodet, YOLOv5n,
YOLOVSs, YOLOv7-Tiny and YOLOVS8n. Although the number of parameters and com-
putation amount increase a little bit compared with Nanodet and YOLOV5n, the detection
performance is improved. Compared with the latest YOLOv8n, the model in this paper
also has some advantages, although the number of parameters and computation amount
indicate a tiny increment, but the detection performance is improved, which verifies the
high performance of target detection of the proposed lightweight model in this paper.

Verification of Test Results

The actual detection results of the comparison model in Sect. 3.3.2 will be compared to
the working conditions such as missed detections by docking and side-by-side arrange-
ment, misdetections by complex land background and sea clutter, and missed detections
by small ships. The display is shown in Fig. 5.

Analyzing the detection outcomes depicted in Fig. 5, it can be concluded that com-
pared with other lightweight models, this model can better solve the detection problems
of docking misdetection, complex background misdetection, scale difference leakage
detection, side-by-side leakage detection, sea clutter misdetection, and large scene mis-
detection leakage detection and other complex working conditions, but there is still a
certain degree of misdetection of highly similar non-ship objects, which needs to be
researched in the future.
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Fig. 5. Comparison of detection results of each method.

3.3 Hardware Implementation

The Cambrian Siyuan 220 is an intelligent SOC module that supports edge module adopts
the new MLUV02 architecture. The module adopts the new MLUv02 architecture, the
CPU is ARM A55 x 4, the main frequency is 1.5 GHz, the Al arithmetic power is
16TOPS, and the power consumption is less than 15W, which can satisfy the needs of
the lightweight model for the detection of ships.
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Offline Model Generation

The model LSD- needs to be generated in the format of cambrion before deploying model
to Cambrian Siyuan 220. The practiced model weights are converted into offline models
that can be run in Siyuan 220 through the steps of uncompressed saving, quantization,
fusion inference and cross-compilation, which are carried out on the official development
container. For the offline model with quantization mode INTS, the threshold error of the
output frame is large, so we need to set the quantization mode to INT16.Considering
the detection performance after migration, the model input needs to be set to half16, the
batch is set to 4, and the core is set to 4.

Application Programming

Model calculations based on the CNRT interface, written in Bang ¢ language Runner
application. Based on the Pipeline model, the three parts of data pre-processor, model
calculation Runner and output result post-processor, are multi-threaded, and the input
nodes are set according to the data characteristics and the output node vectors are parsed.

Model Performance Testing

The offline models are deployed on the Cambrian Siyuan 220 and the performance tests
are completed, and it is proved that the computational resource utilization is highest when
the model batch size is 4, and the number of Preprocessor, Runner and Postprocessor
threads are 2,4, and 1. Similarly, the performance of each model is also tested on the
SSDD validation set, the input image size is 640 x 640, and the confidence threshold
of offline model inference is set to 0.20, and the performance of each model on the
Cambrian Siyuan 220 is shown in Table 3.

Table 3. Comparison experiment of each detection method on Cambrion Siyuan 220.

model P R mAP FPS
Yolov7-Tiny 0.940 0.915 0.956 133
LSD-YOLO 0.971 0.938 0.980 153

As can be seen in Table 3, in terms of detection rate The model detection time for
images of 640 x 640 is 6.55 ms, while the original YOLOv7-Tiny is 7.53ms. The new
model reduces the inference time by 1ms per image, and the FPS improves by 20, which
is an obvious improvement in the detection rate. In terms of detection accuracy, LSD-
YOLO continues to maintain high detection accuracy on Cambrian Siyuan 220, while
the original YOLOV7-Tiny has a slight decrease in detection accuracy, which verifies the
high performance of the model in this paper for ship detection on embedded platforms.
The frame rate of LSD-YOLO reaches 153 frames/s, which can satisfy the needs of SAR
image real-time processing on-rail 1:1.
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4 Conclusion

In order to address the limited computing power and memory resources of the hardware
platforms on the star. To address the problem of low ship detection performance in com-
plex SAR image scenes, a lightweight embedded-oriented SAR image ship detection
method, LSD-YOLO, is proposed. The method is designed on the basis of YOLOvV7-
Tiny with a lightweight design, and uses ELAN module and MobileNetv3 module to
construct a lightweight backbone network, and introduces the ULSAM attention module.
to build a lightweight backbone network, while introducing the ULSAM attention mod-
ule. Considering the efficient lightweight feature of GsConv, the standard convolution
in the non-ELAN module is replaced by GsConv in the feature enhancement network,
and the SPPFCSPC module is used to enhance the performance of multi- scale feature
fusion. On the SSDD dataset, it has been demonstrated that the detection performance of
the LSD-YOLO method is significantly reduced in computational load and the number
of parameters, and the detection performance is improved a notable degree, which is
better than other detection methods of the same type. Then, the method is deployed to
Cambrian Siyuan 220, and based on the Pipeline, the three parts of data preprocessing,
model calculation and output result post-processing are operated in multiple threads to
further improve the performance of the model on the hardware side, and the frame rate
of the 640 x 640 image processing is 153 frames per second, which meets the real-time
processing rate requirement on the star. Experiments show that this model can better
solve most of the complex working conditions of the ship detection problems, but there
is still a certain amount of misdetection in the highly similar non-ship objects, which
needs to followed up further research on this issue.
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Abstract. In the context of rapid advancements in information technology, social
media platforms such as Weibo, WeChat, and Douyin have become crucial chan-
nels for accessing information and understanding current affairs. Despite the con-
venience these platforms offer, the issue of false information has become increas-
ingly severe due to the lack of effective regulatory mechanisms and rapid response
measures. Traditional manual methods for detecting false information are inef-
ficient and resource-intensive, necessitating accelerated digital development to
enhance digital societal infrastructure and improve the level of digital and intelli-
gent public services and social governance. To address this, this paper proposes a
false information identification method that combines BERT and ResNet models
for efficient and automatic detection of false information on social media. This
approach aims to enhance the efficiency of false information detection, curb its
spread, and promote the construction of a digital society.

Keywords: False Information - Identification - BERT - ResNet

1 Introduction

With the advancement of Internet information technology and the growing demand
for diverse methods of acquiring information, social media platforms such as WeChat,
Weibo, and Douyin have gradually become crucial channels for people to obtain external
information and stay informed about current affairs. In recent years, the number of social
media users in China has continued to rise. According to the latest data released by the
China Internet Network Information Center, by the end of 2021, the scale of social media
users in China had reached 1.007 billion, marking a 2.6% increase from the previous
period. About 70% of the country’s total population regularly uses social media [1]. On
these platforms, users act as both creators and disseminators of information, leading to
the rapid and widespread dissemination of content. Especially in social emergencies, the
volume of information spread can even reach millions within a short period.

The rapid development of social media has provided a highly interconnected commu-
nication platform that transcends spatial limitations, greatly facilitating the publishing,
acquiring, and dissemination of information. However, this also means that users face
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minimal constraints on their information behaviors on social media platforms. Simul-
taneously, the lack of effective regulatory mechanisms and rapid response measures
on these platforms makes it difficult to ensure the quality of information, fostering the
proliferation and development of false information. False information on social media
manifests in various forms, such as “clickbait” headlines that attract attention and pro-
voke user emotions while the article content is misleading, “trumping” that manipulates
public opinion and interferes with the presentation of real information, and “fake news”
that exaggerates or distorts facts related to current events to incite negative emotions
among the public [2]. Once false information spreads widely, it can have extremely
serious negative effects on individuals and society as a whole.

Currently, the proliferation of false information on social media is considered a sig-
nificant global risk. It not only disrupts normal information exchange among users on
social platforms but also poses severe threats to social and economic development and
even national political security [3]. In today’s social media environment, where there
is an overwhelming amount of data, manually detecting false information is resource-
intensive and inefficient. Leveraging relevant technical means to automatically identify
false information on social media can enhance the efficiency of detection, quickly curb
the spread of false information, and improve the digital and intelligent governance of
social media platforms, thus strengthening the construction of a digital society. Presently,
there are still certain limitations in methods for identifying false information on social
media, primarily manifesting in three aspects: (1) Multi-source content: There are numer-
ous types of current network platforms, and false information on the same topic spreads
across different platforms, displaying multi-source content. (2) Multi-modal content: A
significant amount of false information generated by intelligent algorithms has evolved
from pure text to multimedia forms, including both text and images, showing multi-modal
content. (3) High availability of content: The Internet features cases where images syn-
thesized through deep synthesis technology are spread as false information or alongside
false information text, increasing the perceived authenticity of the content and making it
more accessible. In response, this study integrates false information identification meth-
ods using BERT and ResNet models, building on existing domestic and international
research results, to achieve efficient and automatic detection of false information on
social media.

2 Related Works

Since there is no universally accepted definition of the term “rumor”, the problem of
online rumor detection can be categorized into two main targets: one is to detect infor-
mation whose authenticity has not yet been determined, meaning the key feature of a
“rumor” is that it is “unverified”. The other is to identify rumors that are ultimately ver-
ified to be false. Many experts and scholars argue that rumors which are widely spread
and proven false are more harmful. Therefore, “rumors” can be equated with incorrect
and false information. At the same time, it is believed that information from official
channels is accurate, whereas information differing from official sources can be consid-
ered a rumor, or false information. This paper falls into the second category, equating
“rumors” with incorrect or false information. Therefore, the research goal of this paper
is to identify and detect false information in social media content.
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In recent years, researchers have increasingly focused on the problem of multi-modal
false information detection. To learn multi-modal representations of posts, Singhal et al.
used BERT to extract text vector representations and VGG19 to extract image vector
representations, which were then concatenated to form a joint representation. Yang et al.
not only extracted explicit features from text and images but also used convolutional
neural networks to learn their latent features. Although the concatenation-based app-
roach is straightforward, not all features are equally important for false information
detection. This means that when determining whether a post is false information or true
information, the weight of visual features can vary compared to text features. Jin et al.
proposed a recurrent neural network with an attention mechanism to fuse the image and
text features of posts for false information detection. To further learn the shared repre-
sentation between text and images, Wang et al. introduced an event adversarial neural
network. This network includes a multi-modal feature extractor to extract text and visual
features from posts, which works with a false information detector to learn discrimina-
tive representations. The event discriminator removes event-specific features and retains
shared features across events, thus learning event-invariant features that represent vari-
ous topics and fields, which aids in false information detection for new events. Khattar
et al. proposed a multi-modal variational autoencoder that learns shared text and image
representations. After training, this model can discover correlations between different
modalities in tweets, and it pairs the variational autoencoder with a classifier to detect
false information. Zhou et al. proposed a similarity-aware model to examine the role of
similarity between text and image information in detecting false information. Meel et al.
adopted an integrated learning model to capture the relevance of multi-modal informa-
tion, using a multi-level attention network to learn the writing style of false information
and employing noise variance inconsistency and error level analysis techniques to assess
image authenticity. Wei et al. proposed a two-stage false information detection model,
introducing a knowledge distillation method to capture cross-modal feature correlation.
In the first stage, the cross-modal knowledge distillation function served as a soft target
to guide the training of the single-modal network. In the second stage, the parameters
of the two trained networks were fixed, and the extracted features were input into the
fusion model to further enhance the performance of multi-modal fake news detection.

3 Theoretical Methods

BERT is a pre-trained language model based on multi-layer bidirectional Transformers,
proposed by Devlin et al. in October 2018. BERT leverages large-scale unlabeled data
to extract semantic information from text and further enhances the depth of natural
language processing models. Due to its outstanding performance, it has achieved state-
of-the-art results in various natural language processing (NLP) tasks, such as reading
comprehension, machine translation, and text classification, establishing its significant
position in NLP research.

From an overall structural perspective, the BERT model is essentially composed of
multiple layers of stacked Transformer encoders. Each Transformer encoder consists of
a multi-head self-attention mechanism and two layers of feed-forward neural networks.
The self-attention mechanism is the core component of the entire Transformer model
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framework. It calculates the correlations (attentions) between the state at a given moment
in the current text sequence and the states at other moments, thereby representing the state
at the current moment. Its calculation formula is shown in the accompanying formula.

Attention (Q, K, V) = softmax( QKT)V
o Vg

In the formula, Q represents query; K represents key; V represents value; dg
represents the dimension of word vector; softmax represents softmax function.

Essentially, Q, K, and V are parameter vectors obtained by multiplying the input
word vector with three different weight matrices. When calculating the attention weight
of a word, the Q vector of the current word is first dot-multiplied with the K vectors of
other words in the text sequence, and the result is divided by /dy for scaling.

The softmax function is then applied for calculation. Scaling is used here because the
softmax function is more sensitive to larger input values. This scaling helps prevent the
problem of gradient vanishing due to excessively large dot product results and ensures
the stability of model training. After obtaining the corresponding weights from the
softmax output, these weights are applied to the V vector to derive the final self-attention
result, which is then fed into the feedforward neural network for further training. The
application of self-attention allows the current word to encode the entire text sequence.
Additionally, since multiple self-attention mechanisms do not interfere with each other
during the calculation and can be computed in parallel, this approach addresses the long-
term dependency problem present in traditional models such as RNNs, significantly
enhancing the model’s computational speed (Fig. 1).
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Fig. 1. BERT model

CNN (Convolutional Neural Network) is one of the most common and widely used
network structures in deep learning, achieving impressive results in the field of image
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recognition. CNN combines the feature extraction module with the classification module
to enable automatic classification of target images. As illustrated in the figure, a standard
CNN comprises multiple layers (Fig. 2).
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Fig. 2. CNN Model

In the early days, it was widely believed that the depth of a network was crucial
for effective classification and recognition. To improve the model’s performance on
image classification tasks, researchers extended the depth of the network. As the network
deepens, the features extracted become more complex and advanced, which can enhance
model performance. However, increasing the number of layers can also lead to a decrease
in classification effectiveness. This is due to issues such as gradient explosion, which
make the model difficult to train once the network reaches a certain depth. To address the
problem of deteriorating model performance with excessive network depth, Kaiming He
and his team introduced the ResNet architecture in 2015. ResNet achieved remarkable
results in various visual competitions that year, drawing considerable attention. Its inno-
vative residual block structure significantly improved performance by allowing larger
gradient values to be propagated back to the earlier layers of the network during the
backpropagation process. Additionally, ResNet’s flexible network design enables easy
adjustments by modifying the number of stacked blocks and the number of channels
within each block. This design mitigates concerns about gradient problems associated
with deeper networks. With sufficient training data and gradual increases in network
depth, better learning performance can be achieved. The basic structure of the residual
network in ResNet is illustrated in the figure (Fig. 3).

The curve shortcut channel in the figure, the input x directly jumps two layers of
network and completes the linear connection with F(x). As can be seen from the figure,
the working steps of the residual block can be clearly seen. x represents the input of the
first layer, the network learning feature is recorded as H(x), and the residual mapping is
marked as F(x). First, the input x is weighted for the first time, and then the activation
operation is performed. In order not to compress the amplitude of the data, the activation
function here uses relu, and finally the output is recorded as F(x). Then, after the output
after the first activation is weighted for the second time, before the second activation
operation, the H(x) = F (x) 4 x operation must be performed to obtain the final output of
the module. It should be noted that after the second weighted processing operation and
before the activation operation, a linear transformation operation is required, and this
path becomes a shortcut connection. It is easier for the network to learn residual mapping
than to learn direct mapping. Generally, in model training, the number of residual blocks
reaches two or more to have a significant effect. Because the Resnet network does have
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Fig. 3. ResNet Model

a good performance in dealing with the problem of poor network performance caused
by deepening the number of layers. Therefore, Resnet is widely used in many fields[11].

4 Algorithm Design

The dataset was primarily sourced from public internet platforms. Specifically, for the
Russian-Ukrainian conflict scenario, data was collected from nine platforms, namely
Twitter, Weibo, Baidu, Wikipedia, WeChat, NetEase News, People’s Daily Online,
CCTV.com, and Xinhuanet. A total of 47,982 text and image samples were gathered,
consisting of 32,939 text samples and 15,043 image samples (Table 1).

Table 1. Data Introduction

Training set 27437, 0:19758,1:7679
Test Set 4420, 0:2980,1:1440
Validation set 1082, 0:374,1:708

The false information model is a binary classification model, and the data process-
ing involves several key steps. Based on an official media list, a labeling function is
constructed programmatically, and the collected data is labeled using a combination of
manual and automated methods to create a sample set. Content published by the informa-
tion publishing entities is labeled accordingly, with content from People’s Daily Online,
CCTV.com, and Xinhuanet classified as positive samples. For the text data, we use the
nltk library in Python to segment the text, remove stop words, and extract stems before
applying the processed text to the model. For the image data, missing images in the
sample dataset are uniformly filled with white images to ensure the model’s accuracy.

Bayesian classification is a statistical method that predicts the labels of test set
data based on the statistical distribution of the training set samples. In simpler terms, a
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Bayesian model classifies a sample according to the type that most closely resembles
the known data. The term “Bayes” refers to Bayes’ theorem.

pxle)p(c)

P = 00

where c is the category and x is the sample. Since p(c), i.e. the proportion of each
category in the data (prior distribution), is known; p(x) is known (generally 1/N); the
solution of p(xIc) is different in different Bayesian models, but all can be solved. In this
way, the probability p(clx) (posterior distribution) that x belongs to each category can be
obtained, and the argmax of the category is taken to obtain the classification prediction
result. Through the Bayesian classification model, false information is classified.

The multi-modal classification model was constructed, and BERT was used for text
feature extraction and Resnet was used for image extraction.

Under the trend of rich media in social media, false information has changed from
pure text to a combination of text and pictures. Multi-modal content can verify the
authenticity of information from different angles, and related research on false informa-
tion identification based on multi-modal content mining has emerged. Deep fusion of
content in different modalities is the key to using multi-modal content for false infor-
mation detection. However, although related research has jointly represented vision and
text, it has not fully mined semantic information when modeling features for visual and
text information. The semantic features of vision mostly stay at the perceptual level, and
the semantic features of text only stay at the entity level and contextual information.
It is difficult to solve the semantic gap between the representations of different modal
information, resulting in fusion only staying at a shallow level, and it is difficult to com-
prehensively and comprehensively judge the authenticity of information. In addition,
existing research lacks the use of common sense for fact checking, making it difficult
to identify counter-common sense false information. To address the above issues, the
BERT and Resnet models are integrated to implement a multi-modal false information
detection method that includes three modules: feature extraction, feature fusion, and
false information discrimination, as shown in the figure (Fig. 4):

Bert

Russian Maidan-3 PsyOp to
culminate in March-May

(0JOJO}

‘ classific
ation

(.

Fig. 4. Multi-modal false information detection method
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Feature fusion

Feature extraction is divided into feature extraction of text and feature extraction
of images. For text feature extraction, firstly, entity information existing in the text is
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mined based on named entity recognition technology, and entities are matched with
concepts in the knowledge graph, and then the initial representation of text and concepts
is obtained by introducing a pre-trained language model; for image feature extraction, a
pre-trained object detection model is introduced to extract entities appearing in the image
and match them with concepts in the knowledge graph, fully understand the potential
semantic information behind the image, and obtain the initial representation of images
and concepts through the self-supervised visual model MAE (Masked Auto-Encoders)
and pre-trained language model respectively. Feature fusion aims to deeply fuse images
and texts at the semantic level through entities and concepts in the knowledge graph.
Firstly, a heterogeneous graph is constructed based on entities and concepts in text and
images, and representation learning is performed through a heterogeneous graph neural
network to obtain the final embedded representation of text and image.

False information discrimination is based on the image and text representations
obtained in the first two steps. The image and text representations are spliced through
the attention mechanism to obtain a unified expression of multi-modal features, and
the distribution of classification labels is obtained based on this, that is, whether the
output target text is false information and its confidence level. A total of three BERT
models are used, namely BERT-base-chinese, chinese-BERT-wwm-ext and inirbt-h256
for model pre-training. In summary, for the classification of false information, logistic
regression, Bayesian classification and multi-modal models are constructed respectively.
The specific results are as follows (Table 2):

Table 2. Experimental results of machine learning models and multi-modal models

Classification Model Accuracy
Logistic Regression 84.2%
Bayesian classification 81.8%
multi-modal Classification 82.3%

The logistic regression model demonstrates the highest accuracy, which may pri-
marily be due to the sample data skew and the large amount of false sample data. The
Bayesian classification model shows lower accuracy compared to logistic regression,
likely due to the uneven distribution of the sample space. The multi-modal classification
model exhibits the lowest accuracy among the three, which may be attributed to insuffi-
cient sample data. For text feature analysis, the model employs the deep learning model
BERT. Specifically, it uses BERT-base-chinese, chinese-BERT-wwm-ext, and minirbt-
h256t within the BERT framework. For image analysis, the model utilizes ResNet archi-
tectures, including ResNet18, ResNet34, ResNet50, ResNet101, and ResNet152 (Fig. 5,
6 and 7).
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Fig. 5. BERT-base-chinese model and Resnet model experiments
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Fig. 6. Chinese-BERT-wwm-ext model and Resnet model experiments
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Fig. 7. Minirbt-h256t model and Resnet model experiments

5 Conclusion

In terms of data collection, gathering data from multiple platforms presents a significant
challenge that greatly affects the construction of the dataset. During the model develop-
ment phase, the strategy for text and image feature fusion required numerous attempts
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and adjustments. The experimental process revealed that combining different BERT
models, such as BERT-base-chinese, chinese-BERT-wwm-ext, and minirbt-h256t, with
various ResNet versions including ResNet18, ResNet34, ResNet50, ResNet101, and
ResNet152, yielded varying results. In future work, the dataset will be rebuilt to fur-
ther explore the model’s capabilities and enhance its ability to detect and identify false
information.
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Abstract. With the continuous development of power Internet of Things, the net-
work has gradually become a bridge between intelligent power terminal equipment
and intelligent computing communication. The data generated by power equip-
ment will be processed through the network for intelligent computing. How to
better balance the scheduling nodes and achieve the optimal scheduling routing
mechanism under the limited arithmetic resources has become an urgent problem
to be solved. To this end, this paper first builds an arithmetic-aware power dis-
patch network (AAPDN) architecture, which adopts a distributed routing control
scheme to avoid the situation where large-scale power data are processed, parsed,
stored and transmitted in a single centralised point, which leads to a single point of
failure caused by an overburdened computational routing. On this basis, this paper
further introduces an arithmetic routing notification and decision-making mech-
anism, which is used to share the arithmetic state information of the scheduling
service nodes and formulate the optimal routing and scheduling decisions. Simu-
lation experiments show that the mechanism proposed in this paper can maintain
a high level of power scheduling service satisfaction while ensuring the arithmetic
usage rate.

Keywords: Power Dispatch Network - Arithmetic Awareness - Distributed
Routing

1 Introduction

In today’s rapidly developing technological era, power 10T, as an important part of the
smart grid, is gradually becoming a key bridge connecting intelligent power terminal
equipment and realising intelligent computing [1, 2]. As the level of intelligence of power
equipment continues to improve, the amount of data they generate is also increasing
dramatically, which puts forward higher requirements for the data processing capability
of the power system. How to achieve efficient data management and optimised scheduling
strategies with limited arithmetic resources has become an important problem to be
solved in the field of power IoT [3].
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This paper aims to explore and solve this problem, and first proposes an arithmetic-
aware power dispatch network (AAPDN) architecture. The AAPDN architecture adopts
a distributed routing control scheme, which effectively avoids the computational over-
burden and the risk of a single point of failure caused by the centralised processing of
large-scale power data. This distributed control scheme not only improves the reliability
and stability of the system but also provides strong support for the efficient processing
of power data.

Further, this paper introduces the arithmetic routing notification and decision-making
mechanism, the core of this mechanism is to achieve the sharing of arithmetic state
information of scheduling service nodes and to make the optimal routing and scheduling
decisions based on this information. Through this mechanism, the arithmetic resources
can be allocated more reasonably and the power scheduling process can be optimised,
so that the satisfaction of the power scheduling service can be improved while ensuring
the arithmetic usage rate.

In order to verify the effectiveness of the proposed mechanism, this paper tests
the constructed model through simulation experiments. The experimental results show
that the arithmetic-aware power scheduling network architecture and arithmetic rout-
ing decision-making mechanism proposed in this paper can effectively improve the
scheduling efficiency and service quality of the power system in practical applications,
and provide a strong technical support for the further development of the Internet of
Things in power.

In summary, the research in this paper not only has important theoretical significance
for the optimal scheduling of electric power Internet of Things, but also provides feasible
solutions for the intelligent management and operation of the actual power system. With
the continuous progress of technology and the depth of application, the research in this
paper will contribute an important force to the construction and development of smart
grid.

2 Related Works

2.1 Power Dispatch Network

As a key component of the power system, the technical development and innovation of
the power dispatch network has been a hot research topic. The application of artificial
intelligence techniques such as Deep Reinforcement Learning (DRL) in power dispatch
optimisation provides new ideas to address the uncertainty and complexity of the power
system [4]. The adoption of EPON-based data communication solutions for distribution
network automation can improve network reliability and communication efficiency while
reducing maintenance costs [5].

2.2 Arithmetic Awareness

Arithmetic awareness is a key technology in the development of smart grid, which
involves real-time sensing, management and scheduling of computing resources in the
grid to improve the operational efficiency and responsiveness of the grid. The arithmetic-
aware network improves the utilisation of computing resources and network service
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experience through the deep fusion of computing and networking as well as collabora-
tive distributed computing resources [6]. The research focuses on arithmetic resource
awareness, arithmetic task scheduling, and how to efficiently utilise the massive dis-
tributed computing resources at the edge of the network, which helps to realise the
synergistic linkage between edge computing and cloud computing, and to provide the
optimal user experience as well as the utilisation of computing and network resources

[7].

2.3 Distributed Routing

Distributed energy access in smart grids poses technical challenges, such as grid stability
issues and increased scheduling complexity. To cope with these challenges, researchers
have proposed a series of solutions, including the development of intelligent scheduling
strategies, the application of power quality control technologies, and the enhancement
of communication and control infrastructure [8]. Multi-energy coordinated and optimal
operation is an important direction in the study of energy internet. Distributed routing is
generally achieved through distributed sending signalling, where multiple routing nodes
have inter-arrival next-hop lists with each other, and nodes receive packets and forward
them according to the next-hop list for guidance [9].

3 Arithmetic-Aware Power Dispatch Network Architecture

Aiming at the situation of soaring data scale and arithmetic demand of power dispatch
network nowadays, the distributed route control scheme shifts the burden of core network
computational routing to the edge, integrates with edge computing, sinks the arithmetic
resources to the near-intelligent power end, and at the same time, retains the charac-
teristics of stability and scalability, so this paper adopts the distributed route control
scheme.
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Node

5316716

(@)
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service node

Fig. 1. Arithmetic-aware power dispatch network (AAPDN) architecture

As shown in Fig. 1, to describe the workflow of the arithmetic-aware power schedul-
ing network more clearly, the power scheduling network nodes are classified into the
following five types based on their different functions:
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Distributed Service Request Node (Client): it is the initiator of the scheduling service
request, and can use Anycast address to identify a specific service provided by multiple
scheduling service nodes on the edge of the power scheduling network, i.e., Service ID
(SID), which is used by the scheduling service request end to initiate the scheduling
service request. It should be noted that the scheduling service will be assigned a unique
SID based on the service type when it is registered, and in traditional power scheduling
network scenarios, the Unified Platform Manager is generally responsible for distributing
and updating the scheduling service registration information.

Ingress Node: it is an internal network element of the arithmetic-aware power
scheduling network. The nearby ingress node faces the power scheduling terminal and
guides the confirmation of the optimal scheduling service node based on the arithmetic
routing table it generates.

Intermediate Node: It is only responsible for receiving and forwarding the arithmetic
state information table of each scheduling service node in the arithmetic-aware power
scheduling network as well as the detected network state information.

Egress Node: the export node faces the scheduling service nodes connected to it,
and is responsible for obtaining and updating the real-time arithmetic state information
of the scheduling service end connected to it, and notifying the whole network of this
arithmetic state information, so as to provide support for the generation of the arithmetic
routing table at the subsequent entrance node.

Scheduling Service Node: on the edge side of the power scheduling network, it is
responsible for providing specific scheduling services for the scheduling service request
end.

It is worth mentioning that the arithmetic routing entry node periodically generates
the arithmetic routing table based on the arithmetic notification information and the
network state information, and when the first packet of the scheduling request is received
from the power scheduling end, the entry node will determine the target egress routing
node based on the arithmetic routing table and the optimal service will be finally provided
by the computing service node connected to it.

Arithmetic registration update means that the scheduling service node reports the
quantitative arithmetic resources it has to its nearest router and periodically sends a
POST request to update the arithmetic load information through RESTAPI, and thus
the router notifies the arithmetic status information, and each router establishes and
maintains the arithmetic status table after receiving the arithmetic information, and the
router node serves as the originating point for the arithmetic notification. The routing
decision process means that when a client node has a service scheduling request, the
edge router measures the network state and fetches the arithmetic state table, takes into
account the service attributes such as service priority, service type, etc., and based on the
arithmetic state table and the network state table, obtains the routing information items
and generates the forwarding table to guide the resource scheduling of the service.

The control plane of the arithmetic network mainly notifies the service state informa-
tion of nodes, and the arithmetic-aware network needs the service state information table
of the control plane to contain both computational performance and network performance
data.
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4 Arithmetic Routing Notification Mechanism

The key process of routing based on a distributed control scheme mainly includes the
control plane and data plane process, in which the implementation of routing decision
in the control plane requires that the arithmetic routing nodes notify each other about
the available computational load corresponding to the support service information of
relevant scheduling nodes, and each arithmetic routing node generates local routing
table based on the arithmetic state information of scheduling service nodes on the edge
side of the arithmetic-aware network and combines with the real-time network state. The
core problem is how to achieve the notification of arithmetic routes under the distributed
control scheme, and the control and selection of routes based on the distributed control
scheme will generally be achieved by using appropriate routing protocols, so the problem
lies in what kind of routing protocols should be selected to achieve the notification of
arithmetic routes. Protocol to achieve the announcement of arithmetic routes.

4.1 Routing Protocol

Considering the introduction of arithmetic state information under the arithmetic-aware
power scheduling network, a scalable routing protocol should be selected to carry the
corresponding arithmetic state information to realise the arithmetic route announcement.

BGP is an autonomous system routing protocol running on TCP, with high scalability
and better route announcement performance.BGP runs on routers divided into two types,
IBGP and EBGP, which is different from IGP in that its purpose is not to discover and
compute routes, but to achieve route filtering and obtain the best routes by setting up
different route attributes. BGP refers to a variety of route policies to achieve the purpose
of flexible route control through routing policies, while BGP only publishes updated
routing information in real time to announce dynamic route changes in the network to
reduce the bandwidth used. BGP references a variety of routing policies, which can be
used to achieve the purpose of flexible routing control, and at the same time, BGP only
publishes updated routing information, releases dynamic routing changes in the network
in real time, and reduces the bandwidth used.The exchange of BGP routing information
is accomplished through the interaction of BGP speakers, and autonomous domains
(ASes) all designate a BGP spokesperson, who interacts with BGP speakers of other
ASes to exchange routing information. The responsibility of the BGP spokesperson is
to send BGP messages, and the BGP spokesperson of an AS can also be called a border
gateway or border router. It receives routing information on behalf of the AS in the
domain of other ASes or advertises the routing information updated by its own AS.

Border Gateway Protocol Link-State (BGP-LS) is a network topology information
collection technique that allows the BGP protocol to aggregate topology information
collected by IGP (e.g., OSPF or IS-IS) protocols and upload it to the upper layer con-
troller. This technique emerged primarily to address the topology information collection
problems of traditional IGP protocols in multi-domain or multi-AS (autonomous sys-
tem) environments, which include high computational power requirements for upper
layer controllers, incomplete cross-domain topology information, and complexity due
to multiple IGP protocols.
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The BGP-LS message format consists of two main parts: the BGP header and the BGP
data.The BGP header consists of the Marker, Length, and Type fields.The Marker field
takes up 16 bytes and is set to 1. The Length field takes up 2 bytes and indicates the length
of the entire BGP message.The Type field takes up 1 byte and identifies the type of BGP
message, such as Open, Keepalive, Update, and Notification.Each message has a fixed-
size header to determine whether the data portion is included after the message header,
depending on the type of message. The Type field takes up 1 byte and identifies the type
of BGP message, such as Open, Keepalive, Update, and Notification. Each message has
a fixed-size header, and it is based on the message type that you can determine whether
or not the data portion is included after the message header. The message header fields
are laid out as follows (Fig. 2):

«——— 16bytes ——M — >

Marker

Length | Type |

<— 2bytes —>< 1byte ->

Open

Keepalive
Update
Notification

Fig. 2. BGP-LS Message Format

BGP-LS uses the new BGP Network Layer Reachability Information (NLRI) encod-
ing format to describe node, link, and prefix information for IGP. This information is
propagated through BGP Update messages. The BGP-LS NLRIincludes the Node NLRI,
Link NLRI, and IPv4/IPv6 Topology Prefix NLRI types. Each NLRI type contains a
series of Type/Length/Value (TLV) triples to carry Node, Link, Route Prefix informa-
tion, IPv6 Route Prefix information, SRv6 SID Routing information and TE Policy
Routing information.

The Attribute of BGP-LS is an optional, non-passed BGP attribute used to carry
parameters and attributes for links, nodes and prefixes. These attributes are also encoded
in TLV format and should only be included with Link-State NLRIs.

In a real-world deployment, BGP-LS can pass topology information from IGP to
BGP by configuring the IGP protocol to integrate with BGP-LS. This way, external
components can connect to a BGP-LS router and obtain topology information about the
entire network for path computation and traffic engineering.

The BGP-LS message format and TLV encoding method provide a flexible and
scalable way to collect and distribute network topology information to support more
complex network management and optimisation strategies.
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4.2 BGP-LS Routing Rule

BGP-LS integrates route learning and routing policy into one, in which group attributes
are extended to ensure the reasonable use of the routing policy function. BGP-LS itself
does not do route calculation, but achieves route selection through rich routing rules.
Therefore, it is necessary to design suitable routing rules according to the business
requirements, i.e., to achieve routing control by setting reasonable routing policies. In
this paper, we mention that routing policies are more widely used, which can complete
the control of route announcement, reception, introduction of routes that satisfy the
conditions, etc.

5 Arithmetic Routing Mechanism

In the arithmetic-aware distributed routing control scheme for power scheduling network
mentioned in this paper, the arithmetic routing entry node periodically calculates the
optimal arithmetic routing exit nodes corresponding to different SIDs (connected to the
optimal computation service nodes) based on the state table of the power scheduling
network and the arithmetic state table by the arithmetic routing algorithm, and updates
the local arithmetic routing table. When the service request arrives, it is then forwarded
and scheduled according to the guidance of the local arithmetic routing table of the
nearest arithmetic routing entry node (Fig. 3).
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Fig. 3. AADRM-PDN flow chart

The arithmetic-aware power scheduling network aims to ensure the efficiency of
arithmetic utilisation by optimising the arithmetic resource allocation scheduling, and
at the same time guaranteeing the network performance metrics, which in turn improves
the service satisfaction of power users. The arithmetic awareness-based distributed rout-
ing mechanism for power dispatch networks (AADRM-PDN) proposed in this paper is
shown in the following figure, which aims to obtain the optimal scheduling node cor-
responding to each scheduling service through the input arithmetic state table, network
state table and service registry.
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Firstly, the initialisation of computing performance parameters and network perfor-
mance parameters is carried out, and then the service registry is traversed to ensure that
the optimal service nodes are calculated for different types of computing services, and
for the nodes that can provide the corresponding computing services, the surplus of the
computing performance of the service nodes is given priority and the service nodes with
better network performance are selected under the approximation of arithmetic state, and
the acquisition of the optimal nodes for computing services is completed by selecting
the generation with the help of the temporary variables in the service registry. The opti-
mal nodes for computing services are obtained by means of temporary variables, which
ensures that each computing service node in the arithmetic network has load-balancing
characteristics.

6 Experimental Validation

6.1 Simulation Environment

Arithmetic-aware network is oriented to various kinds of popular power services today,
and it must ensure load balancing while satisfying services with high arithmetic demand.
Avoid the situation that a single scheduling service node is overloaded while another
similar scheduling service node is idle, and maximise the balance of arithmetic power
utilisation. In this paper, in the arithmetic routing simulation, three types of service logos
are registered, in which Serverl and Serve3 both support 10.10.10.1 logo service, while
Serverl also supports 10.10.10.2 logo service. By deploying the worker helmet detection
application, the computational load profile of Serverl and Server3 is observed by increas-
ing the number of worker helmet detection request streams, where the computational
load profile only considers the CPU load.

6.2 Results of the Experiment
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Fig. 4. AADRM Load Balancing Simulation Results
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Figure 4 shows the CPU load changes of the scheduling service nodes in AADRM
that support the same kind of power scheduling service demand for the surge of service
request streams.It can be clearly seen that the loads of two scheduling service nodes,
Serverl and Server2, are staggered with the increase of the number of service request
streams, that is, the service order of the service request streams is alternating, and the
two Servers maintain a good computational resource surplus to ensure that the service
request streams respond to the service request streams at a very high speed and provide
the corresponding services, which also verifies that the AADRM under study has a good
load balancing capability. AADRM has good load-balancing capability.

In order to verify the impact of the AADRM proposed in this paper compared with the
shortest path scheduling on the satisfaction of service requests, based on the simulation
topology scenario of the power scheduling network constructed in this paper, the number
of service request flows is detected by setting up four different groups and the number
of satisfied users is counted. For a user, the user is defined as satisfied when and only
when it can correctly provide the required power service resource demand and meet the
maximum time delay of task processing, and the maximum time delay of task processing
for this experiment is set to 1 s. It is worth mentioning that the shortest path scheduling
algorithm in this experiment is to select the scheduling service node that can provide the
corresponding service with the ‘least number of hops’ to provide service for the user,
which can also be understood as the proximity scheduling.
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Fig. 5. Impact of different routing algorithms on user service satisfaction

As shown in Fig. 5, the AADRM studied in this paper improves user satisfaction
compared to shortest path scheduling, plans optimal scheduling resources for service
requests based on real-time arithmetic state, ensures arithmetic utilisation and avoids
waste of resources caused by excessive pressure on individual service nodes in case of
a large number of power scheduling service requests.
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7 Conclusion

In this paper, we propose an arithmetic-aware power scheduling network architecture
based on arithmetic awareness to address the limited arithmetic resources and scheduling
optimisation needs encountered in the rapid development of power IoT. The architecture
effectively solves the problems of single point of failure and excessive computational
burden that may be caused by traditional centralised routing through a distributed routing
control scheme. Further, the article introduces an arithmetic routing notification and
decision-making mechanism, which achieves more accurate and optimised routing and
scheduling decisions by sharing the arithmetic state information of each scheduling
service node. Verified by simulation experiments, the proposed mechanism not only
ensures the efficient use of arithmetic resources, but also meets the high satisfaction
requirements of power scheduling services. Overall, this research provides an innovative
solution for optimal allocation of arithmetic resources and intelligent scheduling in power
IoT, which is expected to promote the further development and application of smart grid.

Acknowledgement. This Paperis Supported by Research and Development of Common Platform
and Typical Application Products for Power Intelligent Terminal.
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Abstract. The advent of the Internet of Things (IoT) and smart grids has placed
significant strain on communication networks based on single-channel access
methods, such as power line communication (PLC) and wireless communica-
tion. These networks are unable to meet the demands of distribution systems.
The integration of communication between power lines and wireless channels can
yield complementary advantages and enhance the performance of communication
networks. In light of the discrepancies between PLC and wireless communication
with regard to transmission medium, data rate, and interference resistance, this
paper puts forth a dual-mode integrated communication method that fuses power
line carrier and wireless communication. At the physical layer, the employment
of orthogonal frequency-division multiplexing (OFDM) modulation technology
facilitates the achievement of signal diversity processing in both the power line
carrier communication channel and the wireless communication channel, thereby
ensuring the transmission of signals over both channels. At the media access
control (MAC) layer, a p-persistent CSMA algorithm is proposed as a means
of selecting the channel for signal transmission. This is intended to reduce the
probability of collisions through the use of backoftf mechanisms, thereby improv-
ing channel utilisation. The experimental results demonstrate that the proposed
method exhibits competitive performance in terms of throughput, delay, and other
metrics.

Keywords: Collaborative Communication - Orthogonal Frequency-Division
Multiplexing - Media Access Control

1 Introduction

The distribution system represents a critical component of the power network, respon-
sible for the delivery of electricity from substations to end-users. In this process, the
collection of information plays a pivotal role, involving the gathering of a range of data,
including voltage, current, power, and energy consumption. This data is of paramount
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importance for the monitoring and maintenance of the grid, ensuring the reliability of
the power supply. By utilizing smart meters, sensors, and other monitoring devices, the
distribution system can obtain real-time critical information and use data analysis to
enhance efficiency, prevent failures, and support decision-making.

Bidirectional, real-time, and reliable communication networks are essential for dis-
tribution systems. Power line communication (PLC) a are typically embedded within
walls, making them relatively secure and less prone to damage. However, the quality
of PLC communication can be variable due to factors such as line noise interference,
time-varying input impedance, and signal attenuation. The utilisation of wireless com-
munication, encompassing low-power wireless, Wi-Fi, wireless broadband and mobile
communications, offers a convenient solution that obviates the necessity for wiring. How-
ever, the quality of wireless communication can also be affected by a number of other
factors, including the frequency bands used, the geographic location of the transmission,
and the environmental conditions prevailing at the time. Furthermore, the attenuation of
wireless signals when encountering obstacles represents another significant challenge.
In the context of smart grid applications, the environment is complex, the requirements
for business support are diverse, and high reliability in transmission is demanded. No
single communication method can fully satisfy the requirements for the construction of
distribution system communication networks.

To ensure the reliability of distribution system communication networks, both
academia and industry consider the combination of power line and wireless technolo-
gies to be an effective means of overcoming the limitations of individual communication
modes. Integrated communication networks can leverage the strengths of each commu-
nication method to achieve cooperative gains and improve the performance of business
transmission in distribution networks.This paper proposes a dual-mode integrated com-
munication method with multiplexed access. At the physical layer, the method imple-
ments dual-mode integration of the power line channel and the wireless channel using
OFDM. At the Media Access Control (MAC) layer, a p-persistent CSMA algorithm is
designed. Under this algorithm, the device monitors the PLC channel and the wireless
communication channel at the same time to seek opportunities to send data packets.
Data can be transmitted on both channels and the probability of conflicts can be reduced
through the p-persistence mechanism.

2 Related Works

PLC technology can be categorised into narrowband, midband and broadband technolo-
gies according to frequency and rate. Narrowband PLCs are mainly used for low-rate
applications such as remote meter reading, while medium-band PLC technology is suit-
able for scenarios such as smart grids that require higher reliability and real-time per-
formance. Broadband PLC, on the other hand, offers higher data transmission rates and
is suitable for scenarios such as home broadband access.

In practice, PLC technology faces challenges such as complex grid environments,
severe noise interference, and high time variability. To improve the communication
quality, a variety of technical means are used, such as OFDM (Orthogonal Frequency
Division Multiplexing) technology, anti-noise technology, anti-channel fading and load
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variation technology. The application of these techniques makes PLC communication
more stable and efficient.

In order to improve the stability and efficiency of PLC communication, the key lies
in choosing a suitable communication protocol, such as Modbus, Profibus or Profinet,
to ensure high efficiency and reliability of data transmission. At the same time, design-
ing optimised communication interfaces and adopting efficient modulation techniques,
such as OFDM, can enhance interference immunity and data transmission rates. Ensur-
ing electromagnetic compatibility (EMC) is also an important measure to improve the
stability of the PLC system, which involves reducing electromagnetic interference and
power supply interference, as well as ensuring that the temperature and humidity of
the working environment are appropriate and avoiding the influence of pollutants and
corrosive gases. In addition, modular design of hardware and software helps to adapt to
changing communication standards and market opportunities. The use of high-quality
communication cables and equipment, as well as regular system maintenance and inspec-
tion, are also effective ways to ensure stable operation of PLC communications. Through
these combined measures, the overall performance and reliability of a PLC system can
be significantly improved.

PLC and wireless communication have been widely applied in distribution systems.
In recent years, considerable research has focused on the collaborative operation of PLC
and wireless communication. Gonzalez et al. [1] proposes a combined communication
approach that integrates PLC and wireless communication, demonstrating its feasibil-
ity. Sayed et al. [2] investigates the interference resistance of hybrid PLC and wireless
communication systems from the perspective of signal interference, suggesting the uti-
lization of signal diversity between the power line and wireless links to enhance system
robustness. Due to the different transmission media and significant differences in signal
frequencies [3], it is challenging to achieve fusion at the physical layer between PLC and
wireless communication. WANG et al. [4] presents a physical-layer fusion method based
on signal-to-noise ratio (SNR) preference for PLC and wireless communication, where
the receiver selects the higher SNR signal among the two paths, which results in under-
utilization of resources. The IEEE 802.11 standard [5] provides detailed specifications
for the MAC layer and physical layer for local area networks. The IEEE 1901 standard
[6] for PLC uses OFDM technology at specifies CSMA/CA and TDMA protocols at the
MAC layer, enabling transmission rates of up to 200 Mbps and higher, thus supporting
high-speed transmission in various scenarios. The IEEE 1905 standard [7] introduces a
virtual MAC layer architecture that establishes an abstraction layer between the logical
link layer and the media access layer to integrate Ethernet, wireless LAN, power line
carrier, and coaxial cable communication technologies. Chen et al. [8] proposes a selec-
tive algorithm based on the CSMA/CA protocol and utilizes state decomposition and
Markov models to analyze the system performance of dual-medium cooperative com-
munication at the MAC layer. However, this algorithm is designed for a first idle-first
contention scheme, where a station can attempt to transmit a packet as soon as only
one of the backoff counters reaches zero. Furthermore, the algorithm is computationally
complex, requiring iterative solutions to equation sets.
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3 Power Line Carrier and Wireless Dual-Mode Integrated
Communication Method

This paper considers a model of a collaborative communication system based on PLC
and wireless communication, as shown in Fig. 1. The model includes N devices, each
equipped with both PLC and wireless interfaces and using the same access algorithm.
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Fig. 1. Model of a Collaborative Communication System Based on Power Line and Wireless
Communication

The comprehensive communication process proposed in this paper for the integration
of power line and wireless communication in distribution systems starts at the sender
and traverses the communication protocols at each layer to convey information to the
application layer of the receiver. The sequence of data flow at the transmitter end is as
follows: the application layer of the integrated dual-mode system, the network layer, the
medium access control (MAC) layer and the physical layer. Conversely, the sequence of
data flow at the receiving end is: the physical layer of the dual-mode integrated system,
the MAC layer, the network layer and the application layer. The physical layer of the
dual-mode integrated system provides the physical medium connections and pathways
for data transmission in the distribution system communication. These include both
wired and wireless media, and the layer continuously converts the transmitted ‘0’ and
‘1’ bit streams into physical signals and vice versa. The MAC layer of the dual-mode
integrated system bears the primary responsibility for framing and deframing the “0”
and “1” bit streams from the physical layer, while also providing access methods for
the shared dual-mode medium. The objective of the network layer of the dual-mode
integrated system is to facilitate transparent end-to-end data transmission within the
communication system. This is typically achieved through the implementation of spe-
cific functions, including addressing, routing selection, and path maintenance, which
collectively enable the delivery of the services associated with the dual-mode integrated
network layer. The application layer of the dual-mode integrated system provides an
interface between the application service programs and the underlying network layer
for message transmission, functioning as both the initial point of contact and the final
destination within a comprehensive dual-mode integrated communication process.

The dual-mode integrated communication method for distribution systems, as pro-
posed in this paper, entails the processing of input signals by the physical layer for both
the power line carrier communication channel and the wireless communication channel.
This is achieved through the utilisation of Orthogonal Frequency Division Multiplexing
(OFDM) modulation technology, with the resulting signals then being output. At present,
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power line carrier communication in distribution systems utilises OFDM-based physi-
cal layer modulation signal technology. Additionally, there are numerous OFDM-based
wireless communication technologies available, including Wi-Fi and 4G. In the context
of advanced distribution system communication networks, the adoption of Orthogonal
Frequency Division Multiplexing (OFDM) as a modulation technique presents a unique
opportunity for the seamless integration of power line carrier communication (PLCC)
with wireless communication channels. By leveraging the same OFDM technology for
both channels, a novel physical layer integration approach can be conceptualized, as
depicted in Fig. 2. This approach harnesses the concept of spatial diversity for OFDM
signals, enabling a dual-mode communication paradigm that synergizes PLCC with
wireless channels.

The integration process commences with the OFDM modulation of the input signal,
which is then simultaneously transmitted across both the wireless and PLCC channels.
This dual-channel transmission ensures that the signal is not only propagated through
the conventional wireless medium but also through the power line infrastructure, thereby
creating a redundant and robust communication pathway. The essence of this strategy
lies in the replication of the input signal across two distinct spatial domains, enhancing
the signal’s resilience against channel-specific impairments and interference.

Upon reaching the receiver, the signals intercepted from both the wireless and PLCC
channels are subjected to a sophisticated diversity combining algorithm. This process
intelligently amalgamates the received signals, capitalizing on the spatial diversity to
mitigate the effects of fading, noise, and other channel-induced distortions. The com-
bined signal, which is a result of this synergistic integration, is then demodulated using
OFDM techniques, allowing for the accurate reconstruction of the original information.

This dual-mode integration strategy not only enhances the reliability and robustness
of the communication system but also optimizes the spectral efficiency by leveraging
the inherent advantages of OFDM modulation. The method’s innovative application of
spatial diversity in the context of OFDM signals presents a significant advancement in
the field of distribution system communication networks, offering a promising solution
for future smart grid and IoT applications where reliability and efficiency are paramount.
In summary, the proposed integration method represents a forward-thinking approach
to communication system design, where the convergence of PLCC and wireless com-
munication channels is achieved through the strategic application of OFDM modulation
and spatial diversity techniques. This research contributes to the body of knowledge in
the field, providing a foundation for further exploration and development of advanced
communication strategies that can meet the demands of evolving power distribution
networks.

In the realm of dual-medium communication systems, devices are endowed with
the capability to operate over both power line and wireless interfaces, thus enabling
concurrent access contention on these distinct channels. At the MAC layer, these devices
adhere to the protocols specified by IEEE 1901 for power line communication and
IEEE 802.11 for wireless communication, respectively. To augment channel efficiency,
a p-persistent Carrier Sense Multiple Access (CSMA) algorithm has been ingeniously
crafted, embracing the principles of spatial diversity for OFDM signals.



114 X. Feng et al.

Output
information
Input OFDM
information Demodulation
OFDM Diversity
modulation Power line merging

| channel |

Wireless channel

Fig. 2. OFDM-based physical layer signal modulation

This algorithm is orchestrated by a quintet of counters: BPC1, BPC2, BC1, BC2, and
DC, which meticulously manage the backoff process. Specifically, BPC1, BC1, and DC
are designated for the power line channel, serving as the backoff stage counter, backoff
counter, and delay counter, respectively. In parallel, BPC2 and BC2 fulfill analogous
roles for the wireless channel. Upon successfully securing access to a channel, such as
the power line channel, within an allocated time slot, the device proceeds to transmit
data over that medium, while the wireless channel remains poised for access by other
devices. This strategic approach ensures the comprehensive utilization of both channels,
thereby amplifying the system’s performance.

In accordance with the algorithm, when a device is poised to transmit packets, it
initiates the counters and embarks on the backoff process. It is postulated that the backoff
processes on both channels operate independently, without cross-interference. Upon
achieving a successful transmission, all counters are reset, thus resetting the device’s state
for subsequent communication cycles. The intricacies of the dual-channel p-persistent
CSMA algorithm are delineated in Algorithm 1, providing a comprehensive framework
for efficient channel access in dual-medium communication systems.

This approach not only enhances the reliability and robustness of the communication
system but also optimizes spectral efficiency by leveraging the inherent advantages of
OFDM modulation and the strategic employment of spatial diversity techniques. The
integration of these advanced communication strategies paves the way for future-proof
smart grid and IoT applications, where the demand for high reliability and efficiency is
paramount.
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Algorithm 1:Dual-Channel p-Persistent CSMA Algorithm

1. Step 1: Devices set BPC1 and BPC2 to 0, indicating the current backoff stage
is 0. BC1 and BC2 are initialized to random values within their respective
backoff windows. DC is assigned an empirical value.

2. Step 2: Devices simultaneously monitor both the power line and wireless
communication channels. If a channel is detected as busy, the corresponding
BC counter is frozen; if the channel is sensed as idle in the current time slot,
the BC value for that channel is decremented by one.

3. Step 3: When BC1 or BC2 reaches zero, the device attempts to send a packet
over the corresponding channel with probability p, and with probability 1 — p
delays the transmission for one time slot before attempting again with proba-
bility pp. Other devices continue to compete for the other channel. In the event
of a collision, the backoff stage counter BPC for the collided channel is incre-
mented, moving the device to the next backoff stage, and the BC counter is
reinitialized to a random value within the new backoff window. The process
then returns to Step 2

4. Step 4: If both BC1 and BC2 reach zero at the same time, the device randomly
selects one channel and attempts to send a packet with probability p, and with
probability 1 — p delays the transmission for one time slot. The other channel
continues to be used by other devices. In the event of a collision on the se-
lected channel, the BPC, BC, and DC counters for that channel are updated,
and the process returns to Step 2.

5. Step 5: Upon receiving an ACK signal, the device stops contending for the
channel, indicating a successful packet transmission.

When a device successfully transmits a data packet, it is crucial to immediately
initialize all five counters to ensure the system’s readiness for the next transmission.
This step is essential for maintaining overall fairness in the network and minimizing the
coupling effect between different devices. If only the counters associated with the suc-
cessfully transmitted packet are reset, the remaining counters could disrupt the system’s
fairness, leading to imbalanced resource allocation and potential communication delays.

The p-persistent Carrier Sense Multiple Access (CSMA) mechanism plays a vital role
in reducing data conflicts compared to the traditional CSMA algorithm. This improve-
ment is particularly significant for enhancing system capacity and reliability. By con-
trolling when a device is allowed to transmit data based on a probability p, the p-
persistent CSMA reduces the likelihood of collisions and ensures more efficient use of
the communication channel.

The performance of the p-persistent CSMA algorithm is heavily influenced by the
setting of the probability p. If p is set too high, multiple devices may attempt to trans-
mit simultaneously, leading to increased collisions and reduced system performance.
Conversely, if p is set too low, devices may wait unnecessarily long before transmitting,
which can also degrade performance. Therefore, the value of p is typically adjusted
dynamically according to the state of the communication network. Factors such as net-
work load, traffic patterns, and the number of active devices are considered when setting
p to optimize the balance between minimizing collisions and maximizing throughput.
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This adaptive adjustment helps the system to operate efficiently under varying network
conditions, thereby improving overall communication performance.

4 Experiments

In this chapter, MATLAB is employed for the analysis of the power line carrier and
wireless dual-mode integrated communication method, with a view to verifying the per-
formance of the aforementioned method. The simulation scenario represents a fusion
of power line carrier communication and micro-power wireless communication. It is
assumed that the device will not lose packets at the physical layer, and that collisions are
caused by multiple devices transmitting simultaneously. In order to facilitate compari-
son, throughput and latency have been selected as the key indicators. The PLC method
and wireless communication method have been identified as the comparison methods.
The maximum backoff stage of both the wireless communication channel and the PLC
channel is set to 3. In order to control the performance of the two channels to be as close
as possible, the backoff window value of the PLC channel is set to CW1 = [8, 16, 32,
64], the backoff window value of the PLC channel is set to CW2 = [32, 64, 128, 256],
and the PLC channel delay counter DC = [0, 1, 3, 15]. The average length of each data
packet of the station is set to 8184 bits, the channel rate is set to 1 Mbit/s, the time slot
is set to 50us, and other parameter settings are consistent with the IEEE 1901 and IEEE
802.11 standards. The p value of the p-persistence mechanism is set to 80%.
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Figure 3 analyzes the trend of throughput changes with the number of accessing
devices in the dual-medium communication system model, using the single wireless com-
munication method and the single PLC method as comparative methods. It is observed
that the throughput of the dual-mode integrated communication method is significantly
higher than that of the single wireless communication method and the single PLC method.
This is because in the multiplexed access algorithm, devices do not need to wait for both
backoff counters to reach zero, making it easier for the device’s backoff counters to reach
zero and increasing the probability of the device winning the channel. Moreover, during
the transmission process, a device occupies only one channel, while the other channel
remains available for use by other devices. Therefore, the resources of both channels
can be fully utilized, improving the throughput performance.
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Fig. 4. Comparison of latency under various methods

Figure 4 presents an analysis of the trend of delay changes in the context of the dual-
medium communication system model, with the single wireless communication method
and the single PLC method serving as comparative benchmarks. It can be observed that as
the number of devices increases, the delay for all methods demonstrates an upward trend.
This is due to the fact that an increase in the number of devices increases the probability of
conflicts. Nevertheless, the delay of the dual-mode integrated communication method
is considerably less than that of the single wireless communication method and the
single PLC method. The utilisation of parallel communication over dual channels has
been demonstrated to markedly enhance communication efficiency. Furthermore, the
configuration that enables devices to probabilistically transmit data upon reaching zero
backoff counters serves to further reduce the probability of conflicts.
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5 Conclusion

This paper puts forth a dual-mode integrated communication method that fuses power
line carrier and wireless communication. At the physical layer, the method employs space
diversity processing of input signals for both the power line carrier communication chan-
nel and the wireless communication channel, utilising OFDM, and subsequently outputs
the processed signals. At the Media Access Control (MAC) layer, a multiplexed access
algorithm based on both power line and wireless media is proposed. This allows devices
to randomly transmit data packets across both channels, thereby improving system per-
formance and channel utilisation. The method presented in this paper achieves heteroge-
neous integration of power line and wireless networks, optimises network performance,
and enhances the success rate of data collection.
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Abstract. Smart terminals, with their portability and powerful computing capa-
bilities, have been widely applied across various fields. They are particularly preva-
lent in new power systems, where they are extensively used for tasks such as equip-
ment monitoring, data collection, and remote control. These application scenarios
demand enhanced storage and data processing capabilities from databases. Given
the increasingly complex deployment scenarios, smart terminals face challenges
such as large data volumes, diverse data types, limited storage space, and con-
strained processing performance. Efficiently storing and processing large amounts
of data under resource constraints has become a significant challenge. This paper
investigates high-performance database storage technologies tailored for smart ter-
minals and proposes an integrated database storage architecture and optimisation
scheme that adapts to the characteristics of the smart terminal environment. We
have developed a database framework specifically designed for the data process-
ing characteristics of smart terminals, employing lightweight rule engine-based
data cleaning techniques and the FVD-SDT algorithm-based data compression
technology. Experimental results demonstrate that the proposed methods signifi-
cantly improve storage space utilization and data processing efficiency, providing
technical support for the application of smart terminals in new power systems,
industrial IoT, and similar scenarios.

Keywords: Smart Terminal - Data Cleaning - Data Compression

1 Introduction

Smart terminals are highly integrated devices equipped with various functions, includ-
ing data processing, communication, and control, making them a critical component
of new power systems. They are responsible for generating and collecting most of the
data within these systems. Typically, smart terminals utilize embedded system technolo-
gies, combining software and hardware to enable various power applications [1]. The
widespread use of smart terminals has significantly enhanced the real-time processing
and reliability of data in new power systems and other IoT environments. However, this
has also raised the performance requirements for database systems deployed on smart
terminals.
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As database technology has evolved, particularly with the widespread adoption of
embedded databases, databases have become an indispensable part of smart terminals.
These databases must possess efficient data storage and processing capabilities to address
the challenges posed by resource-constrained environments [2]. In particular, databases
deployed on smart terminals must support high concurrency processing, low latency
response, multi-language support, robust data compression and storage optimisation to
meet the complex requirements of power smart terminals.However, power smart ter-
minals often encounter a series of challenges in practical applications, such as large
data volumes, diverse data types, limited storage space, and constrained processing per-
formance. These challenges make it difficult for traditional database technologies to
operate efficiently in smart terminal environments. Consequently, the requirements for
databases in power smart terminals have become more stringent. Not only must these
databases support efficient storage and processing of massive amounts of data, but they
must also provide fast data access and robust data compression capabilities to maximize
the utilization of limited system resources.

To address these issues, researchers have begun to explore database optimisation
technologies tailored to the power smart terminal environment. Some researchers have
opted to trim the functional modules of traditional databases to meet the data process-
ing and storage needs of smart terminals in specific environments with lower resource
consumption. To address the limited storage space in smart terminals, other researchers
have applied data compression techniques to large files or bulk data storage. The aim
of these studies is to improve the performance of smart terminal databases to meet the
requirements of smart terminals in power systems.Based on the aforementioned back-
ground and challenges, this paper investigates high-performance database storage tech-
nologies for power smart terminals. Our focus is on enhancing data storage and access
performance within the resource-constrained environment of smart terminals, providing
robust support for their application in new power systems. Our specific contributions are
as follows:

(1) We designed a database framework tailored to the smart terminal environment that
effectively addresses the need for efficient data processing in resource-constrained
settings.

(2) We proposed a lightweight rule engine-based data cleaning technique, which,
through modular design and customizable rule configuration, significantly improves
the efficiency and flexibility of data cleaning.

(3) We developed an FVD-SDT-based data compression technology that incorporates
a dynamic adjustment mechanism to optimize the data compression ratio and
efficiency, thereby enhancing storage space utilization and data integrity.

2 Related Works

2.1 Embedded Databases

Due to their compact design and low resource consumption, embedded databases are
widely used in smart terminals, [oT devices, and mobile devices, with the goal of oper-
ating efficiently in resource-constrained environments. In recent years, researchers have
focused on enhancing the performance of embedded databases, particularly in terms of
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high-concurrency processing and cross-language support in smart terminal applications.
Some research has concentrated on trimming and optimizing database system functions
to address the storage and computational resource limitations of smart terminals. For
instance, certain studies have explored designing specialized databases for specific data
scenarios. For example, paper [3] utilizes the graph database Neo4j to store a knowl-
edge graph of the power grid model, leveraging the advantages of graph databases in
handling complex network relationships. Other studies have designed data conversion
tools to enhance database flexibility and accommodate data access needs in various
application scenarios. Paper [4] introduces a tool called FlexiDC, a computerized tool
that handles the conversion between different types and formats of databases, reducing
the costs and time required for database enhancement, migration, integration, conver-
sion, and new development, thereby helping users better manage the evolving demands
of existing databases. These research outcomes provide more lightweight and efficient
database solutions for smart terminals.

2.2 Data Cleaning Technology

Data cleaning technology plays a crucial role in improving data quality and reducing
anomalies and noise. In recent years, there has been an increasing focus on research
related to the complex data environments of power smart terminals. Some researchers
have proposed rule-based or state-based cleaning algorithms to improve data consistency
and accuracy. For example, paper [5] proposes a spatiotemporal correlation constraint-
based method for cleaning power grid operational data to address the issues of poor
convergence, high computational complexity, and difficulty in effectively handling sig-
nificant error data found in traditional state estimation-based data cleaning methods
when dealing with large-scale data. Paper [6] suggests performing targeted data clean-
ing steps before conducting association rule analysis by setting reasonable thresholds
for support, confidence, and filtering to identify and remove anomalous data. Addition-
ally, other studies have explored how to dynamically optimize the data cleaning process
by incorporating machine learning techniques. Paper [7] applies a Deep Q-Network
(DQN) in the feature selection process for multi-source data, using the DQN approach
to automatically learn and optimize the feature selection strategy, thereby improving the
efficiency and effectiveness of data cleaning.

2.3 Data Compression Technology

Data compression technology is critically important in various scenarios, especially in
environments with limited storage and transmission resources, such as power smart
terminals, IoT devices, and embedded systems. Through compression techniques, data
storage space can be effectively reduced, transmission bandwidth requirements lowered,
and overall system performance enhanced. Data compression can be categorized into
two main types: lossless compression and lossy compression. Lossless compression
retains all the original data during compression and decompression, making it highly
suitable for applications where data accuracy is paramount, such as financial data storage
and medical image storage. Common lossless compression algorithms include Huffman
coding, LZ77, and SNAPPY compression [8]. Lossy compression, on the other hand,
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achieves a higher compression ratio by discarding some data, which is suitable for
scenarios where data accuracy is less critical, such as audio and video compression or
environmental monitoring data compression [9]. In these scenarios, slight data loss does
not significantly affect usability. Typical lossy compression algorithms include JPEG,
MP3, and the SDT compression algorithm [10], where the SDT algorithm constructs
parallelograms to select and retain key data points, achieving a high compression ratio
when data changes are minimal.

Although the above works provide a detailed discussion of embedded databases, data
cleansing techniques and data compression techniques, it lacks an in-depth analysis of
the practical effects and applicable scenarios of data cleansing techniques; while the data
compression techniques section distinguishes between lossless and lossy compression,
it lacks an adequate description of the specific implementation and optimisation details
of SDT compression algorithms.

3 Database High-Performance Storage Solution for Smart
Terminals

3.1 Database Functional Framework

To meet the data storage requirements in smart terminal environments, this paper pro-
poses a database design solution tailored for smart terminals, which aims to improve the
storage performance of databases within the smart terminal operating environment. The
framework is designed with a strong emphasis on optimising data processing capabilities
and storage performance to ensure efficient operation in complex application scenarios,
while taking into account the resource constraints typical of smart terminals.

Database for Terminal

Interface SQL API ‘ \ Restful Open API
Dat

-~ ‘ Rule Engine ‘ ‘ Filter Validation
Cleaning
Data

Compression FVD-SDT Compression

Fig. 1. Database Functional Framework

As shown in Fig. 1. The database functional framework is composed of the following
core modules:
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Data Access Engine: The data access engine supports multiple programming lan-
guages, including C, C++, Go, and Java, by extending the SQL API, providing a uni-
fied SQL data operation service. This multi-language access engine ensures seamless
data interaction across different applications within the smart terminal. Additionally, a
Restful-style OpenAPI interface is designed, allowing users to customize the data trans-
mission protocol type (e.g., text, binary, JSON) between the client and server, according
to the requirements of different scenarios.

Data Cleaning Module: The data cleaning module is a critical component of the
smart terminal database functional framework. It is responsible for ensuring data quality
throughout the entire process, from data collection to storage. To address common data
quality issues in smart terminal environments—such as data noise, missing values, and
duplicate data—this module integrates various cleaning algorithms, including duplicate
value processing and outlier detection. The data cleaning module ensures the accuracy
and consistency of the data stored in the database, thereby enhancing the reliability of
data processing.

Data Compression Module: The data compression module is designed to opti-
mize the limited storage resources and data transmission efficiency of smart terminals.
Embedded databases often need to handle large volumes of sensor data, log data, and
more. The use of efficient data compression algorithms can significantly reduce storage
requirements and communication bandwidth. The data compression module supports an
innovative data compression scheme based on the FVD-SDT (Flow Variability Degree-
Swing Door Trending) algorithm, tailored to meet the varying precision needs of data
compression in different scenarios.

Through its modular design, the database functional framework flexibly addresses
the diverse needs of smart terminal environments. The data access engine ensures
multi-language support and efficient data interaction, while the data cleaning and data
compression modules provide essential data preprocessing and storage optimization
techniques.

3.2 Data Cleaning Technology for Smart Terminal Databases Based
on Lightweight Rule Engine

In the context of database storage for power smart terminals, data cleaning is a critical
technology to ensure data quality and system performance. As smart terminals become
more widely used, data collection processes are prone to various issues, such as sensor
failures, network delays, formatting errors, and duplicate data, leading to degraded data
quality. Uncleaned raw data can result in wasted storage space, reduced system per-
formance, and even decision-making errors. Therefore, designing an efficient database
data cleaning solution is of paramount importance. This paper introduces a data clean-
ing technology based on a lightweight rule engine, which ensures data accuracy and
reliability in environments with limited computing resources. As shown in Fig. 2. The
proposed rule engine for smart terminal databases comprises the following functional
modules:

Data Deduplication Module: In the mass data collection process of smart terminals,
duplicate data issues can lead to wasted storage space and reduced data quality. To address
this, the rule engine is equipped with a data deduplication module, which by default uses
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a Bloom Filter as the deduplication rule. The advantage of the Bloom Filter lies in its abil-
ity to perform efficient deduplication operations with minimal memory usage. Although
it may have a certain false positive rate, its extremely low memory consumption and
fast query performance make it highly suitable for resource-constrained smart termi-
nal environments. Additionally, the data deduplication module can be replaced with
other deduplication technologies, such as Roaring Bitmap, hash functions, fingerprint
recognition, or similarity metrics, depending on the application scenario of the smart

terminal.
/ Rule Engine original data

Bloom Filter

Rule

Configuration Rule Loading

Pattern
Matching format data

S /

Fig. 2. The rule engine function module

Validation

Rule Configuration Module: In the lightweight rule engine, users can configure
different rules according to the data scenarios faced by smart terminals to achieve per-
sonalized data cleaning. The rule configuration module allows operators to customize
the complexity of the rules and the application scenarios based on actual needs, ensuring
that the system can operate under different resource conditions.

Rule Loading Module: To further improve system efficiency, the lightweight rule
engine includes a rule loading module. For more complex pattern matching rules, the
system can preload or precompile them to avoid frequent pattern parsing during runtime,
thus reducing unnecessary computational overhead. The rule loading module ensures the
stability and efficiency of the system during operation, particularly in resource-limited
smart terminal environments.

Rule-Based Validation Module: The rule-based validation module is one of the
core components of the lightweight rule engine, primarily used to verify the format of
collected data to ensure its integrity, consistency, and parsability. This module checks
each data entry against a pre-defined set of rules to ensure it meets the required format
standards. Validation typically includes data type checks, data range validation, and data
dependency validation. Additionally, to adapt to the diverse needs of smart terminals, the
rule-based validation module can be flexibly configured based on different deployment
scenarios. For example, in a high-frequency data collection environment, validation rules
can be optimized to reduce system resource consumption.
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Pattern Matching Module: The pattern matching module is another critical function
of the lightweight rule engine, used to identify and process complex data patterns. In
the data collection process of power smart terminals, data often exhibits periodicity,
repetition, and regularity. Therefore, the pattern matching module can help identify
anomalies and predefined patterns in the data, such as sudden fluctuations in power load
or daily cyclical changes. Traditional pattern matching methods often rely on complex
algorithms and significant computational resources, which are limited in smart terminals.
To address this, the proposed pattern matching module uses regular expression-based
pattern matching algorithms to reduce computational overhead.

Traditional rule engines are feature-rich but come with high computational and
resource costs. To accommodate the resource constraints of smart terminals, the pro-
posed lightweight rule engine trims down traditional rule engine functionalities, focusing
on essential data cleaning functions while eliminating complex inference and multi-
layer rule processing. The lightweight rule engine adopts a modular design, allow-
ing each functional module to be flexibly adjusted according to different deploy-
ment environments and data characteristics, ensuring efficient and stable operation in
resource-constrained environments.

original data format data
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Fig. 3. Rules engine workflows

In Fig. 3, the operation mode of the lightweight rule engine follows these steps:

Data Deduplication: First, the system uses the data deduplication module (e.g.,
Bloom Filter) to remove duplicate data from the collected data, reducing storage space
usage and improving data quality.

Reading Rule Configuration Information: Next, the rule engine reads and loads
the predefined rule configuration information. This process includes obtaining the user-
defined rule set from the rule configuration module and precompiling or preloading it
through the rule loading module to improve the efficiency of subsequent data processing.

Rule-Based Validation and Pattern Matching: Finally, the system applies the
rule-based validation and pattern matching modules to further process the data. The
rule-based validation module ensures that the data meets the predefined format and
dependency requirements, while the pattern matching module identifies and processes
anomalies and specific patterns in the data, ensuring its accuracy and consistency.
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In practical applications, users can modify the data processing flow of the lightweight
rule engine based on the specific data scenarios they face. For example, the “Data Dedu-
plication Module” can be omitted in scenarios where duplicate data rarely occurs, and
the process can end after deduplication in cases where anomalies are rare. This flexi-
ble design allows the lightweight rule engine to be freely deployed in different smart
terminal environments, meeting various personalized needs.

In summary, the lightweight rule engine successfully implements efficient data clean-
ing in power smart terminal environments through modular design and targeted opti-
mization. The engine simplifies the operation process while retaining key functions,
offering high flexibility and adaptability, and providing reliable data cleaning support
for smart terminal databases.

3.3 Data Compression Technology for Smart Terminals Based on FVD-SDT

Smart terminals need to process large amounts of sensor data, log data and status infor-
mation. Given the limited storage and computing resources of these devices, selecting
the right data compression technology is critical to achieving high performance stor-
age.The Swing Door Trending compression algorithm is a lossy compression technique
based on linear fitting, primarily used to reduce redundancy in data storage. It achieves
data compression by constructing parallelograms to select and retain key data points.
As shown in Fig. 4, point A is the starting point of the first compression segment. At
a vertical distance of E (compression deviation) from point A, two support points are
set, and a parallelogram is constructed that includes points A and B. Since the parallel-
ogram only includes points A and B, the line segment AB cannot form a compression
segment, meaning the compression process is not yet complete. Next, the line segment
AC is evaluated. It is found that the parallelogram constructed with a side length of twice
the compression deviation (2E) and containing points A and C includes all data points
between A and C. If the parallelogram constructed with points A and D does not include
point C, then the line segment AC forms the first compression segment, saving points A
and C and discarding point B. The next compression segment begins with point D, and
the process continues until all data points are traversed.

The SDT algorithm has a low computational complexity, and the compression devi-
ation can be controlled by the threshold value E, which influences the construction of the
parallelogram by determining its side length. However, once the threshold value E is set,
it cannot be changed throughout the compression process, leading to poor controllability.
If the data collected by the smart terminal exhibits strong periodicity, this can result in
wasted computational and storage resources. To address this, this paper introduces Flow
Variability Degree (FVD) to dynamically adjust the compression deviation E, proposing
a data compression algorithm based on FVD-SDT. The method of adjusting the SDT
compression using FVD is as follows:

(1) Extracting Data for a Time Period and Calculating the Deviation. Let §; be the
deviation of the i-th data point, x; the value of the data point, and p the mean of the
dataset.

8i = |xi — ul (D
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Fig. 4. Swing Door Trending compression algorithm

(2) Calculating FVD: Let N be the total number of data points, and § be the mean
deviation.

1 & (85 -5)
FVD = — - 2
N Z ( 8 ) @
i=1
(3) Updating Compression Deviation E: Let Ey be the base compression deviation, and
o be an adjustment parameter that controls the sensitivity of E to changes in FVD.

E=Eyx (1 +a=*xFVD) 3)

(4) Applying the Updated E as the SDT Compression Deviation: The input data is
divided into multiple segments, each containing a series of data points. Within each
segment, a data point is chosen as the starting point, and a parallelogram is con-
structed using this point and another point. In each segment, the algorithm gradually
checks whether a new parallelogram can include more data points. If a data point is
found outside the current parallelogram, that point is saved, and a new compression
segment begins.

The variability of data is measured by calculating the variance of the deviation of
data points relative to the mean deviation. FVD reflects the extent to which individual
data points deviate from average behavior within the dataset. A high FVD indicates sig-
nificant variation in the data flow, requiring the compression algorithm to discard data
more conservatively, thus reducing the compression deviation E. This ensures that fewer
data points are discarded to capture important changes. Conversely, alow FVD indicates
arelatively stable data stream with minimal variation. In this case, the compression devi-
ation E can be increased, allowing more data points to be discarded, thereby improving
the compression ratio without significantly affecting data integrity. The FVD-SDT algo-
rithm optimizes data compression performance by combining the Swing Door Trending
compression technique with an adaptive adjustment mechanism. By introducing Flow
Variability Degree as a basis for dynamic adjustment, the algorithm can flexibly adjust
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the compression deviation E, enhancing both compression efficiency and data quality.
Compared to the original SDT algorithm, FVD-SDT performs better when handling
different data characteristics, providing a more efficient and applicable solution for data
compression in smart terminal environments.

4 Experimental Validation

4.1 Simulation Environment

To validate the practical application effectiveness of the proposed high-performance
database storage solution for smart terminals, a series of simulation experiments were
designed. Considering the background that smart terminals need to handle large volumes
of sensor data, log data, and status information while operating with limited storage and
computing resources, an embedded development platform was chosen as the simulation
environment to mimic actual smart terminal operations.

To evaluate the performance of the FVD-SDT algorithm, experiments were designed
based on three key simulation metrics: Compression Ratio (CR), Mean Compression
Error (MCE), and Compression Time (CT).

CR: The compression ratio is one of the fundamental metrics for measuring the
effectiveness of data compression, representing the ratio of the data size after compres-
sion to the data size before compression. A higher compression ratio indicates better
compression performance.

Original Data Size

CR = -
Compressed Data Size

“4)

MCE: The mean compression error reflects the average deviation between the com-
pressed and decompressed data points and the original data points, indicating the extent
of information loss during compression. A smaller MCE suggests that the data compres-
sion has a minimal impact on the original data, ensuring higher data fidelity. Let x; be
the original data point, x; be the decompressed data point, and N be the total number of
data points.

N
MCE = }V >, i =il 5)

CT: Compression time refers to the time required to complete the data compression
process, reflecting the computational efficiency of the compression algorithm. A shorter
compression time indicates that the algorithm is more suitable for use in resource-
constrained environments.

The FVD-SDT algorithm was compared with the original SDT algorithm and two
other adaptive adjustment deviation (AAD) SDT algorithms. The first variant, referred
to as AAD-SDT1 [11], adjusts the compression deviation E based on the comparison
between the length of each compression interval and an interval length threshold (ILT).
The second variant, referred to as AAD-SDT2 [12], adjusts the compression deviation
E based on the comparison between the actual mean error of the compression and the
expected mean error (EME). The dataset used for the experiments was an industrial sen-
sor network dataset consisting of 15,000 data points. The initial compression deviation
E was set to 5, with AAD-SDT1’s ILT set to 20, and AAD-SDT2’s EME set to 2.5.
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4.2 Results of the Experiment
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Fig. 5. Comparison of compression ratios

Figure 5 illustrates the compression ratio results of the four algorithms. It can be
observed that the AAD-SDT?2 algorithm exhibits the highest compression ratio, while
the other algorithms also demonstrate strong performance in this metric. The FVD-SDT
algorithm achieves a higher compression ratio than the original SDT algorithm due to
its ability to increase compression efficiency in low flow variability scenarios.
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Fig. 6. Comparison of Mean Compression Error

Figure 6 shows the comparison of mean compression errors across the four algo-
rithms. The FVD-SDT algorithm exhibits the lowest MCE, indicating that it retains
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the highest data fidelity by losing the least amount of data during compression. This
is because the FVD-SDT algorithm dynamically adjusts the compression deviation E,
more accurately preserving the original characteristics of the data.
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Fig. 7. Comparison of compression Time

Figure 7 presents the compression time results for the four algorithms. Although
the AAD-SDT2 algorithm excels in compression ratio, its compression time is sig-
nificantly higher than that of the other algorithms. The FVD-SDT algorithm, while
maintaining a high compression ratio and low error, achieves a relatively short compres-
sion time, demonstrating its suitability for use in resource-constrained smart terminal
environments.

By analyzing the experimental data, the FVD-SDT algorithm shows clear advan-
tages in smart terminal data compression. In terms of compression ratio, the FVD-SDT
algorithm improves by 23.5% compared to the SDT algorithm. In terms of mean com-
pression error, the FVD-SDT algorithm reduces it by 26.3%, significantly enhancing data
fidelity. Regarding compression time, the FVD-SDT algorithm only takes 3ms longer
than the SDT algorithm, but its computational efficiency is far superior to the AAD-
SDT?2 algorithm. These results indicate that the FVD-SDT algorithm achieves a good
balance between data quality and compression efficiency, making it an effective data
compression technology suitable for smart terminal environments where resources are
limited.

5 Conclusion

This paper addresses the application requirements of smart terminals in new power
systems by proposing an efficient database storage and processing solution. We have
designed a lightweight database framework tailored for smart terminals, effectively
addressing the challenges of data storage and processing in resource-constrained envi-
ronments. The lightweight rule engine-based data cleaning technology ensures data accu-
racy and reliability, meeting the demands of complex data environments within smart
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terminals. Additionally, the proposed FVD-SDT data compression technology enhances
storage efficiency while preserving data integrity. Experimental validation demonstrates
that the proposed methods exhibit significant advantages in storage space optimization,
data processing efficiency, and overall system performance, providing a solid technical
foundation for the efficient operation of power smart terminals.
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Abstract. Due to the theoretically unconditional security offered by quantum
communication, it has broad application prospects in new power systems. How-
ever, the integration of quantum communication into these systems faces the chal-
lenge of reconciling the low quantum key generation rate with the high data trans-
mission demands of power operations. This issue is particularly exacerbated by
transmission distance limitations, necessitating the support of relay technology
in the construction of quantum communication networks within power systems,
which further amplifies the problem of low quantum key generation rates. To
address these challenges, this paper models a quantum communication network
architecture for power systems based on trusted relay nodes and designs a rein-
forcement learning-based quantum key distribution (QKD) routing algorithm. This
algorithm aims to reduce network congestion and minimize routing hops by select-
ing the next node for the quantum key distribution task using reinforcement learn-
ing. Experimental results demonstrate that this algorithm can effectively improve
the quantum key generation rate.

Keywords: Quantum Key Distribution - Trusted Relay Nodes - Routing

1 Introduction

Unlike traditional communication systems, which are grounded in classical physics,
quantum communication leverages the unique properties of quantum mechanics to pro-
vide enhanced security and more efficient communication. As research in quantum
mechanics advances, quantum communication technologies are becoming increasingly
mature.

With the development of the energy internet and smart grids, the demands for infor-
mation security and reliability in power systems are steadily increasing. Quantum com-
munication offers a novel solution for the information security of new power systems. In
smart grids, the dispatch center needs to maintain real-time communication with various
power nodes, transmitting critical data such as power load and transmission line status.
Through quantum communication technology, the dispatch center and power nodes can
achieve absolutely secure communication, preventing data tampering or interception.
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Additionally, quantum communication can be used for quantum authentication between
devices, ensuring the authenticity of smart devices. New power systems include a large
number of smart devices, such as smart meters and distributed generation equipment,
which require identity authentication to prevent unauthorized device access. The appli-
cation of quantum communication in new power systems has broad prospects, providing
technical support for the construction of a more intelligent and reliable power network.
As quantum communication technology continues to mature, it will play an increasingly
important role in the future of new power systems.

Compared to traditional communication methods, quantum communication offers
absolute security. It is based on theories such as quantum superposition, quantum entan-
glement, and the Heisenberg uncertainty principle. The most well-known form of quan-
tum communication is QKD, which ensures that the keys generated during transmission
are secure. A QKD channel typically includes both a quantum channel and a classical
channel. The quantum channel is used to transmit quantum signals, which are quantum
states encoded with classical information. The classical channel, on the other hand, is
responsible for transmitting classical signals to synchronize and negotiate keys between
the sender and receiver. If an eavesdropper attempts to intercept part of the quantum states
from the quantum channel, these quantum states will not be used for key distribution
because the receiver will not receive them. Furthermore, even if the eavesdropper tries
to measure and replicate these quantum states before sending them to the receiver, the
quantum no-cloning theorem ensures that the replicated quantum states will inevitably
change, resulting in significant errors. Therefore, any potential eavesdropping on the
QKD process can be detected.

This paper proposes a quantum key distribution strategy for power quantum commu-
nication networks based on trusted relay nodes. To address the current challenge where
the quantum key generation rate fails to meet the encryption needs of power operations,
we first model a power quantum communication network based on trusted relay nodes,
considering the priority of power operations to schedule power tasks and prioritize high-
priority tasks. We then design a reinforcement learning-based quantum communication
routing strategy to reduce congestion caused by slow quantum key generation. The
method proposed in this paper provides a comprehensive solution for applying quantum
communication to new power systems.

2 Related Works

The fundamental principles of quantum mechanics ensure the security of quantum com-
munication networks, characterized by theoretically “unconditional security” [1], and
have become a focus of research in network security in recent years. Among these,
quantum key distribution (QKD) technology, an important branch of quantum secure
communication, has garnered widespread attention. The BB84 and MDI protocols are
two classic QKD protocols. The BB84 protocol [2], proposed by Charles Bennett and
Gilles Brassard in 1984, transmits keys using four possible photon polarization states. By
leveraging the uncertainty principle of quantum mechanics, it ensures that any eavesdrop-
ping attempts will result in detectable errors, thus securing communication. The MDI
protocol [3] is an improved quantum key distribution protocol where two communicat-
ing parties send photons to a third-party relay station for interference measurement. The
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communicating parties establish a secure key based on the measurement results. Even
if the relay station is controlled by an eavesdropper, the MDI protocol still ensures the
security of the key, thereby enhancing overall communication security.

Inrecent years, some studies have focused on improvements to QKD protocols. Chen
et al. [4] applied the “send or not send” twin-field (TF) QKD protocol over 509 km of
ultra-low-loss fiber. Additionally, some research has focused on network-related studies
in the field of quantum communication. Farahbakhsh et al. [5] proposed an opportunis-
tic quantum routing algorithm, which, unlike traditional algorithms, allows requests to
advance even when some resources on the path are not yet ready, thereby managing
entanglement resources more efficiently. Zeng et al. [6] studied the design issues of
multi-routing entanglement protocols in quantum networks, aiming to simultaneously
maximize the number of quantum user pairs and their expected throughput.

Quantum communication technology has broad application prospects in power sys-
tems. Yu et al. [7] proposed an improved weighted fair queue (WFQ) algorithm, LD-
WFQ, which estimates the expected delay of packets and prioritizes the transmission
of packets nearing timeout. This approach effectively reduces the packet timeout rate,
improves the effective utilization of quantum keys, and maintains a low packet timeout
rate in high-priority queues. Wu et al. [8] proposed a quantum key distribution system
based on wireless channels, aiming to address the limitations of traditional fiber-optic
channel key distribution methods in terms of fiber resources and construction costs,
particularly to meet the security enhancement needs of numerous mobile terminals.

3 Power Line Carrier and Wireless Dual-Mode Integrated
Communication Method

In the field of quantum communication, trusted relay systems can enhance the transmis-
sion distance of quantum keys and improve their scalability. A trusted relay is a fully
trusted relay node whose security is strictly ensured. To guarantee the absolute security
of a trusted relay, it is typically necessary to deploy the relay in a guarded location or
use physical isolation measures to defend against potential attacks. Trusted relays are
responsible for storing and transmitting keys in a QKD network, utilizing their secu-
rity to encrypt and decrypt keys, thereby ensuring the overall security of the network’s
keys. For example, as shown in Fig. 1, QKD node A and the trusted relay node generate
quantum key pairs K4 and Kp respectively with the trusted relay node and QKD node B.
Long-distance quantum key distribution in a QKD network with trusted relays involves
the following steps:

1. The trusted relay node encrypts key K4 using key Kp, resulting in the ciphertext
K4 ® Kp;

2. The trusted relay node sends the ciphertext K4 & Kp to QKD node B;

3. QKD node B decrypts the ciphertext K4 ¢ Kp to obtain Kp @ (K4 @ Kp), resulting
inkey Ky.

By placing several trusted relays, the communication distance between two QKD
nodes can theoretically be extended indefinitely, provided that all trusted relay nodes
along the line are secure.
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Quantum key K 4 Quantum key Kp
QKD Node A Trusted relay node QKD Node B

KA ﬁ KA@KB ﬁKI;@(KAQKB):KA
Fig. 1. Quantum Key Distribution Based on Trusted Relay Nodes

3.1 System Architecture

The architecture of a power system communication network based on quantum com-
munication is as illustrated. The system mainly includes QKD nodes and trusted relay
nodes. QKD nodes encompass smart meters, substation control devices, dispatch cen-
ters, and other components. In long-distance communication, trusted relay nodes are
used to relay and re-encrypt keys, ensuring the security of the keys throughout the entire
transmission chain.

Given the limited generation rate of quantum keys, a quantum key pool is maintained
between QKD nodes, between QKD nodes and relay nodes, and between relay nodes.
During quantum key distribution, nodes will consume keys stored in the quantum key
pool. The primary function of the quantum key pool is to centrally manage and store
keys generated through QKD technology, allowing quick access and usage by nodes
in the network when needed, thus performing a “peak shaving and valley filling” role.
To prevent resource wastage, a storage limit is set for each quantum key pool to avoid
excessive generation of quantum keys. If the quantum key generation rate between QKD
nodes m and 7 is ky;,, then the storage limit for the quantum key pool between QKD
nodes m and n is set to uk,,, (Fig. 2).

The system network can be represented as a directed graph G = (V, E), where V
denotes the set of nodes, which include both QKD nodes and relay nodes, and E are
links between nodes. Each QKD node may have multiple tasks arriving in a short period;
therefore, a priority scheduling strategy can be used to manage these tasks. This strategy
orders tasks based on their priority, with higher-priority tasks being processed first. This
approach is simple and effective, suitable for scenarios requiring rapid response and the
assurance of critical task completion.

Firstly, each task needs to be assigned a priority. Priority is determined based on
factors such as the type of task and its urgency. For example, in a power system, operations
such as fault recovery and safety protection have higher priorities.

Currently, system operations in power systems can be classified into four security
zones [9]: Security Zone I, II, I11, and I'V. Security Zones I and II are collectively referred
to as the Production Control Zone, while Security Zones III and IV are collectively
referred to as the Management Information Zone. Security Zone I includes operations
related to line relay protection, safety and stability systems, dispatch automation, and dis-
patch telephones. Security Zone II includes operations related to protection management
information systems, safety and stability management information systems, and elec-
tric energy measurement and telemetry systems. Security Zone III includes operations
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related to dispatch management information systems, lightning positioning monitoring
systems, substations, and video surveillance systems. Security Zone IV includes opera-
tions related to video conferencing systems, administrative telephones, the Internet, and
disaster recovery backup systems.

In our proposed method, each QKD node maintains a separate task queue for each
of the four security zones. When a task arrives at a QKD node, it is inserted only into the
queue corresponding to its respective security zone. Within each queue, tasks are ordered
in ascending order of delay requirements, with tasks requiring lower delays being placed
at the front of the queue.

QKD Node

Fig. 2. System Architecture

3.2 Routing Strategy Based on Reinforcement Learning

Quantum key transmission requires the involvement of multiple relay nodes. When the
keys on the links in the transmission route are insufficient to meet the key consumption
needs, it can lead to blockage in the key transmission process. To ensure smooth quantum
key transmission, the routing selection for quantum key transmission should favor links
with adequate key reserves or higher key generation rates.

To address the routing selection problem using reinforcement learning, we model it as
a Markov Decision Process (MDP) and solve it using reinforcement learning algorithms.
An MDP is a Markov process that includes rewards and decisions and can be represented
by a tuple < (S, A, P, R, y) >, where S is the state space, A is the action space, P is
the state transition function, R is the reward function, and y is the discount factor. The
probability of transitioning from state s; to state s;y1 after taking action a; is denoted
by P(s:+1!8¢, ar). The immediate reward obtained from taking action a; in state s; and
transitioning to state s;y1 is denoted by R(s;, ar, S¢+1).

Let N denote the total number of nodes in the system, and divide the nodes into
three sets:Lg,L;, andL,,, representing the sets of source QKD nodes, destination QKD
nodes, and relay nodes, respectively. LetNs, Ny and N,, denote the numbers of nodes
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in these sets. All nodes participate in the key transmission process, and whether the
transmission process is blocked depends on the key reserves and key generation rates
on each link. Let D; = {Dj;,D>;, ..., Dy} denote the total amount of keys to be
transmitted by each node at time slot, and B; = {B12,B13,...,Bn—1n.} denote
the remaining key pool size on each link at time slot. Let ¢; = {q12, 913, ..., gN—=1.N}
denote the key generation rate for each link, and s; = {s12,513,...,Sy—1,5} denote
the key consumption rate for each link. Source QKD nodes generate new quantum key
transmission demands at each time slot, and the amount of keys required for transmission
is related to the corresponding task data volume, which affects the routing choice for key
transmission. Let V; = {V1;, Vo, ..., Vi, ./} denote the new quantum key transmission
demand at time slot, assuming the data generation process follows a Poisson process.
Thus, the joint state of the entire network at time slot is defined as(Dy, B, V;, gz, St).

For each key transmission task, the key data to be transmitted to the next node may
be distributed across different nodes, and the size and location of this data will also
affect the choice of the next transmission node. Let P; denote the size and location of
the key data to be transmitted at time slot t. P; ; represents the amount of key data to be
transmitted at node i at time slot t. Therefore, the state for each key transmission task
can be represented as S; = (Dy, B, Vi, g1, St, Py).

The data transmission task selects actions based on the network state and the location
and size of data packets, specifically choosing the link between the current router and
the next-hop router. Not all links are available for selection; only those connected to the
location of the current data packet can be chosen as valid actions. Thus, during the data
transmission process, the set of valid actions changes with the movement of the data
packet location.

The reward function is used to quantify the value of performing a given action in
a given state. In quantum key transmission routing, the focus of the reward function
design is on avoiding network congestion rather than simply seeking the shortest path.
Therefore, the reward function should be designed to encourage congestion-avoidance
behaviour while optimising path length without causing congestion. The reward func-
tion should penalise actions that could lead to congestion and inefficient actions (such
as selecting congested links), while also considering path length to improve network
efficiency and reduce resource consumption. The reward function R(s;, a;, s;+1) should
be set as follows:

1., when congestion occurs
re, whenay is invalid action
0, when key transfer task completed
—1, others

(1

R(s¢, ar, s141) =

In this context, r. and r, are large negative values used to penalize the occurrence of
congestion and the selection of ineffective actions, respectively. The value -1 is used to
record the number of hops that data packets make within the network.

A policy 7 is a mapping from states to actions. V7 (s) represents the expected total
return starting from state s and following policy 77 ; and Q7 (s, a) represents the expected
total return from taking action a in state s and then following policy 7.
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The Bellman equation provides a recursive representation of the value functions. For
the state value function V7 (s):

Vi) =y )y, P(s'ls a)[R(s,a.s') +y V()] )

For the action value function Q7 (s, a):

07 (s,a) = YyesP(s'ls. @) [R(s. a, ') + ¥ X peam (@'15) Q7 (s, a)]  (3)

In reinforcement learning, the goal is to find an optimal policy 7 * that provides the
maximum expected return for each state. Correspondingly, there are optimal state value
function V*(s) and optimal action value function Q*(s, ). These functions satisfy the
following Bellman optimality equations:

V¥ (s) = maxy>o s P(s'ls, a)[R(s, a, s') + y V7 ()] 4)
0*(s,a) = Y yesP(s'ls, a) |:R(s, a,s’) + yn;gi‘cQ* (', a/)} 5)

Methods such as policy iteration can be used to solve the Bellman equations and
obtain the optimal policy 7*.
The Bellman optimality equation is used to update the policy:

7= argmaxaeAZS,GSP(s’B, a) [R(s, a, s’) +yVvT (s’)] (6)

Policy evaluation and policy improvement steps are repeated until the policy
converges.

In this paper, Deep Q-Networks (DQN) are used as the model for deep reinforcement
learning.

4 Experiments

In the experimental phase of this study, the experiments were conducted using PyTorch to
setup the experimental environment. The hardware used included an NVIDIA GTX 3080
GPU, and the operating system was Ubuntu 16.04. The network topology configured for
the experiments is illustrated in the figure, consisting of 11 QKD nodes and 7 trusted relay
nodes. Quantum key distribution tasks generated by each QKD node in the experiment
followed a Poisson process, with subsequent adjustments made to this parameter to
evaluate the method’s performance under different conditions. The parameter unit is
MB/s. The quantum key generation rate on each link followed a normal distribution
with parameters (1, 0.5), and the quantum key consumption rate on each link followed a
normal distribution with parameters (1, 0.8). The discount factor for the reinforcement
learning was set to 0.9. Each link’s key pool could store a maximum of keys generated
over 20 time units, with initial key pools set to full capacity.

The shortest path algorithm was chosen for comparison, with the blocking probability
and quantum key throughput of the system used as reference indicators to validate the
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Fig. 3. Network blocking rate comparison

performance of the proposed method. The quantum key throughput here represents the
average quantum key throughput for quantum key distribution tasks completed per unit
time in the system. The unit for quantum key throughput is MB/s (Fig. 3).

We first compared the network blocking probabilities of the two algorithms under
different task generation rates. Network blocking occurs when the keys generated on
the chosen links cannot support the key consumption. It was observed that as the task
generation rate increased, the probability of network blocking also increased for both
algorithms. The slope of the curves generally exhibited an upward trend, indicating that
network blocking worsens with increasing task generation rates. Compared to the shortest
path routing algorithm, the proposed reinforcement learning-based routing algorithm
significantly reduced the probability of network blocking and effectively delayed the
worsening of network congestion (Fig. 4).

By comparing the system quantum key throughput under different task generation
rates for the two algorithms, we found that the system quantum key throughput increased
with the task generation rate for both algorithms. However, the slope of the curves
decreased, due to the increased probability of network blocking with higher task gen-
eration rates. Compared to the shortest path routing algorithm, the proposed method
showed a significant advantage in system quantum key throughput, with this advantage
becoming more pronounced as the task generation rate increased.
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Fig. 4. System quantum key throughput comparison

5 Conclusion

The advancement of quantum mechanics poses new challenges for data security in power
systems, necessitating the development of quantum communication networks to protect
data security in power systems. Due to the extensive coverage area of power networks,
the inclusion of relay nodes is required in the construction of power quantum commu-
nication networks, increasing the complexity of network topology and the quantum key
distribution process. This paper first models the power quantum communication network
based on trusted relay nodes and establishes a task scheduling strategy. It then proposes a
reinforcement learning-based quantum key distribution routing algorithm that considers
the overall network situation and the attributes of current quantum key distribution tasks
when selecting routing nodes. Experiments demonstrate that this algorithm effectively
reduces network blocking and improves quantum key distribution rates.
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Abstract. Due to the high sparsity and complexity of network traffic, the detec-
tion effect of existing network traffic anomaly detection methods was still very
limited, and it was difficult to effectively utilize the topological information and
traffic characteristics in the network. To solve this problem, a sampling optimiza-
tion method based on the graph neural network E-GraphSAGE that combines
graph topology optimization and random walk restart algorithm was proposed,
which effectively utilized network topology and traffic characteristics for network
traffic anomaly detection. The graph topology optimization strategy improved the
performance of the graph by transforming the graph structure, so that the RWR
algorithm could be used for sampling more effectively, and then the sampling
results were aggregated to obtain the final edge features for training and detec-
tion models. Experiments on three common network anomaly traffic datasets was
conducted. The experimental results showed that the recall rate, precision, and
F1 score of the proposed method on all datasets exceeded 99%. In particular, on
the ISCXTor2016 dataset, not only the evaluation indicators had reached the most
advanced level, but also the recall rate, precision, and F1 score of the proposed
method had been improved by 19%, 17%, and 19% respectively compared with the
most advanced graph neural network model. The experimental results prove the
effectiveness and robustness of the proposed method for network traffic anomaly
detection tasks.

Keywords: Graph neural network - network traffic anomaly detection - RWR
algorithm - graph topology optimization

1 Introduction

With the rapid development of internet technology, network traffic data is experienc-
ing explosive growth, with malicious traffic from attackers mixed in, posing significant
threats to cyberspace security. Network traffic anomaly detection, as an essential part of
network security, can effectively identify and prevent various network attacks by analyz-
ing network traffic data [1-3]. However, the data from network intrusion behavior often
exhibit high sparsity and complexity, making traditional methods based on predefined
rules and feature engineering ineffective when handling large-scale traffic data.
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The challenges in network traffic anomaly detection mainly stem from the nature of
the data itself. First, network traffic data is highly sparse, with only a small fraction of
the data related to malicious activity. This sparsity complicates the detection of anoma-
lies since traditional methods struggle to effectively differentiate between normal and
malicious traffic in such conditions [4, 5]. Second, the complex topology of the network
introduces difficulties in feature extraction, as the interactions between nodes and traffic
patterns are not easily captured using standard machine learning approaches. Lastly, the
high-dimensional nature of network traffic data requires models capable of handling
non-Euclidean data structures, such as graphs, which are more suitable for representing
relationships in traffic networks. Researchers have started exploring the use of graph
neural networks (GNN) for network traffic anomaly detection [6, 7]. GNNs model the
relationships between nodes and edges in graph structures, enabling them to capture
higher-order feature relationships such as network topology through message passing
and feature aggregation within graph structures [8].

To address these challenges, we propose a sampling optimization method based on
the graph neural network E-GraphSAGE model, which is particularly designed to han-
dle non-Euclidean graph structures in network traffic data. The E-GraphSAGE model,
through its inductive learning framework, can efficiently generate edge embeddings,
allowing for the integration of both node features and topological information. By com-
bining graph topology optimization and the random walk with restart (RWR) algorithm,
our method enhances sampling quality and improves the model’s ability to capture
complex relationships in traffic data, leading to more accurate network traffic anomaly
detection. The main contributions of this research are as follows:

1) Graph Topology Optimization Method: We designed a graph topology optimiza-
tion technique to address the high sparsity and complexity of network traffic. This
technique improves graph connectivity through structural modifications, enhanc-
ing the efficiency and effectiveness of the RWR algorithm for more uniform and
comprehensive sampling.

2) RWR-Based Sampling Optimization Method: To overcome the challenges of sam-
pling complex correlations in network traffic, we propose an optimization method
based on the RWR algorithm, replacing E-GraphSAGE’s random uniform sampling
with importance sampling to improve sampling quality and achieve efficient capture
and representation of network traffic data.

3) Integration Strategy: By combining graph topology optimization and the RWR algo-
rithm, we propose an integration strategy tailored for network traffic anomaly detec-
tion. This strategy synergizes graph structure modifications with efficient sampling,
enabling better handling of large-scale, complex network traffic data and enhancing
model detection performance and robustness.

The structure of this paper is organized as follows: Sect. 1 reviews the research status
of network traffic anomaly detection methods. Section 2 introduces the proposed network
traffic anomaly detection method based on improved graph neural networks. Section 3
presents the construction of graph neural networks tailored for network traffic. Section 4
discusses the experiments conducted on datasets and analyzes the experimental results.
Finally, Sect. 5 concludes the study.
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2 Related Work

2.1 Traditional Neural Network-Based Methods

Traditional neural network methods have been widely applied in network traffic anomaly
detection. These methods typically rely on feature engineering, where key features of
network traffic are manually extracted and selected to build detection models.

For example, Sinha et al. [9] proposed a deep learning model combining the advan-
tages of convolutional neural networks (CNN) and BiLSTM to simultaneously learn spa-
tial and temporal features of network traffic data. Feng et al. [ 10] introduced a method that
effectively detects encrypted hijacking traffic by only accessing anonymous, content-
agnostic network traffic metadata from the network gateway. Wu et al. [11] proposed
a hierarchical CNN + RNN neural network, LuNet, considering the spatio-temporal
features in network traffic data. Mirsky et al. [12] utilized multiple autoencoder models
and ensemble learning techniques to learn network traffic behavior patterns for detecting
network intrusion events.

2.2 Graph Neural Network-Based Methods

Recently, graph neural networks have gained widespread attention in network traffic
anomaly detection. GNNs capture high-order feature relationships through feature prop-
agation and aggregation in graph structures, making them suitable for processing network
traffic data.

Kipf et al. [6] first introduced the concept of Graph Convolutional Networks (GCN).
Lin et al. [13] proposed a GNN-based method for P2P botnet detection. Cheng et al. [14]
introduced an Alert-GCN framework that inputs network traffic structure graphs into a
two-layer GCN for node classification. Zhang et al. [15] proposed a new network traffic
anomaly detection method to address the nonlinear and high-dimensional characteristics
of Industrial IoT data. Nguyen et al. [16] introduced a Traffic-Aware Self-Supervised
Learning (TS-IDS) framework for network traffic anomaly detection.

Several GCN variants have also been developed. Velickovi¢ et al. [17] proposed
Graph Attention Networks (GAT). Hamilton et al. [18] introduced GraphSAGE, a gen-
eral inductive framework that effectively generates node embeddings for unseen data
using node feature information. Wai Weng Lo et al. [19] extended GraphSAGE to the
network traffic detection problem and proposed the E-GraphSAGE algorithm, which cap-
tures edge features and topological information of graphs for network traffic detection.
Caville et al. [20] proposed Anomal-E, a self-supervised GNN-based method for net-
work traffic anomaly detection. Liu et al. [21] introduced a GraphSAGE-based Dynamic
Spatial-Temporal Graph Convolutional Network (DST-GraphSAGE) for traffic predic-
tion. Chang et al. [22] improved the E-GraphSAGE and GAT architectures by integrating
residual learning into GNNs to enhance performance in handling highly imbalanced data.
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3 Network Traffic Anomaly Detection Method Based on Improved
Graph Neural Networks

In network traffic anomaly detection, traditional detection methods rely heavily on fea-
ture engineering and predefined rules, which are inadequate for handling the high dimen-
sionality, sparsity, and complexity of network traffic data. While GNNs have shown sig-
nificant advantages in processing complex graph data, existing GNN models still face
challenges in sampling and feature extraction from network traffic data. Therefore, this
paper proposes a network traffic anomaly detection method that integrates graph topology
optimization and the RWR algorithm [23], improving the E-GraphSAGE model. The
graph topology optimization technique enhances the performance of network graphs,
and the RWR algorithm is used for sampling, allowing for better capture of topologi-
cal information and traffic characteristics in network traffic. The aim is to improve the
effectiveness of the model for network traffic anomaly detection tasks.

o i
S8 S1612377 110 . 0 i Model Model
10 100215 ams 7 'g Training Testing

| |
Data preprocessing and graph Graph Topology
Network traffic data construction Optimization

Fig. 1. Network traffic anomaly detection method flow

3.1 Graph Neural Network-Based Methods

The process of the network traffic anomaly detection method in this paper is shown in
Fig. 1, which mainly includes the following steps:

1) Data Preprocessing and Graph Construction: Network traffic data is standardized
through one-hot encoding and normalization, followed by modeling to construct a
graph.

2) Graph Topology Optimization: A graph topology optimization technique is intro-
duced to enhance the connectivity of the network graph, providing a strong foundation
for subsequent model training.

3) Model Training: Edge embeddings are obtained by sampling and aggregating network
traffic edges, followed by supervised learning on the training set.

4) Model Testing: The model’s effectiveness is tested on network traffic test sets, and
performance is evaluated and compared.

The focus of this method is the model training process, as illustrated in Fig. 2.

3.2 Data Preprocessing for Network Traffic

In network traffic, many features are symbolic data, which need to be processed into
numerical data through one-hot encoding, and then normalized to ensure that all features
contribute equally to the analysis.
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Fig. 2. Model training process

Common normalization methods include Min-Max Normalization and Standardiza-
tion. In this paper, we employ Min-Max Normalization to scale the numerical data into a
specific range, typically [0, 1]. The transformation formula for Min-Max Normalization
can be expressed as Formula (1):

¥ = X — Xmin (1)
Xmax — Xmin
for each numerical feature, the minimum value x,j, and the maximum value x,,x are cal-
culated. The original value x is then normalized to x” using the Min-Max Normalization
formula mentioned earlier.

Network traffic data is primarily composed of three main components: source
address, destination address, and various flow features. By using the source address
and destination address as endpoints in a graph, we can naturally construct a graph rep-
resentation of the network traffic. This method is not only intuitive but also efficient, as
it leverages the inherent structure of the network traffic data.

3.3 Data Preprocessing for Network Traffic

Considering that the RWR algorithm requires performing random walks on a complete
graph, and given the high sparsity of network traffic, the performance of the RWR
algorithm can be somewhat limited when applied to sparse graphs. To address this
limitation, this paper introduces a graph topology optimization technique that enhances
graph connectivity by connecting nodes with the same IP address but different ports.

The process of connecting nodes with the same IP but different ports can be
mathematically represented by Formula (2):

E' = {ejit11(vi,vig1), Vi € {1,2, -+ ,n— 1} Ufen1 = (vu, v1)} 2
where {v{, v2, - - - , V,} is a sequence containing n nodes. For each node v; in the sequence
(i=1,2,---,n—1),anedge ¢; ;4+1 is added between nodes v; and v; 1. Additionally,

an edge is added between the last node v, and the first node v, forming a closed loop.

This method effectively enhances the connectivity of the graph without significantly
increasing its complexity, providing a more uniform sampling basis for the RWR algo-
rithm. The results, as shown in Table 1, clearly illustrate the change in graph connectivity
before and after the optimization. This enhancement ensures that the RWR algorithm
can operate more efficiently, leading to better performance in network traffic anomaly
detection.
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Table 1. Comparison of connectivity before and after

Before After
optimization optimization
ISCXTor2016 982 1
UNSW-NBI15 76050 7
ToN-IoT 920 6

3.4 Model Training and Testing

After applying the graph topology optimization to the network traffic graph, the next
step involves sampling and aggregating the edges in the network traffic to obtain edge
embeddings. These edge embeddings serve as the input for the supervised learning
process, where the model is trained on the training dataset.

Once the model is trained, it is then tested on the network traffic test set to evaluate
its effectiveness. The performance of the model is assessed through various metrics,
and a comparative analysis is conducted to benchmark the model against other existing
methods.

This process ensures that the model is capable of accurately detecting anoma-
lies in network traffic, leveraging the enhanced connectivity from the graph topology
optimization and the efficient sampling strategy provided by the RWR algorithm.

4 Graph Neural Network Construction for Network Traffic

4.1 Application of RWR Algorithm in Network Traffic

The RWR algorithm is an effective method for computing the weighted scores of con-
nections between nodes in a constructed graph model. Its application in network traffic
analysis helps the model better understand the relationships between nodes, thereby
optimizing model performance.

Mathematically, the RWR algorithm at node v can be represented by the following
iterative formula:

P = (1 — ) APY 4 cr 3)

where P‘(f) is the node visitation probability vector at time ¢, c is the restart probability,
r is the restart vector, which is equal to P‘(,O) (typically initialized with 1 at the starting
node position and O elsewhere), and A is the graph transition probability matrix, whose
elements A;; are defined as follows, where d; is the degree of node i:

T ifdi>0

Aj = }
0, otherwise

“4)
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As the number of iterations increases, P,(,t) converges to a stable probability
distribution, reflecting the relative importance or similarity of nodes in the graph.

Through the introduction of the RWR algorithm, the model can more compre-
hensively cover the graph structure, efficiently capturing relationships between nodes,
reducing sampling bias, improving feature representation quality, and enhancing model
performance in large-scale graph data sampling processes.

4.2 E-GraphSAGE Algorithm

In the E-GraphSAGE algorithm[19], the sampling method samples a fixed-sized subset of
neighboring nodes to propagate neighbor messages. The goal of neighborhood sampling
is to minimize the size of the computational graph to reduce the algorithm’s space and
time complexity. The E-GraphSAGE algorithm performs graph convolution operations
on the graph G(V, E), with nodes represented as V and edges represented as E, and
node features represented as xy -

To specify the depth of the GNN, the K-hop neighborhood parameter is set, indicating
the K-hop neighbor edge information that needs to be aggregated in each iteration.
Another important aspect of the GNN is selecting a differentiable aggregation function
AGGy (k € {1,2,...,K}) for aggregating K-hop neighbor edge information. Various
aggregation methods, including mean, pooling, or different types of neural networks,
can be applied in E-GraphSAGE.

For each node, the E-GraphSAGE model iteratively aggregates K-hop depth adjacent
edge information. In each iteration, a fixed number of neighboring nodes can be sampled
to reduce the algorithm’s space and time complexity. The edge embeddings between
the sampled nodes and the source node are then used to generate the next layer of
node embeddings. At the k-th layer (k € {1,2, ..., K}), the aggregated node neighbor
information hlfv(v) at node v can be represented by the following Formula (5):

hl&(v) = AGGk({e’;V_l, Yue NW),uv € £)) (5)

The edge embedding eﬁ; 1 represents the edge embedding of the edge uv in the
previous layer. These adjacent edge embeddings are aggregated into the embedding of
node v at the k-th layer, and the K-hop neighborhood edge features of each graph node are
aggregated based on the aggregation function. The aggregated representation from the
sampled neighbors is then concatenated with the node representation h’v‘ —Lofitself. After
that, the model weights Wy can be applied and the result can be passed to a nonlinear
activation function o (such as ReLU) to obtain the final node embedding h{f, as shown
in Formula (6):

W = o (Wi - CONCAT (=1, K, ) (6)
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Algorithm 1 E-GraphSAGE Integrating Graph Topology Optimization and RWR Algorithm

input: Graph G(V.€);

Edge Features {e,.Vuve&}; Node Features X, ={L...,1} ;

depth K ;

Weighted Matrix Wk.Vke{L,,,.K}; Sample Number N; Non-linear activation function & ; Aggregation

Function AGG,; The length of the restart vector e, is |V| and €, = {l if u=v,0 othawise,VueV,vve V} :
Restart Probability ¢ ; Transfer Matrix A4 ; Iteration Limit T ;
output: Edge Embedding £, ,Vuve &

L=RE - I - T T T - S I T

e i = = =
~N N L A W N = O

N

«x,, VveV

forveVdo
// RWR algorithm iteration process

(0
P e,
t<0
do

B (1-c) 4P +cB”

t<t+1

while P/ not converged or 1 <=T

Nz (v)«=Select TOP—N nodes from P,m

for k< 1to K do

I,

JorveVdo
hk

N (1) w

K «oWw*-concar (K &, ))

=nr

Jor uve € do
X « CONCAT(zF ,F)

« AGG, ([e5! Vu € Ny Mav € €})
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The final node representation of node v can be expressed as z,, which describes the
node embedding of the final layer, as shown in Formula (7).

w=hk vwev 7)

Finally, to obtain the final edge embedding z’,jv, the concatenation of the edge embed-
dings of nodes u and v at the k-th layer is calculated, as shown in Formula (8). To perform
edge classification, the edge embedding zﬁv is sent to the softmax layer for classification.

zl;v = CONCAT(Zf, Zf), uv € € (8)

4.3 Integrating Graph Topology Optimization and RWR Algorithm
in E-GraphSAGE

The proposed framework integrating graph topology optimization and RWR algorithm
in E-GraphSAGE is illustrated in Fig. 3, with the complete algorithm process detailed
in Algorithm 1.

5 Experiments and Analysis

5.1 Datasets

This paper conducts experiments on multiple public network anomaly traffic datasets,
including ISCXTor2016 [24], UNSW-NB15 [25] and ToN-IoT [26]. The datasets are
widely used for evaluating the performance of GNNs, and their main features are listed
in Table 2.

Table 2. Basic information of the dataset

Datasets Number of features Quantity

ISCXTor2016 24 NonTor Browser Email Chat Audio
231466 4142 681 966 1872
Video pP2p File Transfer VoIP
2156 2501 2016 5263

UNSW-NBI15 43 Normal Analysis Backdoor Dos Exploits
2218761 2677 2329 16353 44525
Fuzzers Generic Reconnaissance Shellcode ‘Worms
24246 215481 13987 1511 174

ToN-IoT 39 Normal Backdoor Scanning Injection Password
300000 20000 20000 20000 20000
XSS DDOS Ransomware DOS MITM
20000 20000 20000 20000 1043

The ISCXTor2016 dataset includes Scenario A and Scenario B, which correspond
to binary classification tasks and multi-classification tasks respectively. The binary clas-
sification task includes NonTor and Tor traffic, and the multi-classification task only
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includes Tor traffic. The UNSW-NB15 and ToN-IoT datasets both contain binary clas-
sification and multi-classification tasks in one scenario. The training set, validation set,
and test set are divided into 70%, 10%, and 20% ratios.

5.2 Experimental Setup

The experiment was conducted in an environment with Windows 11 operating system,

AMD Ryzen 7 5800H CPU, 16G memory, and NVIDIA GeForce RTX 3060 GPU.
Python 3.8.18 and PyTorch 2.1.1 were used to build, train, and evaluate the model. The
same hyperparameters were used for the model proposed in this article and the compared
model.

5.3 Evaluation Metrics

This experiment uses recall, precision, F1-score and AUC as evaluation indicators. The
formula is as follows:

TP

Recall = ——— )
TP + FN
. TP
Precision = —— (10)
TP 4 FP

Precision x Recall
F1 —score =2 x — (1
Precision + Recall

Among them, TP is the number of samples correctly classified as positive examples,
TN is the number of samples correctly classified as negative examples, FN is the number
of positive samples incorrectly classified as negative examples.

Because of the imbalance of the categories of the data set, simply calculating the
weighted average of the above indicators in multi-classification tasks may cause the
prediction performance of minority classes to be ignored. Therefore, the macro average
recall rate (Macro Recall), macro average precision (Macro Precision), macro average
F1-score, and macro average AUC evaluation indicators are introduced to comprehen-
sively evaluate the performance of the model in the network traffic anomaly detection
classification task. The above indicator formula is as follows:

N
1
Macro Recall = I 2Recalli
i=

N
Macro Precision = — E Precision;
i=1

Precisionygaero X Recallyacro

12)

Macro F1 — score = 2 x

Precisionygaero + Recallyacro

Among them, N is the number of categories, Recall; represents the Recall of the i-th
category, and Precision; represents the Precision of the i-th category.
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5.4 Result Analysis

In this section, we will conduct a detailed analysis of the experimental results on the
ISCXTor2016, UNSW-NB15, and ToN-IoT datasets. The models evaluated include E-
GraphSAGE [19], GAT [17], E-ResSAGE, E-ResGAT [22], the model using only the
Graph Topology Optimization method (Based-GTO), the model using only the RWR
method (Based-RWR), and the model that combines both Graph Topology Optimization
and RWR methods (GTO-RWR). The binary classification results are shown in Table 3,
while the multi-class classification results are presented in Table 4.

For the ISCXTor2016 dataset, our method in the binary classification task, the Recall,
Precision, and F1-score reached 0.9908, 0.9909, and 0.9909, respectively, which are sig-
nificantly higher than those achieved by other methods. In the multi-class classification
task, the Recall, Precision, and F1-score achieved 0.9942, 0.9944, and 0.9942, respec-
tively, again outperforming the other methods significantly. This demonstrates that the
proposed method is highly effective in accurately identifying and classifying anoma-
lous traffic. Additionally, the method performed exceptionally well in macro-average
metrics, further showcasing its strength in addressing class imbalance issues, which are
common in network anomaly detection datasets. These results highlight the model’s
ability to effectively identify minority classes without sacrificing performance on the
more frequent classes, offering a balanced and comprehensive detection mechanism.

For the UNSW-NB15 dataset, the proposed method exhibited outstanding perfor-
mance across all metrics in the binary classification task, with Recall and F1-score
reaching 0.9946 and 0.9947, respectively, surpassing the other methods. In the multi-
class classification task, the method particularly excelled in Recall, Precision, and F1-
score, achieving 0.9923, 0.9917, and 0.9916, respectively, clearly outperforming the
other methods. The method also continued to perform excellently in macro-average
metrics.

For the ToN-IoT dataset, in the binary classification task, the Recall, Precision,
and F1-score all reached 0.9986, slightly lower than E-ResSAGE and the RWR-based
method but still higher than other methods. In the multi-class classification task, the
method achieved Recall, Precision, and F1-score values of 0.9849, 0.9853, and 0.9847,
respectively, slightly lower than E-ResGAT but still higher than other methods. The pro-
posed method performed well in macro-average metrics across all categories. The slight
decrease in performance compared to E-ResSAGE could be attributed to the unique
characteristics of IoT traffic, which often involve more frequent and diverse interac-
tions between devices. Despite these challenges, the proposed method’s performance
remained robust, showing its general applicability to different network traffic types.

Overall, across all datasets, The proposed method outperforms other models in most
cases in both binary and multi-classification tasks. This highlights the advantage of inte-
grating graph topology optimization and RWR-based sampling in enhancing the quality
of edge embeddings and improving the model’s ability to detect anomalies. Further-
more, the method’s robustness in handling imbalanced data ensures its effectiveness
in real-world network environments, where traffic distributions are rarely uniform. The
combination of high precision, recall, and balanced macro-average metrics demonstrates
that our method is not only accurate but also reliable in varied and complex network
scenarios.
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Table 3. Binary classification experimental results

Datasets Methods Recall Precision F1-score AUC
ISCXTor2016 E-GraphSAGE 0.9783 0.9781 0.9779 0.99
GAT 0.9672 0.9665 0.9665 0.99
E-ResSAGE 0.9778 0.9779 0.9778 0.99
E-ResGAT 0.9653 0.9646 0.9638 0.99
Based-GTO 0.9792 0.9790 0.9789 0.99
Based-RWR 0.9788 0.9803 0.9800 0.99
GTO-RWR 0.9908 0.9909 0.9909 0.99
UNSW-NBI5 E-GraphSAGE 0.9926 0.9934 0.9928 1
GAT 0.9938 0.9948 0.9941 1
E-ResSAGE 0.9910 0.9917 0.9912 1
E-ResGAT 0.9944 0.9951 0.9946 1
Based-GTO 0.9944 0.9951 0.9946 1
Based-RWR 0.9930 0.9937 0.9932 1
GTO-RWR 0.9946 0.9950 0.9947 1
ToN-IoT E-GraphSAGE 0.9991 0.9992 0.9991 1
GAT 0.9972 0.9974 0.9973 1
E-ResSAGE 0.9995 0.9997 0.9996 1
E-ResGAT 0.9980 0.9981 0.9980 1
Based-GTO 0.9986 0.9986 0.9986 1
Based-RWR 0.9997 0.9996 0.9996 1
GTO-RWR 0.9986 0.9986 0.9986 1

To intuitively demonstrate the sampling quality of the model proposed in this paper,
we use the ISCXTor2016 dataset as an example. The edge embeddings from the final
layer of the model are dimensionally reduced using the t-SNE algorithm, mapping the
high-dimensional data into a two-dimensional space for visualization. As shown in Fig. 4,
the edge embeddings produced by our model exhibit higher class separability.

Since some classes in the ISCXTor2016 dataset are extremely sparse, this might
result in less distinct distribution patterns of edge embeddings for certain classes. To
address this issue, GAN-generated data was used to increase the sample density of these
minority classes, leading to a more enriched and informative visualization. This aids in
better identifying and understanding the differences between various classes. As shown
in Fig. 5, the edge embeddings produced by our model form more distinct clusters,
illustrating the improved clustering quality.
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Table 4. Multi-classification experimental results

Datasets Methods Recall | Precision | Fl-score | AUC | Macro | Macro Macro Macro
Recall | Precision | Fl-score | AUC
ISCXTor2016 | E-GraphSAGE | 0.7985 | 0.8237 0.7927 098 |0.7384 | 0.7998 0.7388 0.98
GAT 0.7742 | 0.7718 0.7637 0.96 | 0.6308 | 0.6759 0.6352 0.94
E-ResSAGE 0.7922 | 0.8112 0.7847 0.98 | 0.7469 | 0.7520 0.7236 0.98
E-ResGAT 0.8051 | 0.8206 0.8038 096 | 0.6781 | 0.7226 0.6839 0.95
Based-GTO 0.8335 | 0.8475 0.8282 0.98 | 0.7406 | 0.8011 0.7445 0.97
Based-RWR 0.9905 | 0.9906 0.9905 1 0.9897 | 0.9893 0.9894 1
GTO-RWR 0.9942 | 0.9944 0.9942 1 0.9940 | 0.9947 0.9943 1
UNSW-NB15 | E-GraphSAGE | 0.9838 | 0.9866 0.9843 1 0.6414 | 0.6124 0.6056 0.9
GAT 0.9842 | 0.9848 0.9838 1 0.6314 | 0.5423 0.5614 0.99
E-ResSAGE 0.9820 | 0.9793 0.9801 1 0.5615 | 0.5127 0.5224 0.9
E-ResGAT 0.9872 | 0.9873 0.9868 1 0.5802 | 0.5651 0.5580 0.98
Based-GTO 0.9903 | 0.9908 0.9901 1 0.6390 | 0.5945 0.5952 0.9
Based-RWR 0.9840 | 0.9853 0.9840 1 0.6446 | 0.5814 0.5934 0.98
GTO-RWR 0.9923 | 0.9917 0.9916 1 0.6803 | 0.6265 0.6340 0.96
ToN-IoT E-GraphSAGE | 0.9841 | 0.9852 0.9838 1 0.9284 | 0.9292 0.9267 1
GAT 0.9960 | 0.9961 0.9960 1 0.9923 | 0.9920 0.9918 1
E-ResSAGE 0.9838 | 0.9849 0.9834 1 0.9335 | 0.9301 0.9295 1
E-ResGAT 0.9968 | 0.9969 0.9968 1 0.9934 | 0.9932 0.9930 1
Based-GTO 0.9826 | 0.9833 0.9826 1 0.9498 | 0.9581 0.9520 1
Based-RWR 0.9904 | 0.9910 0.9904 1 0.9660 | 0.9686 0.9662 1
GTO-RWR 0.9849 | 0.9853 0.9847 1 0.9557 | 0.9608 0.9570 0.99
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Fig. 4. The left side shows the edge embedding distribution of the original model, and the right

side shows the edge embedding distribution of the model proposed in this paper.
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t-SNE Projection t-SNE Projection

Fig. 5. The edge embedding distribution of the original model on the left and the edge embedding
distribution of the proposed model on the right.

6 Conclusion

This study explores the performance enhancement of GNN-based models in network
traffic anomaly detection tasks by integrating graph topology optimization and RWR
algorithm sampling. The experimental results show that the proposed method improves
sampling quality and significantly enhances model performance across different graph
datasets. The method’s emphasis on optimizing the sampling process highlights the
importance of this step in improving GNN performance. By integrating graph struc-
ture modifications and data preprocessing strategies, the proposed method offers a new
approach to graph data analysis and processing.

Although the study achieved positive results, it also has limitations, including the
adaptability of the graph modification method to different types of graph data. Future
research will explore more diverse graph modification strategies to accommodate a
broader range of network structures and types. Overall, the proposed method and find-
ings provide a new perspective for utilizing GNNs to process network traffic data, mak-
ing important contributions to advancing research in network traffic anomaly detection
methods.
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Abstract. With the development of deep learning, the artificial intel-
ligence text generation video model Sora combines the characteristics
of Diffusion models, Transformer architecture, and multimodal learn-
ing to generate high-quality video content. In this case, we propose an
evaluation method for generated videos after cutting based on eigenvec-
tors, which evaluates the Al generated videos after cutting and deter-
mines whether the cutted short videos meet the evaluation criteria. This
algorithm uses linear algebra knowledge in mathematics to process the
eigenvectors of images and calculates the similarity between images using
relevant threshold. We calculate the minimum “orthogonal value” of the
eigenvectors of the first frame of a generated short video and the last
frame of another generated short video, and the accuracy of the evalua-
tion method is 99% when the selected threshold is 0.75. This evaluation
method has surpassed neural network algorithms in terms of code sim-
plification and algorithm simplification, achieving good results.

Keywords: Eigenvectors + Image Clustering *+ Video Action
Recognition

1 Introduction
1.1 TImage Clustering Algorithm

Image clustering is an unsupervised learning task that aims to group images
based on their similarity. Clustering algorithms usually use image features as
input, such as color, texture, shape, etc., and group images based on the distance
or similarity between these features. Common clustering algorithms include K-
Means, DBSCAN, and image clustering algorithms based on deep learning.

Traditional Clustering Algorithms. K-Means clustering is a clustering algo-
rithm that uses distance to measure similarity. The core idea is to divide the
data into k clusters, so that the internal distance of each cluster is minimized
and the external distance is maximized. The algorithm first randomly initializes
the centroids, then divides the data points into the nearest clusters based on the
© The Author(s), under exclusive license to Springer Nature Singapore Pte Ltd. 2025
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distance between the data points and the centroids, and finally recalculates the
center point of each cluster. This process will be repeated until the centroid no
longer changes. The K-Means algorithm is simple and efficient, with low time
and space complexity, but it also has obvious limitations, such as the cluster-
ing results being dependent on the selection of initial clustering centers, being
sensitive to abnormal sample points, and not being able to handle non-convex
data.

DBSCAN is a density-based clustering method that divides data points into
dense and sparse regions, grouping data points in dense areas together. DBSCAN
clustering requires determining two parameters: the radius (eps), which indicates
the neighborhood range around a given point P, and the minimum number of
points (MinPts) required in the neighborhood around point P. If the number of
points in the eps neighborhood of point P is greater than or equal to MinPts,
P is termed a core point. If the number of points is less than MinPts but falls
within the neighborhood of a core point, P is referred to as a boundary point.
The specific steps for DBSCAN are: 1. Label all points as core points, boundary
points, or noise points (neither core nor boundary points); 2. Remove noise
points; 3. Add an edge between core points that are within eps distance of each
other; 4. All connected core points form a cluster; 5. Include boundary points in
the cluster of the core point if they fall within the eps neighborhood. Compared
to the K-Means algorithm, the advantage of DBSCAN is that it does not require
prior specification of the number of clusters, is insensitive to noise, and can
handle clusters of arbitrary shapes. Its disadvantage is that the clustering results
are highly dependent on parameterselection, and DBSCAN may struggle to select
suitable parameters for clusters with varying density.

Neural Network Based Clustering Algorithm. Autoencoders achieve data
clustering by extracting features and reconstructing input data. An autoencoder
is a type of neural network model consisting of an encoder and a decoder. It
trains the model by minimizing reconstruction errors and uses the hidden layers
of the encoder as feature representations for clustering.

1.2 Video Action Recognition

Video action recognition is the core field of video understanding, although it
mainly recognizes the actions of people in videos, it can also be applied to scene
cutting. Video action recognition refers to the detection and classification of
human movements contained in video sequences in both temporal and spatial
dimensions. As a dynamic sequence of images sorted by time, videos have cor-
relation relationships between image frames. Therefore, video action recognition
not only needs to process spatial image information, but also needs to model the
time series. By combining the spatiotemporal information in the video, we can
better understand the dynamic changes in the video and more accurately cut
the scene.
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Traditional Video Action Recognition Methods. Traditional video action
recognition methods include Dense Trajectory Algorithm (DT algorithm) and
Improved Dense Trajectory Algorithm (IDT algorithm). The DT algorithm uti-
lizes trajectory shape features, HOF, HOG, and MBH features, followed by
encoding the features using the BoF method, and finally training an SVM clas-
sifier for action recognition. The basic framework of IDT algorithm is the same
as DT algorithm, with the main improvements being the optimization of opti-
cal flow images, the improvement of feature regularization methods, and the
improvement of feature encoding methods. By estimating camera motion to elim-
inate optical flow and trajectories on the background, SURF keypoint descriptors
and dense optical flow are used for feature point matching between frames to
eliminate or mitigate the impact of camera motion. Use L1 regularization to
normalize the obtained features. Unlike the BoF encoding method used in DT
algorithm, iDT algorithm adopts Fisher Vecor encoding and then uses SVM for
classification. The IDT algorithm, as the best traditional algorithm in action
detection, has excellent performance and robustness, achieving an accuracy of
91.2% on the UCF50 dataset and 57.2% on the HMDB51 dataset.

Video Action Recognition Method Based on Deep Learning. The pro-
cess of video action recognition based on deep learning can be divided into two
main steps: feature extraction and action classification. In the feature extraction
stage, we need to extract useful features from the video for subsequent classifi-
cation tasks. In the feature extraction stage, the commonly used method is to
use CNN to process video frames and extract spatiotemporal features. In the
action classification stage, various deep learning models can be used to classify
the extracted features. Through these methods and techniques, we can better
utilize deep learning to achieve video action recognition, providing more accurate
results for practical applications.

Our Method. This study proposes eigenvectors based evaluation method to
assess the AI generated videos after cutting and determine whether the cut-
ted short videos meet the evaluation criteria. This algorithm uses linear algebra
knowledge in mathematics to process the eigenvectors of images, and uses cor-
relation threshold to calculate the similarity between images. We propose the
concept of “orthogonal value” to evaluate the minimum “orthogonal value” of
the eigenvectors of the first frame of a generated short video and the last frame
of another generated short video. With a selected threshold of 0.75, the accuracy
of evaluation method is 99%, achieving good results.

2 Related Work
2.1 Image Clustering

Image clustering algorithms include traditional image clustering algorithms and
deep learning based image clustering algorithms. Image clustering refers to clas-
sifying images in image datasets based on their features, so that images in the
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same category have high similarity in features, while images in different cate-
gories have significant differences in features.

Traditional Image Clustering Algorithms. Traditional image clustering
algorithms include K-MEANS algorithm, DBSCAN algorithm, and spectral clus-
tering algorithm. Spectral clustering algorithm is a clustering method based on
graph theory, with the basic steps: 1. Constructing a similarity matrix: For a
given dataset, the similarity between them needs to be calculated first. Similar-
ity calculation can be selected based on the characteristics of the corresponding
dataset. Usually, methods such as Euclidean distance and cosine similarity can
be used to calculate similarity and obtain a similarity matrix. 2. Constructing
Laplacian matrix: Based on the similarity matrix, a Laplacian matrix can be con-
structed. The Laplacian matrix is obtained by regularizing the similarity matrix,
and can be constructed in two ways: diagonal matrix and adjacency matrix. 3.
Solving eigenvalues and eigenvectors: By performing eigenvalue decomposition
on the Laplacian matrix, a series of eigenvalues and corresponding eigenvectors
can be obtained. 4. Select eigenvectors: Based on the eigenvectors corresponding
to the first K smallest eigenvalues, these eigenvectors form a low dimensional
space, and the original dataset is projected into this low dimensional space. 5.
Clustering: The K-MEANS algorithm can be used to perform clustering anal-
ysis on the projected dataset to obtain the final clustering results. The biggest
advantage of spectral clustering algorithm is that it can effectively solve the clus-
tering problem of high-dimensional data. The main disadvantage is that multi-
ple parameters need to be selected during the implementation of the algorithm,
and the selection of these parameters has a significant impact on the clustering
results.

Deep Learning Based Image Clustering Algorithms. Deep learning based
image clustering algorithms are methods of using deep learning models for clus-
tering analysis. Deep learning clustering methods typically involve the following
three steps: 1. Encoding data using deep learning models such as autoencoders,
variational autoencoders, etc. 2. Cluster using encoded data. 3. Evaluate and
visualize the clustering results. The core concepts of deep learning clustering
include: 1. Encoder: a function that converts raw data into low dimensional
representations. 2. Decoder: A function that converts low dimensional represen-
tations back to the original data. 3. Loss function: a function used to evaluate
the performance of encoders and decoders. With the flourishing development
of deep learning [3,6,10,13], many researchers have turned their attention to
deep unsupervised feature learning and clustering [2,4,9]. Jianlong Wu et al.
[12] proposed a new clustering framework called Deep Comprehensive Corre-
lation Mining (DCCM), which addressed the clustering problem by propos-
ing triplet mutual information between features, elevating recently discovered
instance level deep mutual information to a triplet structure, further facilitating
the learning of more discriminative features. The advantage of this method is
that it has achieved good performance, such as a clustering accuracy of 62.3% on
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CIFAR-10, which is 10.1% higher than the state-of-the-art results. The disadvan-
tage is that DCCM still lacks local robustness in data transformation, extrac-
tion of relationships between the same data in different network layers, and
mutual relationships between other samples. Mathilde Caron et al. [1] proposed
a new unsupervised method for end-to-end learning of convnets, which itera-
tively clustered the features generated by convnets using k-means and updated
their weights by predicting the clusters as pseudo labels in the discriminative
loss. The disadvantage is that the computational cost is high, and this algorithm
requires clustering of all data points every iteration.

2.2 Video Action Recognition Method

Video action recognition methods include traditional video action recognition
methods and deep learning based video action recognition methods. Video action
recognition is an important research direction in the field of computer vision,
which involves automatically analyzing the actions of people or objects in videos
and classifying them into specific categories. Video action recognition technol-
ogy achieves accurate classification and recognition of actions by analyzing the
temporal information between image frames in the video.

Traditional Video Action Recognition Technology. Traditional video
action recognition technology mainly includes three steps: feature extraction,
feature encoding, and classifier construction. Feature extraction is the most crit-
ical step among them. Feature extraction involves extracting special relationships
between video frames through techniques such as frame difference and optical
flow, and converting them into a digital feature matrix. In the IDT method,
Fisher Vecor was used to encode the features, and then SVM classifier was used
to classify the encoded features.

Video Action Recognition Methods Based on Deep Learning. There
are many video action recognition methods based on deep learning. Limin Wang
et al. [11] proposed a temporal segmentation network framework consisting of a
spatial stream convolutional neural network and a temporal stream convolutional
neural network, aiming to use the visual information of the entire video for video
level prediction. The advantage is that it solves the problem of large computa-
tional complexity in long videos, but the disadvantage is that it performs poorly
when dealing with short-term actions. Boyuan Jiang et al. [5] proposed a simple
and effective STM network that effectively encodes spatiotemporal and motion
features. The advantage is that the effect is very good on many datasets, includ-
ing Something, Kinetics, Jester, UCF101, and HMDB-51 all achieving SOTA,
but the disadvantage is that they cannot compare to TSM method in terms of
time performance. Yan Li et al. [7] proposed a Time Excitation and Aggregation
(TEA) block, which included a Motion Excitation (ME) module and a Multi
Time Aggregation (MTA) module, specifically designed to capture short-term
and long-term temporal evolution. The advantage is that the ME module is used
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to replace the traditional manual extraction of optical flow, which was input into
a 2D convolutional network-based dual flow framework for action recognition,
solving the problem of time-consuming and storage required for optical flow
calculation. The disadvantage is that it requires abundant computing resources.
Zhaoyang Liu et al. [8] proposed a new time modeling module called TEI module,
which decoupled the task of time feature learning into channel level enhancement
and local time interaction, and can achieve significant improvements over previ-
ous time modeling methods at lower computational costs. The disadvantage is
that it requires abundant computing resources.

3 Our Method
3.1 The Main Idea of Our Method

We mainly use eigenvectors in linear algebra to process images, and then use
correlation threshold to evaluate the different cutted short videos. Each evalua-
tion compares the minimum “orthogonal value” of the eigenvectors of the first
frame of one short video and the last frame of another short video.

The calculation of eigenvectors and eigenvalues has a wide range of appli-
cations in machine learning, signal processing, quantum mechanics, and other
fields. Eigenvalues and eigenvectors are fundamental concepts in linear algebra.
If matrix A is multiplied by a non-zero vector x, the result is:

Az = cx (1)

where ¢ is a scalar, then c is the eigenvalue of A, and x is the corresponding
eigenvector. It should be noted that the eigenvector is a non-zero vector, so the
solved x value cannot be a zero vector.

The Physical Meaning of Eigenvectors and Eigenvalues. The physical
significance of eigenvectors and eigenvalues mainly lies in their description of the
properties of vector scaling and direction invariance in linear transformations.
The size of the eigenvalue indicates the degree of stretching of the eigenvec-
tor in a certain direction. For an image, it can be converted into a matrix of
grayscale values, and different linearly independent eigenvectors become basis
vectors, forming a linear space.

3.2 The Implementation Steps of the Method in this Article

The implementation steps of this method in this article are image preprocessing,
calculating the eigenvalues and eigenvectors of the image, and then using relevant
threshold to evaluate the minimum “orthogonal value” of corresponding rows of
eigenvectors of the first frame of one short video and the last frame of another
short video.
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Image Preprocessing. This article uses the transforms function to transform
the image in the preprocessing steps, adjusting the image size to (256, 256) size.
There are many image preprocessing operations that can be selected and com-
bined according to specific application scenarios and model requirements, such as
normalizing, flipping, rotating, and filtering images. This article simply uses the
method of adjusting image size, which does not require a lot of computational
complexity and time cost.

Processing the Eigenvalues and Eigenvectors of an Image. Processing
the eigenvalues and eigenvectors of an image is a fundamental concept in linear
algebra. This article generates a grayscale image from a color image (usually com-
posed of three channels: red, green, and blue) by calculating the average value of
each pixel across all channels. Subsequently, the grayscale values of the image are
used to calculate the eigenvalues and eigenvectors. The eigenvalues are sorted
in ascending order, and the eigenvectors are arranged correspondingly to the
eigenvalues. Subsequently, calculate the minimum “orthogonal value” between
the corresponding rows of the eigenvectors of the first frame of one short video
and the last frame of another short video.

Selection of Threshold. This article uses a threshold of 0.75 to evaluate the
minimum “orthogonal value” between the corresponding rows of the eigenvectors
of the first frame of a short video and the last frame of another short video. The
input of the program is two images, namely the first frame of a short video and
the last frame of another short video. The eigenvalues are sorted in ascending
order, and the eigenvectors are arranged correspondingly to the feature values.
Then, the minimum “orthogonal value” between the corresponding rows of the
eigenvectors of the first frame of one short video and the last frame of another
short video is calculated. The calculation method of the “orthogonal value” is as
follows: 1. Calculate the cosine value between the corresponding rows of eigen-
vectors of two images to calculate the similarity value, with a threshold range
of [-1,1]. 2. According to the threshold range of cosine values, the calculation
method for “orthogonal values” is:

Orthogonal wvalue =1 — |cosine value| (2)

The reason for using this calculation formula is that the closer the cosine
value between vectors is to 1, the more similar the vectors are. After using this
formula, it means that the closer the “orthogonal value” between vectors is to
1, the less similar the two vectors are.

The reason for setting the threshold to 0.75 is that if it is lower than the
threshold of 0.75, the evaluation result of this threshold is meaningless, because
for short videos with different source materials, the minimum “orthogonal value”
between the corresponding rows of eigenvectors in the first frame of one short
video and the last frame of another short video is basically greater than 0.75.
When the threshold is higher than 0.75, the evaluation accuracy of this threshold
will gradually decrease.
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Evaluation Methods and Criteria. We conduct experiments on different
generated short videos, with a total of 33 materials. The number of combina-
tions of different short videos between each pair is 33 * 32 = 1056 combinations.
Our evaluation method is: if the minimum “orthogonal value” between the cor-
responding rows of the eigenvectors in the first frame of one short video and the
last frame of another short video is less than 0.75, then it can be determined
that these two short videos belong to the same video sequence, have the same
materials and scenes, and are not included in the accuracy. The accuracy of this
evaluation method is 99.62%.

4 Dataset

The dataset we use is obtained from promotional videos on the Sora website,
which contains 33 source materials. We manually cut the videos into 33 subfold-
ers, each with a corresponding video frame sequence for experimentation and
evaluation (Figs.1 and 2).

Fig. 2. The first and last frames of another generated video in the dataset
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5 Experimental Results and Evaluation

We arrange and combine 33 generated short videos, with 1056 different combi-
nations of short videos between each pair. We select the threshold and conduct
experiments to calculate the accuracy. The calculation method for accuracy is: if
the minimum “orthogonal value” between the corresponding rows of the eigen-
vectors of the first frame of one short video and the last frame of another short
video is greater than or equal to 0.75, it is included in the accuracy (Fig.3 and
Table 1).

5

Fig. 3. Only display one frame and the next frame of the generated video

Table 1. The relationship between threshold selection and accuracy

Selection of threshold/0.75 0.8 0.85 ]0.9/0.95
Accuracy 99.62%(87.02%/13.92%|0%|0%

To demonstrate the effectiveness of our method, we conduct comparative
experiments on the entire promotional video and calculate the minimum “orthog-
onal value” between the eigenvectors of the two frames before and after. The
accuracy obtained is 77.78%. This indicates that our evaluation method is more
effective and accurate (Table 2).

Table 2. Comparative experiment with a threshold of 0.75

Compared frames|two different generated short videos/the entire video
Accuracy 99.62% 77.78%
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6 Limitations of Our Method

We propose an eigenvector based evaluation method for assessing cutted short
videos from Al generated videos and determining whether the cutted videos meet
the evaluation criteria. Our evaluation method is: if the minimum “orthogonal
value” between the corresponding rows of the eigenvectors of the first frame of
one short video and the last frame of another short video is less than 0.75, it can
be determined that these two generated short videos belong to the same video
sequence, have the same materials and scenes. The limitation of our method is
that it cannot detect all generated videos belonging to the same video sequence.
According to experiments, the minimum “orthogonal value” between the cor-
responding rows of the eigenvectors of the generated videos of the same video
sequence can be greater than 0.75. Our evaluation method can be used as a
supplementary detection method, which is a limitation of our approach.

7 Conclusion

We propose an evaluation method for generated video after cutting based on
eigenvectors, and its code implementation link is https://github.com/freezepara-
dox/Image-Clustering- Algorithm. We propose an eigenvector based evaluation
method to assess the cutted short videos from Al generated videos and determine
whether the cutted videos meet the evaluation criteria. This evaluation method
has a good effect, with accuracy of 99% when the selected threshold is 0.75.
Our method can be applied to evaluate whether the cutted short videos from Al
generated videos are accurately cutted, which has practical significance.

Statement. Our method only uses open-source datasets and there are no conflicts of
interest.

References

1. Caron, M., Bojanowski, P., Joulin, A., Douze, M.: Deep clustering for unsupervised
learning of visual features. In: European Conference on Computer Vision (2018)
2. Chang, J., Wang, L., Meng, G., Xiang, S., Pan, C.: Deep adaptive image clustering

(2017)

3. He, K., Zhang, X., Ren, S., Sun, J.: Deep residual learning for image recognition
(2015)

4. Ji, P., Zhang, T., Li, H., Salzmann, M., Reid, I.: Deep subspace clustering network
(2017)

5. Jiang, B., Wang, M., Gan, W., Wu, W., Yan, J.: STM: spatiotemporal and motion
encoding for action recognition (2019)

6. Li, X., Wu, J., Lin, Z., Liu, H., Zha, H.: Recurrent squeeze-and-excitation context
aggregation net for single image deraining (2018)

7. Li, Y., Ji, B., Shi, X., Zhang, J., Kang, B., Wang, L.: Tea: temporal excitation and
aggregation for action recognition (2020)

8. Liu, Z., et al.: Teinet: towards an efficient architecture for video recognition (2019)


https://github.com/freezepara-dox/Image-Clustering-Algorithm
https://github.com/freezepara-dox/Image-Clustering-Algorithm
https://github.com/freezepara-dox/Image-Clustering-Algorithm
https://github.com/freezepara-dox/Image-Clustering-Algorithm
https://github.com/freezepara-dox/Image-Clustering-Algorithm
https://github.com/freezepara-dox/Image-Clustering-Algorithm
https://github.com/freezepara-dox/Image-Clustering-Algorithm
https://github.com/freezepara-dox/Image-Clustering-Algorithm

168 J. Yu et al.

9. Peng, X., Xiao, S., Feng, J., Yau, W., Yi, Z.: Deep subspace clustering with sparsity
prior (2016)
10. Wang, F., et al.: Residual attention network for image classification (2017)
11. Wang, L., et al.: Temporal segment networks: towards good practices for deep
action recognition (2016)
12. Wu, J., et al.: Deep comprehensive correlation mining for image clustering (2019)
13. Xie, X., Wu, J., Zhong, Z., Liu, G., Lin, Z.: Differentiable linearized ADMM (2019)



q

Check for
updates

Joint Optimization of Task Scheduling
and Resource Allocation for Hierarchical
Federated Learning

Nan Ding!, Tianshu Huang?®, and Liutao Zhao?

1 Beijing Nickle Net Computer Technology Co., Ltd., Beijing 100192, China
2 Guangxi Botanical Garden of Medicinal Plant, Beijing 530012, China
huangts@gxyyzwy.com
3 Beijing Academy of Science and Technology, Beijing 100094, China

Abstract. With the explosive growth of IoT devices and data volumes, tradi-
tional centralized machine learning methods can no longer meet the demands
of modern application scenarios. Hierarchical Federated Learning (HFL), as an
enhanced federated learning framework, builds a multi-level collaborative mech-
anism among devices at different layers. It ensures data security while maintain-
ing high scalability, offering broad application prospects. However, existing HFL
schemes still face numerous challenges in task scheduling and resource allocation.
This paper proposes a joint optimization solution to address the task scheduling
and resource allocation problems within the HFL framework. Firstly, we model
the task scheduling and resource allocation problem in the HFL system as a con-
strained optimization problem, with the objective of minimizing global training
time and energy consumption. Subsequently, we introduce a hybrid heuristic opti-
mization algorithm to solve this problem. This hybrid algorithm leverages the
strengths of both PSO and SA, enabling fast solutions while reducing the likeli-
hood of getting trapped in local optima. Experimental results demonstrate that our
algorithm can efficiently complete task scheduling and resource allocation in the
hierarchical federated learning system with high quality.

Keywords: Hierarchical Federated Learning - Task Scheduling - Resource
Allocation

1 Introduction

In today’s data-driven world, Federated Learning (FL) has emerged as an innovative dis-
tributed machine learning paradigm, allowing multiple participants to collaboratively
train a model without sharing raw data. This effectively addresses the issue of data silos
while ensuring data privacy. The basic framework of FL involves a central server and
multiple edge devices or clients, where the core principle is to keep the data “station-
ary”—meaning that model updates are aggregated centrally, rather than transferring the
data itself. However, in practice, as the number of participants grows, traditional FL
faces challenges such as low communication efficiency and increased network latency,
particularly in large-scale cross-regional deployments.
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Hierarchical Federated Learning (HFL) is an advanced distributed machine learning
framework that introduces an intermediate layer (e.g., edge servers or regional centers)
into the traditional client-server architecture, forming a multi-tiered communication and
computational structure. The core concept of HFL is to offload part of the aggregation
work to intermediate layers closer to the data source, thereby significantly reducing the
communication load on the central server and improving the overall communication
efficiency and system responsiveness. Additionally, HFL exhibits greater scalability,
supporting a wider range of distributed learning environments, while enhancing system
robustness to better handle challenges such as heterogeneous data distributions and vary-
ing computational resources. Therefore, HFL not only optimizes resource utilization but
also facilitates cross-organizational collaborative learning while preserving data privacy.

In federated learning, task scheduling and resource allocation refer to how to effi-
ciently assign computational tasks and resources in heterogeneous computing environ-
ments. Since the devices participating in FL differ significantly in terms of computa-
tional power, memory, and network bandwidth, intelligent task scheduling algorithms
are required to dynamically allocate tasks and optimize resource usage to overcome the
challenges posed by device heterogeneity. Proper scheduling and resource allocation
can enhance overall learning efficiency and accelerate model convergence. Conversely,
improper task scheduling and resource allocation can lead to a range of issues in FL,
including low training efficiency, slow model convergence, increased communication
costs, and resource wastage. Specifically, poor scheduling might overload certain clients
while leaving others idle, negatively impacting the quality of the global model. Addition-
ally, inefficient resource allocation can exacerbate network congestion, prolong train-
ing cycles, and potentially prevent some clients from participating due to insufficient
resources, ultimately affecting the stability and reliability of the entire FL system.

Compared to single-layer FL, hierarchical federated learning faces even more com-
plex challenges in task scheduling and resource allocation. In particular, coordination
across multiple layers requires efficient task assignment and resource utilization mech-
anisms not only between clients and edge servers but also between edge servers and
the central server to prevent any layer from becoming a bottleneck in the system. The
increased complexity of the system means that more communication paths and poten-
tial data synchronization issues must be managed, especially during data transmission
and model updates across different layers. The broader heterogeneity also demands that
scheduling algorithms flexibly adapt to differences in hardware, network conditions,
and computational capacities across layers, ensuring that the system maintains high per-
formance and stability even in the face of network instability or limited computational
resources.

In this study, we address the challenge of optimizing both task scheduling and
resource allocation within the HFL system by framing it as a constrained optimiza-
tion problem. We introduce a hybrid heuristic algorithm designed to tackle this issue,
which devises strategies for both task scheduling and resource management in HFL. The
experimental results indicate that our proposed approach excels in reducing latency and
minimizing energy consumption.
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2 Related Works

In recent years, conducting machine learning within wireless edge networks has become
a focal area for researchers. In traditional machine learning practices, users’ local data
must be uploaded to cloud servers with substantial computational power for centralized
model training. This system architecture typically consists of a central cloud server and
multiple participating nodes responsible for collecting data. However, in such a scenario,
the massive data upload not only consumes considerable energy but also increases com-
munication latency. For participants handling sensitive data, there is an added risk of
privacy breaches.

To address these challenges, researchers have focused on developing distributed
machine learning solutions. Notably, Google first introduced the concept of Federated
Learning (FL) in 2017 [1].

In the traditional two-tier federated learning framework, terminal devices interact
directly with a central server, uploading locally trained model parameters for global
model updates. However, in the hierarchical federated learning (HFL) architecture [2—
4], the concept of edge computing is introduced, where edge servers act as intermediaries
between terminal devices and the central server. The primary role of the edge server is
to receive local model parameters from terminal devices and perform preliminary model
aggregation at the edge level. The aggregated model parameters are then uploaded to the
central server for further global model fusion and updates. This hierarchical approach
significantly reduces the data transmission between terminal devices and the central
Server.

Federated learning still faces several challenges, including consistency [5, 6]. To
improve the efficiency and resource utilization in FL, some studies have focused
on optimizing task scheduling and resource allocation within federated learning
frameworks.

For instance, in reference [7], researchers aimed to minimize training energy con-
sumption under delay and bandwidth constraints while using federated learning to train
machine learning models. They formulated an optimization problem to minimize train-
ing latency. Additionally, they compared training latency performance under different
transmission strategies. In addressing the power control problem, FAROOQ et al. [8]
proposed an innovative approach by transforming the originally non-convex optimiza-
tion problem into a convex programming problem. Based on this transformation, they
applied Nesterov’s smoothing technique and the accelerated projected gradient method
to solve the transformed convex problem.

Some works focused on the long-term energy consumption constraints of terminal
devices, aiming to maximize the number of devices participating in training during each
cycle. This study transformed the original problem using the Lyapunov optimization
framework, utilizing only the current cycle’s Channel State Information (CSI), ensuring
that devices could meet long-term energy constraints while analyzing the upper bounds
of long-term learning performance and energy consumption.

In the context of hierarchical federated learning, some works proposed an optimiza-
tion strategy that minimizes the weighted sum of training latency and energy consump-
tion by designing bandwidth allocation and device association strategies. An iterative
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optimization method was employed to efficiently determine the optimal resource man-
agement strategy for a single edge server. Additionally, the study introduced a heuristic
device association method, consisting of device migration and device swapping steps,
which could achieve convergence within a few iterations.

3 Joint Optimization of Task Scheduling and Resource Allocation
for Hierarchical Federated Learning

In a typical hierarchical federated learning (HFL) framework based on a cloud-edge-end
architecture, there are three main entities: terminals, a cloud server and edge servers.
Terminals collect data and maintain local datasets, with limited computational capabil-
ities. They perform local training based on their datasets and send local model updates
to the edge server for aggregation, while synchronizing the aggregated model from the
edge server. Each edge server is associated with multiple terminals and acts as the aggre-
gation center for those terminals, receiving their local model updates and executing edge
aggregation.

In this paper, we focus on optimizing task scheduling and resource allocation in
hierarchical federated learning to improve resource utilization in the federated learning
system. The key concerns are federated learning efficiency and the energy consumption
of the terminals. The efficiency of federated learning is measured by the total time
required for global training. In the system considered in this paper, terminals establish
connections with edge servers via wireless networks, while edge servers connect to the
cloud server via optical fiber. Therefore, the global training time is primarily determined
by the local training time at the terminals and the communication delay between terminals
and edge servers, while the model aggregation and distribution delays are ignored.

For task scheduling, we relax the typical constraint in federated learning that data
must remain local, allowing some terminals with limited computational resources to
offload their computational tasks to edge server by uploading their data. The edge server
aggregates the uploaded data from the associated terminals as a local dataset, performs
local training, and participates in edge aggregation.

In terms of resource allocation, since multiple terminals are connected to edge servers
via wireless networks, bandwidth allocation is a critical factor that determines the model
update transmission delays from terminals to edge servers, thus affecting the overall
efficiency of the federated learning process.

The hierarchical federated learning architecture in this paper is shown in Fig. 1,
which includes M terminals and N edge servers. Terminal v; maintains its own local
dataset D;. ID;| represents the sample size of the dataset. The association relationship
between terminal v; and edge server s; is represented by x; ;. Specifically, if x; ; = 1, it
means that s; and v; are associated, otherwise x; ; = 0. V; represents the set of terminals
associated with edge server s;. The computing resources of terminal v; are defined as
fi, and the computing resources of edge server s; are defined as g;. The amount of data
unloaded by terminal v; to the associated edge server is o;;. The delay of terminal v;
performing local training is

¢ x Ex(D; — 0j)

’ fi

t{ocal _
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Fig. 1. System architecture diagram

The number of CPU cycles required to train a single sample is represented by E,
which represents the number of local training rounds.
The local training latency of the edge server can be expressed as

edge _ ¢ X E X} ey, 0

J qj

Under Shannon’s theorem, the transmission rate between terminal v; and the
associated edge server is defined as

hP;
ri = Bjjlog,| 1+ >

where Bj; represents the bandwidth of the communication link between terminal v; and
server sj, h represents the channel gain, P; represents the transmission power of terminal
vi, and o represents the noise power. The local model update upload delay of terminal
v 18

w _ vl

i

i

In the formula, |w| represents the size of the model parameters.
The energy consumption of terminal v; performing local training and edge server s;
performing local training are defined as

Elgacal — tl!ocal * P}/

Edge __ edge s
Ej = tj * Pj
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where P} and Pj‘? represents the energy consumption of terminal and edge servers
performing floating-point calculations.
The data transmission energy consumption of terminal v; is
up __ _up up
E" =16"%P;
where P;‘p represents the energy consumption of the terminal to transmit data through

the wireless network.
The time required for the global training of federated learning is

; ed, . .
Tirain = max(max (6™ +17), %), i <M,j < N

The energy consumption of global training performed by federated learning is
R local up Edge
Etram - ZifMEi + Ei + ZJfNE/

In this paper, task scheduling and resource allocation optimization in a hierarchical
federated learning system is modeled as an optimization problem, which aims to achieve
higher federated training efficiency and lower energy consumption by adjusting the
amount of tasks offloaded from each terminal to the associated edge server. This problem
can be formally expressed as

mSlnf $) = mgn(Ttrain (S) + V.Eyain(S))

st.y Bj<B.j<N
i€V

0<o0;<D;,i<M

The solution to the optimization problem in this paper is defined as S =< O, B >,
where O is a vector representing the task scheduling strategy of each terminal, and B
is a vector representing the bandwidth between each terminal and the associated edge
server. V is a weight measurement.

The joint optimization problem of task scheduling strategy and bandwidth resources
is an NP-hard problem. This paper proposes a hybrid algorithm. The core idea is to use
PSO for global search and introduce SA’s local search at the appropriate time to avoid
falling into the local optimum and improve the accuracy of the global optimal solution.

In the PSO part of this algorithm, the particle swarm searches for the optimal solution
by iteratively updating the position and speed in the global search space. After PSO
searches to a certain stage, the global optimal solution or specific particles are selected
for SA local optimization. The introduction of SA can help to jump out of the local
optimal solution.

In the PSO-SA hybrid algorithm, the particle swarm is first initialized, a group of
particles are randomly generated in the search space, the initial position and speed of
the particle swarm are set, and the initial temperature 7'(0) of the simulated annealing
is set. Then PSO is executed, and the speed and position of PSO are updated during
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this process, and the optimal solution is searched through group cooperation. The speed
update formula is as follows

Vi(t + 1) = wv;i(t) + c1r1(pi (1) — x;(1)) + car2(g(®) — x; (1))

where o is the inertia weight, which controls the influence of the current speed. ¢ and
¢ are learning factors. r| and ry are random numbers between [0,1]. p;(¢) is the current
individual optimal position of particle i. g() is the global optimal position of the particle
group.

The particle position update formula is:

x,(t+1)=x;(t) +vit + 1)

Through iterative updates, particles gradually approach the global optimal solution.
After several iterations (or when the global optimal solution is no longer significantly
improved), SA local optimization is introduced for the optimal particle to jump out of the
possible local optimal area. The objective function of simulated annealing is the same
as that of PSO. After each local perturbation, the energy difference is calculated:

AE =f(x) —f(x)

where x/ is a new solution generated by random perturbation.
If the new solution x/ is better than the current solution (i.e. AE < 0), it is directly
accepted; otherwise, the worse solution is accepted with probability P:

(-7)
P =exp -

where T is the current temperature, which decreases gradually with each iteration. The
temperature T decreases according to the following formula:

T+ 1) =aT(t)

where « is the temperature attenuation coefficient.

The algorithm concludes upon reaching the maximum number of iterations, or the
temperature 7 drops to a sufficiently small value, or the improvement of the solution is
less than the preset threshold.

4 Experiments

In the experimental setup, we configured a hierarchical federated learning (HFL) system
comprising one cloud server, four edge servers, and multiple terminal devices. Each
terminal was assigned different transmission power levels and computational capacities.
The maximum transmission power for the terminal devices was set to 20 dBm, and the
maximum computational power of each terminal was set to 2 GHz. The number of CPU
cycles required to process the data depends on the structure of the terminal devices’
chips, and the effective switching capacitance for each terminal device was set to 1 x
10~27. The total bandwidth allocated for each edge server was 10 MHz.
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During the federated learning process, the training model used was a convolutional
neural network (CNN) with a total parameter count of 1 x 10°. The CIFAR-10 dataset
was used for training, which is an image dataset comprising 10 classes. For benchmarking
purposes, we used the algorithm from reference [2] as the comparison algorithm in our
experiments (Fig. 2).
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Fig. 2. Comparison of time delay in a round of global training

First, we compared the time taken for a single round of global aggregation between
the two algorithms under different numbers of terminal devices. The results showed that
our method has a significant advantage in terms of latency compared to HireFAVG. On
the one hand, by offloading some computational tasks to the edge servers, our method
fully utilizes the computational resources of the edge servers, accelerating the federated
training process. On the other hand, the total time for global training in the HireFAVG
method is affected by slower devices.We also observed that as the number of terminal
devices increases, the reduction rate of the time required for a round of global aggre-
gation in our method gradually slows down. This is because with an increasing number
of terminals, the proportion of transmission time in the total global aggregation time
increases, making it difficult to further reduce the overall training latency solely by
decreasing the local training time (Fig. 3).

Next, we compared the energy consumption for executing a round of global training
between the two algorithms under different numbers of terminal devices. Our obser-
vations showed that, as the number of terminals increases, the energy consumption for
both algorithms exhibits an upward trend. This is primarily because, although the overall
training task remains constant, introducing more terminals results in higher transmission
energy consumption. Compared to HireFAVG, our method demonstrates a significant
advantage in terms of energy efficiency. The modeled optimization problem effectively
guides a more optimal task scheduling strategy and communication resource allocation.
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Fig. 3. Comparison of energy consumption in a round of global training

As the number of terminals increases, the energy consumption of our method approaches
linear growth. This increase is mainly attributed to the additional communication energy
required between the newly added terminals and the edge servers.

5 Conclusion

This paper proposes a joint optimization scheme for task scheduling and resource alloca-
tion in a hierarchical federated learning system. By offloading computational tasks from
certain terminals to edge servers and allocating communication resources to terminal
devices efficiently, the proposed approach improves federated learning efficiency and
resource utilization. The task scheduling and resource allocation problem in the hierar-
chical federated learning system is modeled as a constrained optimization problem, and
a hybrid heuristic optimization algorithm is designed for rapid problem-solving. Com-
pared to the benchmark methods, our approach demonstrates significant advantages in
both latency and energy consumption.
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Abstract. The changes in power load patterns and distribution locations pose
significant challenges to the stability and long-term development of the smart
grid system. Therefore, it is of great significance for power grid planning. The
rationality of grid planning directly affects the stability and reliability of the smart
grid system. This paper proposes a smart grid planning data decision scoring
model based on random forest (RF-ETOPSIS). Firstly, a scoring mathematical
model based on controller sorting was designed to score the grid planning data.
Afterwards, a data decision-making method for grid planning based on adaptive
random forest was proposed, which improves the accuracy of decision-making
by constructing multiple decision trees. In the experimental phase, the proposed
model shows 24.7% higher average performance than related models.

Keywords: Power Grid - Planning Data - Decision Scoring Model - Random
Forest

1 Introduction

Smart grid integrated operation system is a comprehensive system integrating advanced
information technology, communication technology, control technology and artificial
intelligence algorithm [1, 2]. It monitors, analyzes and predicts the operating state of
the power grid in real time, and automatically generates or assists the generation of
power grid operation, maintenance and expansion decisions according to the operation
objectives, constraints and optimization criteria of the power grid [3-5]. By adopting
a centralized unified management mode, the integrated operation system can centrally
monitor each decentralized power grid module, coordinate the allocation of resources
among the modules, meet the power needs of users, ensure the stable operation of the
power grid and the reliability of the power supply, reduce the system operating costs,
and achieve the best economic benefits [6-8].

However, the dynamic nature of smart grid load, the uncertainty brought by various
renewable resources and the variability of user behavior make its optimization problems
particularly complicated, and the traditional constrained optimization methods based on
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mathematics are often difficult to search for the optimal solution when dealing with such
problems [9-12]. Therefore, the integrated scoring model can provide a more flexible
and adaptable solution to help the integrated operating system make more accurate and
efficient decisions in the dynamic and changing grid environment by evaluating the
effects of different decisions.

The current comprehensive scoring models, such as fuzzy comprehensive evaluation
method and TOPSIS method, have some applicability in some scenarios, but they have
obvious limitations in dealing with the integrated operation of smart grid. Specifically,
fuzzy comprehensive evaluation method can deal with uncertain information, it still has
subjectivity in determining fuzzy membership degree and weight, and the calculation
process is complex, which is difficult to adapt to the needs of real-time decision making
[13—15]. The TOPSIS method assumes that all indicators are in the same direction, that
is, the higher the better or the lower the better, but in a smart grid, some indicators may
have an optimal range, rather than a simple extreme value. For example, the load rate
of the grid is too high or too low, which can adversely affect the stability of the grid.
These methods often ignore the feedback mechanism and time series changes within
the power system, and fail to fully consider load fluctuations, resource uncertainties and
user behavior changes, which makes it difficult to achieve accurate decision support in
practical applications [16-18].

To deal with these issues, this paper proposes a smart grid planning data decision
scoring model based on random forest (RF-ETOPSIS). The main contributions of this
study are as follows:

e A mathematical model for smart grid planning decision scoring based on controller
sorting is designed, and a terminal equipment data scoring model based on adaptive
random forest is constructed.

e A multi-attribute decision-making method based on adaptive random forest is
proposed, which can dynamically analyze the key performance indicators of the
controller, including response time, reliability, energy consumption, etc.

The rest of this paper is as follows: Section 2 reviews the related work. Section 3
introduces the proposed decision scoring model. Section 4 shows the experimental results
of the proposed model. Section 5 concludes this paper.

2 Related Work

In this section, we introduce the relevant research on random forest and smart grid
decision system, respectively.

2.1 Random Forest

Random forest is a popular machine learning method for developing predictive models.
Speiser et al. [19] proposed a technique to assess different variable selection in the
setting of random forest classification, to determine the optimal method based on the
application. Schoppa et al. [20] proposed a flood flow simulation model based on random
forest. The results show that random forest has a strong competitiveness in middle and
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low flood magnitudes simulation. Jackins et al. [21] proposed an intelligent prediction
scheme for clinical diseases based on random forest, which classifies many diseases
such as diabetes, heart disease, cancer, etc. to check whether patients are affected by the
disease.

To accurately predict short-term power grid load, Fan et al. [22] proposed a hybrid
model, that hybridizes the random forest and mean generating function. The authors
used the time variable, random forest forecasting value, and forecasting value as input
variables for the hybrid model. The experimental results indicate that the hybrid model
has high accuracy in predicting short-term load. It is difficult for traditional methods
to predict heart disease. Asadi et al. [23] proposed a prediction model combining the
random forest and multi-objective particle swarm optimization. The model adopts an
evolutionary multi-objective approach, with each training each tree having different
samples and features. Chen et al. [24] proposed a risk assessment model based on
random forest to realize early warning of security risks of large-scale group activities,
and the classification accuracy of the assessment model reached 0.86.

Random forest is also widely used in economic forecasting scenarios. Yoon et al.
[25] proposed a GDP growth prediction model based on random forest and gradient
boosting model. The model uses the cross-validation process to choose the optimal
hyper parameters. Liu et al. [26] proposed a lithium-ion battery classification framework
based on random forest. The framework not only achieves reliable classification of
electrode properties, but also effectively quantifies the manufacturing feature importance
and correlations.

2.2 Smart Grid Decision System

Lu et al. [27] proposed a supplementary electricity price decision system based on
reinforcement learning to minimize electricity payment and consumption dissatisfaction
of grid end users. Integrating active distribution network functionality into distributed
energy resources is a challenging problem. Therefore, Zadsar et al. [28] proposed an
active distribution network operation decision framework based on two stage risk. The
first stage is to consider the uncertainty of renewable resources, electricity prices, and
customer loads. The second stage aims to keep the shed load at minimum level.

Islam et al. [29] proposed a centralized control strategy based on the Internet of
Things, using differential evolution optimization algorithm to coordinate the distribution
of electric vehicles and distributed energy sources. Jiang et al. [30] applied the heuris-
tic intelligent neural decision support system to renewable energy systems, optimizing
algorithm methods to improve local energy production and forecast energy.

3 Proposed Decision Scoring Model

In this section, we propose a load decision scoring model based on adaptive random
forest, which integrates real-time data and dynamically adjusts decision parameters to
achieve accurate evaluation of terminal load data. This model consists of four phases: 1)
Data conversion phase: the terminal equipment data is preprocessed; 2) Weight calcula-
tion phase: using naive Bayes theory to determine the importance of controller attribute
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parameters; 3) Utility evaluation phase: Utility evaluation of terminal equipment is car-
ried out by multi-attribute decision-making method based on alternative scheme and
compromise ranking to improve the stability of controller ranking; 4) Stability predic-
tion phase: Adaptive random forest classifier is used to score the scores of smart grid
terminal devices.

3.1 Data Conversion Phase

The choice of terminal devices can be defined as a multi-attribute decision problem with
K terminal devices defined Tg = {Tg1, T2, - - - , TEx}, where K > 2. Each terminal
device has L properties P = {P1, P, - - - , Pr}. Atthe same time, a performance matrix is
constructed Pk, where K = {1,2,--- , (X -1),--- X}, L={1,2,--- ,(Y—=1),---Y}:
Ten Teiz -+ Teiv—vy - Teiy
Tex Tex -+ Texv—1y -+ Treoy

Pra=| . ° S o (1)
Tex—n1 Texx -2 - TeEx—n -1 - TEx -1y

Text Tex2 - Texo-n - Texy  |y.y

The sliding window average method is used to remove noise, and the outliers in the
data set are detected and processed in real time. Different data sources may have different
dimensions and numerical ranges, direct use of raw data may result in too much or too
little weight for certain features, which can affect the final utility evaluation. Therefore,
data need to be normalized to ensure that each feature’s contribution to utility evalua-
tion is fair. The further processed dimensionless performance matrix NPk is obtained
by normalizing the performance matrix in the range [0,10]. The Pk; is normalized as
follows:

T
NPk = ( EXY ) * 10, VY is a benefit attribute. 2)
Texy
IS
NPy = <ﬂ> % 10, VY is a cost attribute. 3)
Tgxy

where, ISt,, is calculated in Py, from the minimum value miny 7% of the cost attribute
and the maximum value max,, T of the benefit attribute.

3.2 Weight Calculation Phase

This section uses the data set to determine the weights of individual attributes, which
influence the final result and the selection of alternatives. The traditional approach is
to use feature selection methods in machine learning to obtain weights from data sets.
These methods usually determine the weight based on the degree of influence of the
independent variable on the dependent variable, and the more influential the feature, the
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higher the weight [31]. However, in multi-attribute decision analysis problems, since
each criterion may be treated as a dependent variable and no single criterion can be
used as a benchmark for all other criteria, traditional feature selection methods may
not be suitable. This is because criteria in a multi-attribute decision analysis problem
are often interdependent, and the importance of each criterion to the decision may vary
from situation to situation. In this study, we consider the interdependence of multiple
response variables and criteria, and use naive Bayes method combined with real-time
data to dynamically calculate important controller attribute parameters to make effective
decisions.

First, the Tsallis-Havrda-Charvét entropy metric method is used to determine the
initial weights of controller attribute parameters, as follows:

THC j
Wit =5— )

j=1

where, WTHC is the weight of the j-th controller property, and e; is the entropy of the
Jj-th controller property.

Then the projection distance Bpyy between each reference value and the target value
is calculated using the bidirectional projection metric method, as shown below:

1Bpil| 11T pill
Bem(Bpi, Tpi) = &)
UBpil | 1 Tpil | + 11 1IBpill = 1 Tpil | (Bpi-Tpi)
where, [|By;||, ||Tp;|| are the Euclidean norms of the reference value and the target value,
respectively.
The projection metric weights for each controller attribute are as follows:
Bpm (Bpi, Tpi)
PM pi> 1p
WM = — (6)
> Bem(Bpi, Tpi)
j=1
Finally, use Bayesian formula to recalculate the weights of the criteria:
N(THN(T;/R
N(T/R) = — (TN (Z;/R) )
> N(THN(T/R)

j=1

where, N'(7;) = N represents the initial weight of the j-th attribute 7j; R represents
events, which obtain new weights for attributes through different weighting methods;
N (T7;/R) represents the recalculated attribute weights. Recalculate the attribute weights
using the geometric mean method as input for the third stage, as shown below:
Wi
Wi = ®)

m
2 Wij
i=1
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3.3 Utility Evaluation Phase

First, a multi-attribute decision method based on alternative and compromise ranking is
used to evaluate the performance of terminal device controller parameters and capture the
nonlinear relationship between them and ranking stability. Then, the utility value of each
terminal device relative to best reference value (BRV) and worst reference value (WRYV)
can be obtained by calculation to distinguish its positive utility and negative utility. Then
the utility function of each terminal device is established to comprehensively consider
its positive utility relative to BRV and negative utility relative to WRV. Finally, a utility
function matrix is obtained through utility function to achieve decision scoring of power
grid planning data.

3.4 Stability Prediction Phase

Using UF gz, matrix as input, the adaptive random forest classifier is used to predict the
stability of power grid planning, which mainly includes three parts: 1) The adaptive
random forest classifier builds an adaptive decision tree on the data instances of terminal
devices, 2) predicts the stability of each terminal device in real time, and 3) selects the
best power grid planning by majority voting.

4 Experiment

4.1 Experimental Setup

The experiment uses Dell PowerEdge T150 server, equipped with Intel Xeon E-2378
processor (8-core 16 thread, 2.6 GHz clock speed, 16 M cache), supporting Turbo to
65 W and 3200 MT/s memory speed. Equipped with 32 GB ECC memory (4x8GB
UDIMM) to ensure data accuracy. In terms of storage, three 2TB SATA 6 Gbps 7.2 K
hard drives are used to support large amounts of data storage.

Table 1. Controller attribute parameter settings.

Classification Property Load Signal strength Sweep frequency
Reference value 3 50% —70 dbm 1000 ms
Target value 10 80% —30 dbm 100 ms

In the experiment, the reference value and target value of controller properties are
set, as shown in Table 1.

The benchmark value for controller load is set to 50%, which is the minimum avail-
able memory percentage, to avoid overload, and the target value is set to 80% to maintain
stable system operation under ideal conditions while having sufficient margin to handle
unexpected situations; The Bluetooth signal strength usually ranges from —70 dBm to
—30 dBm; The benchmark value for scanning frequency is 100 ms, but the transmission
effect may be insufficient. The target value is set at 1000 ms to improve the data update
speed with a faster scanning frequency. Table 2 provides a detailed record of the attribute
values of some controllers at a specific moment in time.
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Table 2. Observation values of four controllers.

Number Property Load Signal strength Scanning frequency
1 9 75% 38 dbm 155 ms
2 8 40% 64 dbm 855 ms
3 8 54% 42 dbm 855 ms
4 10 69% 55 dbm 155 ms

4.2 Performance Comparison

Figure 1 shows a comparative analysis of increasing, decreasing, and linear functions.
These functions can calculate the corresponding utility value based on the specific value
of each indicator, providing a more accurate basis for decision scoring.

0.8

Utility value

0.0 0.2 0.4 0.6 0.8 1.0
Attribute value

Fig. 1. Contrast of utility function.

To further verify the ranking stability of the proposed RF-ETOPSIS in dealing with
controller availability, assume that the top two controllers in the smart grid system fail
simultaneously. Figure 2 shows that the ranking stability of relevant decision model
fluctuates significantly with the increase of the number of controllers, which is related to
the maximum value of dependent controller attributes in the forward process. Once the
maximum value is removed, the ranking results will change dramatically, resulting in
unstable ranking stability. RF-ETOPSIS showed high ranking stability, and its fluctuation
range remained near the level of 1. The stability of RE-ETOPSIS was improved by 24.7%
compared to other model.

In addition, by comparing the average value of the first ranked controller attributes
with the reference value, the experimental data obtained are shown in Fig. 3, which
further indicates that the decision result of RF-ETOPSIS is reasonable.
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Fig. 2. First comparison of RF-ETOPSIS stability.
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Fig. 3. Second comparison of RF-ETOPSIS stability.

5 Conclusion

In order to improve the stability of smart grid system, this paper proposes a smart
grid planning data decision scoring model based on random forest. In the process of
decision scoring, the adaptive random forest can comprehensively analyze performance
indicators and provide optimal control decisions. The experimental results show that the
performance of RF-ETOPSIS has improved by 24.7% compared to the relevant models.
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Abstract. Concrete-filled steel tubular (CFST) columns are widely used in the
construction of civil engineering structures due to their excellent structural perfor-
mance, which are able to utilize advantages of both concrete and steel materials.
The axial compressive strength is considered to be one of the most critical param-
eters used in the design of CFST columns, and different formulae have been
provided in codes and specifications to predict the design strength values. In this
paper, 1581 CFST column concentric compressive load test data points are col-
lected from a variety of scientific literature published in China, USA and Japan
to establish an extensive database. Random forest (RF) algorithm is adopted to
predict the axial compressive strength of CFST columns by using a randomly
assigned test set from the database. Two types of features are selected as key
input parameters in the development of RF model, including basic parameters and
intermediate parameters. In particular, indirect parameters with physical meanings
defined in Chinese design codes are used as input features. The comparison of the
proposed RF model with the existing code-specified equations underscores the
efficiency and accuracy of RF technique in the predication of axial compressive
strength. Furthermore, higher prediction accuracy is achieved by machine learn-
ing techniques based on intermediate parameters than those based on original
parameters.

Keywords: Axial Compression Capacity - Code-specified formulae - Machine
Learning - Random Forest

1 Introduction

Concrete-filled steel tubular (CFST) column is a composite structural member formed
by pouring concrete into the steel pipe, which has been widely used as key load carrying
components in building structures due to the superior structural efficiency [1]. The con-
finement effect of the outer steel tube significantly enhances strength and deformability
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of the concrete inside, and the local buckling induced failure of the steel tube itself can
also be delayed with the help of the infilled concrete core. In particular, circular sections
are more popular in the engineering practice as compared to other cross-section shapes
of CSFT columns because of the superiority in the confinement effect and aesthetics [2],
as shown in Fig. 1. The axial compressive strength is considered to be one of the most
critical parameters used in the design of CFST columns. Different formulae have been
proposed by scholars and also specified in codes to predict the design strength, but the
format and accuracy vary from one equation to another.

(a) Schematic diagram of CFST column (b) CFST columns in building structures

Fig. 1. CFST column and the application in building structures.

To achieve a quick and reliable prediction, this paper explores the application of
the machine learning technique in determining the axial compressive strength value of
CFST columns. As a multidisciplinary approach, machine learning techniques have been
successfully applied in several research areas in the structural engineering. Mangalathu
et al. [3] utilized artificial neural network (ANN) technique to identify the failure mode
and predict the ultimate strength of reinforced concrete beams. Luo et al. [4] evaluated
the effective stiffness of concrete columns with support vector machine (SVM) algo-
rithm. Tran et al. [5] predicted the axial compression capacity of square concrete-filled
steel tubular (SCFST) columns using the ANN technique. Jiang et al. [6, 7] and Xiao
et al. [8] compared the efficiency and accuracy of several machine learning techniques
in the identification of failure patterns of reinforced concrete-steel plate shear walls.
Nguyen et al. [9] utilized the extreme gradient boosting (XGBoost) algorithm to pre-
dict the punching shear resistance of reinforced concrete interior slabs without shear
reinforcement. Nikbin et al. [10] proposed an empirical formula for the prediction of
concrete fracture energy based on the ANN technique. Nguyen et al. [11] developed a
machine learning-based formulation to predict the shear capacity of squat flanged RC
walls. In this paper, the random forest (RF) algorithm is used to predict CFST columns’
axial compressive strength values, and the effect of feature selection on the prediction
accuracy of RF models is further evaluated.
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2 Experimental Database

Because it is quite difficult for one researcher to obtain sufficient experimental test
data for machine learning algorithm training, a variety of scientific literatures pub-
lished in China, Japan, U.S. and other countries are collected to assemble an extensive
database consisting of 1581 concentric compressive test data points. The axial com-
pressive strength of CFST columns are affected by geometric characteristics, material
properties and other relevant parameters. Key basic parameters include the outer diam-
eter of the circular cross section (D), the thickness of the steel tube (), the length of the
CFST column (L), the yield stress of the steel tube ( fy), and the concrete compressive
strength (f). Table 1 presents the minimum value, maximum value, mean value and
standard deviation of aforementioned five basic parameters. In the established database
for concentric loaded CFST samples, the outer diameter of the cross section (D) and the
thickness of the steel tube (¢) vary from 25.4 mm to 477.0 mm and 0.5 mm to 12.8 mm;
the length of the CFST column (L) ranges from 150 mm to 4365.0 mm. The geometric
dimensions are suitably used for low, medium and high-rise buildings. As for the mate-
rial properties, the steel yield strength is up to 853.0 MPa and the concrete compressive
strength is up to 145.0 MPa, which vary from the normal to the high strength of both
steel and concrete materials.

Table 1. Statistical information on basic parameters of CFST column database.

Parameters D/mm t/mm L/mm fy/MPa fek/MPa
Min 254 0.5 150 178.3 6.1
Max 477.0 12.8 4365.0 853.0 145.0
Mean 140.7 3.8 916.0 335.5 39.1
Stv 71.5 2.15 790.4 83.1 21.8

Figure 2 depicts statistical distributions of each considered variable together with
the fitted distribution curve. It can be seen that the distribution of basic parameters
is preferably described by two types of functions: Lorentz function (i.e. D, t, and L)
and Lognormal function (i.e. f, and f). Besides, several basic statistical features are
also indicated in Fig. 2. In particular, the coefficient of determination R? is regarded
as an evaluation criterion in the selection of the appropriate function to approximate
distribution, which is expressed in Eq. (1). A more ideal approximation will be obtained
when the value of R? is closer to 1.

> (& — )

)’

6]

where %; is the predicted value, x; is the true value, and X; is the mean value.



192 B. Suet al.

o Min.=25.40 Max.=450.0 Ave.=137.85 R*=0.992 © Min.=0.50 Max.=12.8 Ave =381 R?=0.988
q ~—- Lorentz it ~—- Lorentzfit
* \ [ Data 35 =3 Data
\\
30 ] % 30
{ e
A \ g”®
) [ i 3
20 1 520
El ] 3
g ! h g
i 15 I \ L 15
1
10 10
5 5
0 ® v ] .3 ) ® o 0
AV o® @ gt 5\ ? & o G
‘i" ,\16'\ \\Q"\ \@Qﬂ' 1\h'\' '&\’5'@@5'5 B'A @1"‘
D (mm) t (mm)
(a) Outer diameter, D (mm) (b) Steel tube thickness, # (mm)
- Min.=150.00 Max.=5560 Ave.=937.73 R?=0.997 % Min.=178.30 Max.=853.0 Ave.=335.90 R2=0.981
55 === Lorentz fit ==+ Lognormal fit
\ 3 Data 3 == Data
50 1
\
5 \ 0
40 ¥
~ ~ 2
£ &
g 3 )
g ]
g2 g
[ T 15
20
15 10
10
5
5
o -
Q—@P“ ot @ g et e e® b e B R N N L
W @0 e @® 5 @@m 2 Y 0® RO RS T A g gt
L (mm) f, (MPa)
(c) Length, L (mm) (d) Steel yield strength, £, (MPa)
Min.=6.10 Max.=244.8 Ave.=40.75 R?=0.998
. ==+ Lognormal fit
= B = Data
) \

©
&

Frequency(%)
3 ® 8

1]
[}
]
I
]
]
]
1
]
I
1
1
]
]

fex (MPa)

(e) Concrete compressive strength, f., (MPa)

Fig. 2. Frequency distribution diagram for basic parameters of CFST columns.
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3 Machine Learning Technique

3.1 Random Forest (RF) Algorithm

As a powerful machine learning approach, RF generates an ensemble of decision trees
and merges them together to achieve the prediction more accurately and stably, as shown
in Fig. 3. By using a bootstrap sample of the training dataset, each decision tree is created
independently, and then the average output value from individual trees in the forest is
utilized to make the decision [6]. In the RF algorithm, extra randomness is brought in
the selection of a subset of features. Thus, RF is able to search for the best feature when
splitting a node. The RF model implementation generally provides a wide diversity and
returns satisfactory predicted values.

X dataset

M, samples M, samples M, samples M, samples

N, features N, features N, features N, features
e e e e
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Fig. 3. Illustration of random forest algorithm [12].

3.2 Input Feature Selection

Appropriate feature selection causes a great influence on the prediction accuracy and
computational cost of the machine learning technique. In terms of axial compressive
strength prediction for CFST columns, two types of features can be selected as input
variables in the development of RF model, including basic parameters and intermedi-
ate parameters. The basic parameters and the corresponding statistical properties have
been illustrated in the previous section. As for the intermediate parameters, scholars and
engineers can define them with specific physical meanings through the combination of
basic parameters. Herein, we use indirect parameters specified in two Chinese design
standards, CECS 254 (Technical specification for solid and hollow concrete-filled steel
tubular structure) and CECS 28 (Technical specification for concrete-filled steel tubu-
lar structures), as input features. In the standard CECS 254, the design value of axial
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compressive strength for the CFST column is determined by Egs. (2)—(8):

No = Ascfsc (2)
fie = (1.212 + BO + CO>)f, (3)
=2 “
Uge = A,
fy
0 = a2 5
“ ©)
N, = ¢Ny (6)

1 [ - -2 - 1 =2
o= F[x + (14 0.25%,) — [)\SC (14 O.25ASC)] — 45 7

sc
— A
T = o5 /ﬁ_f ~ 0.012,.(0.001f, + 0.781) ®)
SC

g

where Ay is the CFST composite section area, fc is the CFST compressive strength, Ag
and A, are section areas of the steel tube and in-filled concrete, respectively, o is the
steel ratio, 0 is the confinement coefficient, fy is the steel yield strength, f is the concrete
compressive strength, B and C are the shape coefficients on the confinement effect, ¢ is
the stability coefficient, Ay is the slenderness ratio, XSC is the regular slenderness ratio,
and E. is the CFST material modulus.

As for the standard CECS 28, Egs. (9)-(13) are provided to calculate the design
value of axial compressive strength for the CFST column:

Ny = ¢epiNo ®)
No = 0.94fe(1 + ), 0 < =1 (10)
No = 0.9Acfe(1 + VB +0), 0 > L
A
ngf (11)
JcC

PePl = $0 (12)

o =1 —0.115\/(%7—4), k>4

where o is the factor related to the concrete strength grade, ¢, is the eccentricity

coefficient, ¢; is the slenderness coefficient, and L, is the effective column length.
Figure 4 shows parameter systems extracted from design equations provided by the

standards CECS 254 and CECS 28. Variables marked with the blue box are selected as
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intermediate parameters for RF model training. The CFST composite section area, Ay,
CFST compressive strength, f'sc, CFST material modulus, E., and the slenderness ratio,
Asc, are referred to CECS 254, while the concrete section area, A, slenderness coefficient,
@1, concrete strength grade related coefficient, a, concrete compressive strength, f ., and
confinement coefficient, 6, are defined in CECS 28.

Table 2 and Table 3 list the minimum values, maximum values, mean values and
standard deviations of intermediate parameters referred to the standards CECS 254 and
CECS 28, respectively. Figure 5 shows statistical distributions of intermediate parameters
together with fitted distribution curves. Three main types of functions approximately
describe the distribution of intermediate parameters: Lorentz function (i.e. Agc, fsc» Esc,
and 6), Gaussian function (i.e. As.), and Lognormal function (i.e. A, ¢;, and fx). In
addition, several statistical features are also indicated in Fig. 5.
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(b) Feature selection based on code CECS 28

Fig. 4. Key features selection based on two Chinese design codes.

Table 2. Statistical information on code CECS 254-based intermediate parameters of CFST
column database.

Parameters Asc /mm? fsc/MPa Esc/MPa Asc
Min 506.7 20.6 33806.6 0.03
Max 817128.2 364.1 158037.8 2.3
Mean 23304.6 94.5 71261.3 0.3
Stv 9160.9 85.9 77571.9 0.13
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Table 3. Statistical information on code CECS 28-based intermediate parameters of CFST

column database.

Parameters Ac/mm? fcx/MPa o 0 0]
Min 437.4 22.8 1.8 0.03 0.2
Max 786529.5 323.8 2.0 26.7 1
Mean

20798.7 93.5 1.9 1.6 0.9
Stv 42670.0 90.3 0.1 0.9

In the determination of the axial compressive strength of CFST columns, the correla-
tions between different parameters should be carefully checked to avoid multicollinear-
ity. Figure 6 shows the Pearson correlation coefficient matrix for all basic and inter-
mediate parameters. The darker color with the coefficient closer to 1 reveals the higher
correlation.

4 Results and Discussion

4.1 Accuracy Evaluation

Figure 7 shows the comparison of axial compressive strength values determined by RF
models and code formulae. Dash lines indicate different levels of errors in the figure.
According to the calculated coefficient of determination R?, it is found that the proposed
RF models show more accurate axial compressive strength prediction as compared to
the existing code-specified equations. Furthermore, slightly higher prediction accuracy
is achieved by RF algorithm techniques based on intermediate parameters than those
based on original parameters.

4.2 Feature Importance

Shapley Additive exPlanations (SHAP) technique is further adopted herein to better
explain the RF model and identify the importance of various input features. Figure 8
shows the SHAP value plot and Beeswarm plot for all basic and intermediate parameters.
The range and distribution of input variables on the axial compressive strength prediction
can be highlighted in the plots, which are colored according to their values from high
(red) to low (blue). It can be seen that geometric dimensions are more important than
material strength properties. In particular, the section area and outer diameter are two
crucial parameters. Note that although the confinement coefficient is considered to be a
key design variable in the design standards, the Beeswarm plot indicates its low level of
importance.
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5 Conclusion

An extensive database consisting of 1581 CFST column axial compressive load test data
points is established in this paper to develop appropriate RF models for predicting the
design strength values. Both basic parameters and intermediate parameters are selected
as key input features in the development of RF model. SHAP technique is further utilized
to better explain the RF model and identify the importance of various input features.
The comparison of the proposed RF model with the existing code-specified equations
underscores the efficiency and accuracy of RF technique in the predication of axial com-
pressive strength. In addition, higher prediction accuracy is achieved by machine learning
techniques based on intermediate parameters than those based on original parameters.
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Abstract. Treatment with anti-epileptic drugs (AEDs) exerts a certain
degree of ameliorative effect on brain activity and cognitive functioning.
This study presents a comprehensive analysis of electroencephalogram
(EEG) features during and after AEDs treatment for Benign Epilepsy of
Childhood with Centrotemporal Spikes (BECTS) patients. Experimental
results demonstrated an increase in o band activity during AEDs treat-
ment and a decline in cognitive performance accompanied by a high kur-
tosis value. Following the treatment with AEDs, there was a reduction in
«a band activity and an improvement in cognitive performance, accom-
panied by a narrowing of the inter-individual differences. The results
indicate that AEDs may enhance cognitive function by suppressing «
band activity, which facilitating the guided use of AEDs and cognitive
enhancement.

Keywords: Electroencephalogram - Anti-epileptic drugs - Cognitive
function - Feature analysis

1 Introduction

Epilepsy exhibits close association with the cognitive development [1,2], espe-
cially Benign Epilepsy of Childhood with Centrotemporal Spikes (BECTS) [3].
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Patients may experience cognitive impairment and subsequently receive a diag-
nosis of epilepsy [4]. A significant number of frequent short-term epilepsy dis-
charges (IEDS) are observed with high frequency during non-rapid eye movement
sleep (NREM) in EEG of BECTS [3]. These epileptic discharges have been linked
to a decline in cognitive function in these patients [5], such as memory problems
[6]. The cognitive impairments may be linked to diminished functional connec-
tivity and structure of the brain [7]. Anti-epileptic drugs (AEDs) represent the
primary treatment option for BECTS [8,9]. For the early years of BECTS, AEDs
contribute to the modulation of enhanced brain connectivity [10]. The impact
of AEDs on sleep and cognitive function is complex and contingent upon the
specific context. While some studies have demonstrated the potential benefits of
AEDs in improving sleep quality [11], others have reported adverse effects [12].
Consequently, the scientific analysis of the EEG across different stages of AEDs
treatment has the potential to inform subsequent treatment strategies and facil-
itate cognitive enhancement, thereby improving the orientation of clinical and
therapeutic interventions.

Currently, the principal study on AEDs conditions is that of clinical out-
comes. AEDs are effective in the management of epilepsy [13], and most of
patients will ultimately require treatment with multiple antiepileptic drugs
(AEDs) [14]. Nevitt et al. demonstrates that for individuals with focal onset
seizures, carbamazepine and lamotrigine, and levetiracetam (LEV) exhibit the
most favourable profile in terms of treatment seizure [15]. Brivaracetam (BRV)
is also a type of AEDs as an adjunctive therapy for epileptic individuals [16].
Operto et al. observed that patients treated with LEV exhibited a notable
enhancement in cognitive performance [17,18]. Li et al. demonstrated that the
cognitive abilities of patients are below the level observed in typically devel-
oping children, as measured by the Wechsler Intelligence Scale for Children,
Fourth Edition (WISC-IV) [19]. It can be reasonably deduced from the findings
of Strzelczyk et al. that LEV potentially exert beneficial influences for cogni-
tive functioning [20]. It is evident that there is a notable absence of literature
examining the relationship between EEG and cognitive outcomes in patients
undergoing treatment with AEDs. With the aim of attaining a profound compre-
hension of the AEDs influence on EEG, we carried out the subsequent study: (1)
Group analysis: The different stages of AEDs treatment and cognition groups
are analysed. Our findings indicate that while individuals within the a band
who are undergoing AEDs treatment with poor cognition may exhibit height-
ened susceptibility, this could be evidence to suggest that they may benefit from
treatment. (2) Individualized analysis: Individualized analyses were conducted
within different stages of AEDs groups. The investigation confirmed that sig-
nificant inter-individual differences were observed among individuals undergoing
AEDs treatment, suggesting that the efficacy of AEDs varies among patients.

Figure 1 shows the experimental flowchart of this paper, the purpose of which
is to analyze the effect of AEDs across various stages and levels of cognition
for BECTS patients. It consists of three primary components: preprocessing,
feature extraction, and analysis. Preprocessing involves several steps, including
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filtering, channel selection and fragmentation. All features consist of statistical
parts, time-domain elements, frequency-domain elements, and nonlinear parts
are extracted. Statistical Analysis such as Mann-Whitney U test and linear cor-
relation analysis are employed.

Preprocessing Feature Extraction Analysis
EEG during AEDs treatment stage Statistical Time Domain — I —
1 Tt Featare Mann-Whitney U test Treatment Stage
l‘;onlmear Freql;:n( Domain Inter group ::::':‘Egsmage
eature eature

5 q Statistical Featu
Lmear Correlation - B
- Time Domain Feature
» Intra group ! Nonlinear Feature
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Fig. 1. The flowchart of experiment aims to analyze the effect of AEDs across various
stages and levels of cognition for BECTS patients.

2 Methods and Results
2.1 Dataset

The EEG dataset was collected from the Fourth Affiliated Hospital of Zhejiang
University. The individuals are diagnosed with BECTS, who were monitored for
approximately eight hours NREM sleep. The dataset comprises EEG record-
ing from two groups of patients: 10 patients undergoing AEDs treatment and
10 patients who have completed their AEDs treatment. The group undergoing
treatment is denoted as Group 1, while the completion treatment is denoted as
Group 2. The patients were administered a Wechsler Intelligence Test under the
guidance of a clinical psychologist. The final test results yielded 4 indexes for each
subject: Verbal Comprehension Index (VCI), Perceptual Reasoning Index (PRI),
Working Memory Index (WMI), and Processing Speed Index (PSI). Besides,
Full-Scale IQ (FSIQ) score is usually used to evaluat to the overall cognition for
tester. The sum of the 4 indexes represents the cognitive level. When FSIQ is
greater than 85 and the sum of the 4 indexes is less than 400, it indicates poor
cognition. Conversely, when FSIQ exceeds 85 and the sum of the 4 indexes sur-
passes 400, it means good cognition. Table 1 lists the dataset details, including
information on age, sex, selected channel, FSIQ, VCI, PRI, WMI and PSI.
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Table 1. Dataset Specifications

Group |Subject|Age|Sex Channel FSIQVCIPRIWMIPSI
Groupl|#1 8 M |C4 92 [102 100 | 91 | 77
#2 9 [F |Cz 96 [108 | 92| 97 | 86
#3 9 M Cz 93 |103| 92 88 | 95
#4 8 F |C4 98 [108 |104 | 88 | 83
#5 8 M C4 85 | 86| 94| 85 | 86
#6 16 F |C4 99 |100 122 88 | 74
#7 7 |[F T4 113 106 127 | 97 [102
#8 15 M T4 126 [120 (130 {109 |[116
#9 7 M |C4 113 |120 102 | 85 |131
#10 14 M |Cz 108 |108 [122| 94 | 95
Group2|#1 14 F T4 91 | 94| 82| 91 [110
#2 12 M T4 99 |100 116 | 88 | 83
#3 15 |[F |C4 112 |122 114 | 88 |104
#4 13 [F |Cz 130 |129 127|109 (122
#5 14 |F T4 102 |103 |104 | 94 [102
#6 12 M |Cz 129 122 125 109 [128
#7 13 M |Cz 103 122 |96 |103 | 89
#8 10 M Cz 108 |137 /100 100 | 83
#9 14 M |Cz 113 126 120 | 91 | 92
#10 9 M T4 107 |103 116 | 97 |104

2.2 EEG Preprocessing and Feature Extraction

EEG signals are preprocessed according to the following steps: (1) Signal filter-
ing: An effective from 0.5 to 70 Hz band-pass filter, and 50 Hz notch filter are
employed to eliminate artifact interference. (2) Channel selection: It is deter-
mined that a lower standard deviation is deemed less susceptible to interference
for channel. “Channel” in Table1 refers to the channel selected by standard
deviation for each EEG channel. (3) Data slicing: The selected EEG channel is
segmented into 30-second intervals with the 50% overlap to facilitate subsequent
feature extraction. The numbers of samples during and after AEDs treatment
are 9113 and 13279, respectively.

From the preprocessed EEG data, we extracted 11 features for each segment:
3 features in statistics including mean (u), variance (var) and median (median);
2 features in the time domain: namely skewness (ske) and kurtosis (kur); 3
relative power spectral densities (PSD) in the frequency domain: denoted as p(d),
p(f) and p(«), and 3 nonlinear features: Hurst exponent (Hurst), approximate
entropy (ApEn) and sample entropy (SampEn). The formulas for these features
are shown in Table 2, where z represents discrete EEG sequence and N denotes
the number of sample points.
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Table 2. Features Description

Feature [Equation
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2.3 Analysis

Statistical Analysis. In order to assess the differences observed during and
after AEDs treatment, the Mann-Whitney U test was utilized, considering the
non-normal distribution and unequal variances of the EEG features. The results
consistently yielded pto assess the differences observed during and after AEDs
treatment-values below 0.001, indicating a statistically significant difference.
Figure 2 illustrates the distribution of relative PSD ratio in 4, 6, and « bands,
which indicates EEG « band activity is heightened during AEDs treatment.
It follows that AEDs perform epilepsy treatment by suppressing « activity of
the EEG. Following the treatment with AEDs, a significant decrease in EEG
« activity is observed, accompanied by a substantial reduction in the incidence
of spikes. These findings suggest that AEDs exert their therapeutic effect on
epilepsy by suppressing the high-frequency activity observed in the EEG.

With a view to comprehend the effects of AEDs treatment, we conducted
frequency band-specific analyses, building upon the results obtained in the pre-
vious study. The features extracted for each frequency band, aside from those
in the frequency domain, were subsequently analyzed using the Mann-Whitney
U test. The numerical results are shown in Table 3. Nearly all features showed
significant differences within § band, with the exception of mean (p = 0.619)
and Hurst (p = 0.048). The results indicate that EEG activity undergoing and
following AEDs treatment exhibits a high degree of similarity with respect to
long-term memory in §. In  and « bands, only the mean and variance exhibited
no significant differences between groups, with p-values less than 0.001 for the
remaining features. There was a continued prevalence of « activity and large
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Fig. 2. Relative PSD Ratio distribution of §, # and «. Blue and red line represent
distribution during and after AEDs treatment, respectively. (Color figure online)

Table 3. Results of Mann-Whitney U test

Feature|u Var Median Ske Kur Hurst |ApEn [SampEn
Ps 0.619/ < 0.001 < 0.001< 0.001/< 0.0010.048 |< 0.001< 0.001
po 0.352|< 0.001/0.015 |< 0.001/< 0.001|< 0.001/< 0.001|< 0.001
Pa 0.056|< 0.001/0.147 |< 0.001/< 0.001|< 0.001/< 0.001|< 0.001

number of spikes in EEG, which could be exploited as a means of identifying an
appropriate treatment strategy for patient during AEDs treatment stages.

Correlation Analysis. A linear correlation analysis was conducted to exam-
ine the relationship between different features intra each groups, during AEDs
treatment, after AEDs treatment, respectively. The Pearson correlation coeffi-
cient, which ranges from —1 to +1, was employed, quantifying the correlation for
each features. Values ranging from +1 to —1 indicate a gradual transition from
positive to negative correlation. The majority of features exhibited a low cor-
relation, suggesting minimal redundancy among them. Entropy-based features
demonstrated a negative correlation with time domain features, particularly in
f and « bands during the treatment stages of AEDs. Entropy-based features
reflect the complexity and irregularity of EEG, whereas time-domain features
represent the waveform of EEG. Based on the aforementioned analysis, it can be
inferred that EEG in « band is more active during AEDs treatment, resulting
in enhanced complexity and the presence of numerous spikes. The irregularity
of EEG is closely related to the dominant waveform.

Cognition Analysis. BECTS patients undergoing and after AEDs treatment
are categorised into poor and good cognition groups based on WISC-IV scores.
This section examines the relationship between kurtosis and cognitive levels
within the same AEDs treatment group. Kurtosis can be employed to describe
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Fig. 3. Distribution and trend of kurtosis in §, 6 and «. The blue line represents poor
cognition, while the red line represents the distribution good cognition. (Color figure
online)

the signal peak sharpness [21] to reflect the waveform. As illustrated in Fig. 3, it
is notable that during AEDs treatment, differences between those with good and
poor cognition are observed in a band. Patients with poor cognition exhibited
an average kurtosis of approximately 10, in contrast to approximately 5 for those
with good cognition, indicating a significant gap of approximately 5 between the
groups. Patients with poor cognition exhibit higher values, indicating that the
peak in EEG, such as epileptic discharges, is more pronounced in patients with
poor cognition. Furthermore, as frequency bands increase, kurtosis values for
patients with poor cognitive abilities exhibit a marked upward trend, while those
for patients with good cognitive abilities show a slight downward trend. This
trend could be attributed to heightened high-frequency a band activity, such as
epileptic discharges, which significantly impair cognition in patients with poor
cognitive abilities. Similarly, after AEDs treatment stages, minimal disparity is
observed between patients with poor and good cognitive abilities across all three
frequency bands. It can be observed that AEDs treatment appears to suppresses
these « activity, such as epileptic discharges, which has the effect of impacting
patients cognition to some extent.

Individual Analysis. With the aim of examining the relevance of different
patients, we conducted a study of the EEG features during and after AEDs treat-
ment, utilising kurtosis and SampEn. Figure4 shows the average feature values
for each patient across three frequency bands, with individuals on the x-axis,
features on the y-axis, and feature values represented by bar height. Figure4 (a)
illustrates the variations in kurtosis in o band among individuals during AEDs
treatment, with most individuals having an average value around 5. However,
casel, cased and caseb exhibit considerably elevated bar heights in comparison
to the others. Similarly, the average values of kurtosis in 6 for these cases are
slightly higher. In Fig. 4 (b), casel and case4 stand out from the others regard-
ing SampEn in «, despite the majority of individuals having average values of
approximately 0.4 and 0.3. SampEn can be used to describe the complexity of
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Fig. 4. Average value of features among individuals in d, 6 and «. (a) and (b) repre-
sent kurtosis and SampEn during AEDs treatment. (c) and (d) represent kurtosis and
SampEn after AEDs treatment.

EEG [22]. The observed variability within the group may be attributed to differ-
ing levels of AEDs tolerance among patients, which in turn resulting in varying
effects on @ EEG activity. Following AEDs treatment, there is a reduction in
the variability among individuals. Figure 4 (c) and (d) demonstrate that kurtosis
value in three frequency bands is slightly uneven among patients, but the bar
heights of SampEn are almost the same. This indicates that the patient’s con-
dition has improved, resulting in more stable and normal EEG brain activity,
particularly in a band.

The probability density curves of SampEn is plotted as Fig. 5 to understand
the impact of AEDs for individuals deeply. The probability density distribution
of SampEn for 6 is more dispersed, spanning a larger range. In case 7, the values
range from 0.15 to 0.3 and the distribution is relatively sharp. For «, half of the
individuals are centred between 0.25 and 0.5. Besides, a few are extremely dis-
persed. These observations demonstrate differences in # and o among individuals
during AEDs treatment. SampEn metric serves as an indicator of complexity.
Therefore, when it exhibits higher complexity during AEDs treatment, it sig-
nifies heightened activity within the EEG [23]. Following treatment, there is a
reduction in inter-subject variability. The probability density distributions of
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Fig. 5. Probability density distribution of SampEn in §, # and «. (a), (b) and (c)
represent distribution during AEDs treatment. (d), (e) and (f) represent distribution
after AEDs treatment.

SampEn for individuals following AEDs treatment exhibit a greater degree of
concentration than those observed during AEDs treatment, particularly in «
band. The distributions exhibit a tendency to range between 0.3 and 0.5.

3 Conclusions

Our study sought to explore the effects of AEDs on BECTS patients. All 20
patients with BECTS were kindly included in this study, consisting of 10 patients
undergoing AEDs treatment and 10 patients who had completed AEDs treat-
ment. A total of features were thoughtfully extracted for our analysis, including
3 statistical features, 2 time-domain features and 3 nonlinear features, which
were utilized for both statistical and individual analyses. Furthermore, the
patients were categorized into two groups according to their cognitive perfor-
mance, assessing by the WISC-IV scores, with the objective of conducting a
cognitive analysis. The findings of the experimental study yielded several signif-
icant insights: (1) EEG activity in o band was found to be more pronounced
during the stages of AEDs treatment compared to post-treatment. This find-
ing can provide a significant foundation for customizing the treatment related
epilepsy. (2) The complex EEG activity observed during AEDs treatment exhib-
ited a higher degree of inter-individual variability compared to that observed
post-treatment. Therefore, it is important to develop an individualized treat-
ment plan for each patient, taking into consideration their specific AEDs tol-
erance. (3) In the exploration of cognitive groupings, kurtosis has proven to be
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a noteworthy indicator of visible differences between individuals with good and
poor cognition. The presence of o band activity may result in alterations to the
structure of the brain network, subsequently exerting an impact on the patient’s
cognitive abilities. This study may serve as a valuable reference for future AEDs
treatment and provide insights into the cognitive changes associated with AEDs
for BECTS patients. However, the type of epileptic syndrome categories analy-
sis of AEDs effects was not conducted as the limited sample size. Future studies
could explore the role of AEDs for cognitive development in greater detail.

Ethical Standards. This study has been approved by the Ethic Committee of the
Forth Affiliated Hospital of Zhejiang University. All patients gave their informed con-
sent prior to their inclusion in the study.
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Abstract. Aiming at the problem of low grading accuracy caused by illumination
non-uniformity of light source in an intelligent grading equipment for flue-cured
tobacco, an optimization solution to improve the non-uniformity was proposed.
Firstly, a 54-point measurement method was proposed to measure the illumination
non-uniformity of the light source, and the problem of illumination non-uniformity
of the light source of the used equipment was analyzed. Secondly, the optimization
solution of LED line light source and LED surface light source was proposed, and
the variance, standard deviation and coefficient of variation of light source illumi-
nation were calculated, and the illumination uniformity was analyzed. Finally, the
LightGBM model was used to verify the rationality of the optimization solution.
The results showed that the illumination uniformity and image sample grading
accuracy of the optimized light source were better than those of the old light
source to meet the accuracy requirements of the actual acquisition of flue-cured
tobacco.

Keywords: Light source - Optimization solution - [llumination uniformity -
LightGBM

1 Introduction

As an important part of machine vision and image processing system, the intensity,
uniformity, color rendering and stability of light source directly affect the quality of
images [1-3]. In practical application, the unreasonable layout and structure of the light
source and the uniformity distribution of the light source in the lighting equipment of the
flue-cured tobacco intelligent grading equipment used by a domestic company lead to
the obvious difference between the light and shade of the collected image samples and
the shadow part, which greatly increases the difficulty of subsequent image processing
and analysis, which leads to the low grading accuracy of the grading equipment.
Inrecent years, the field of secondary optical design of light sources had attracted the
in-depth exploration and remarkable results of a large number of researchers because
of its potential in improving the uniform illumination of light sources [4, 5]. Wu Fei
[6] optimized the distance of LED light source by using Sparrow’s law, determined the
optimal distance, and constructed a triangular light source array. Qian [7] optimized
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the design of an internal and external refractive curved optical lens with a distance-to-
height ratio of 5.5 in the backlight system. Under the condition that the actual luminous
area was 1.7 mm x 1.7 mm, the spot uniformity was 0.83. He et al. [8] introduced the
fruit fly optimization algorithm to optimize the three-dimensional layout parameters of
rectangular and circular LED arrays. Through the simulation verification of TracePro
software, the illumination uniformity was 97.4% and 96.0% respectively. Zhang Shuai
et al. [9] used a pyramid-shaped optical element to divide the light emitted by the LED
into three parts: transmission, reflection and direct light, which improved the unifor-
mity of light mixing and color mixing on the light output surface. Using the Taguchi
method, a plant lighting surface light source with an illumination uniformity of 92.13%
and a color mixing uniformity of 89.72% was obtained. Wang J [10] et al.established the
illumination calculation model of the ring light source. Based on the theoretical model,
the mathematical relationship between the distance between the detection plane and the
LED plane and the illumination uniformity was obtained, and the optimal solution was
obtained to obtain the best uniform illumination field. Wang Jiawen et al. [11] con-
structed the uniformity evaluation function, and used the simulated annealing algorithm
to optimize the circular and 4 x 4 and 5 x 5 rectangular LED arrays, and obtained
97%, 96% and 95% illumination uniformity, respectively. Luo Xiaoyan [12] et al.used
the bacterial colony algorithm to optimize the three-dimensional position parameters of
the two LED arrays. TracePro was used to verify the three-dimensional optimization
results of the light source, and the illumination uniformity of the LED array is 88.58%
and 95.8%.

In this paper, 54-point measurement method was proposed to measure the illumina-
tion uniformity of the light source, and the problem of illumination non-uniformity of
the light source of the used equipment was analyzed. Then, two optimization solutions
of LED line light source and LED surface light source were proposed, and the variance,
standard deviation and coefficient of variation of the illumination of the light source were
calculated, and the illumination uniformity was analyzed. Finally, in order to verify the
actual effect of the optimization solution and its influence on the grading accuracy, the
LightGBM grading model was used to classify the collected images.

2 Used Equipment Light Source Layout Problem

The lighting system of a domestic company’s flue-cured tobacco intelligent grading
equipment was composed of four lamp tubes and supporting lampshade (as shown in
Fig. 1 and Fig. 2). The bottom double lamp tubes directly illuminate the belt with a 30°
angle light source, while the upper double lamp tubes illuminate the lampshade at the
same angle and then reflect it to the belt, forming a unique lighting layout.

The image collected under the condition of the old light source was shown in Fig. 3.
The light and dark distribution was significantly non-uniformity, and the upper right of
the tobacco leaf was particularly bright. According to the national standard of flue-cured
tobacco GB2635-1992 [13], color accuracy is the key to grading. This illumination non-
uniformity may directly interfere with the color variable extraction of the machine vision
system, which in turn affects the accuracy and reliability of the intelligent grading. And
the tobacco leaf folding or wrinkled by the light source irradiation will leave a significant
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shadow part, for the subsequent image processing to increase the difficulty. According
to the national standard of flue-cured tobacco GB2635-1992, the length and width of
tobacco leaves will affect the determination of position and grade, and the inaccurate
shadow of image processing will affect the accuracy and reliability of intelligent grading.

Fig. 2. The used equipment light source structure diagram.

To further verify the problem of uneven illumination of the equipment, it is necessary
to measure the illumination of the light source of the lighting system. The traditional
illumination uniformity measurement method is the 13-point measurement method [14],
which has the advantage of simple operation and can better reflect the illumination non-
uniformity of the whole area. However, it also has some limitations, for example, it may
ignore the problem of local illumination non-uniformity. In practical applications, the
number and location of measurement points need to be adjusted according to the specific
situation.
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To accurately quantify the illumination uniformity of the light source, this paper
proposed a more refined 54-point measurement method. Compared with the traditional
13-point method, this method adds 54 measurement points in the rectangular area (as
shown in Fig. 4), fully covering the area to be measured, effectively reducing the omission

of local illumination non-uniformity.

Fig. 3. The image of the used device light source.
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Fig. 4. Light source uniformity 54-point method measurement point diagram.

The light intensity data collected by the light source of the used equipment lighting

system was shown in Table 1.
From the light intensity of 54 points in Table 1, the mean, variance, standard deviation

and coefficient of variation were calculated:

(1) The light intensity in the middle area (fourth row) was significantly weaker than that

of the edge position;
(2) The coefficient of variation = 0.21 > 0.1, indicated that there was a large fluctuation

and uncertainty in the data, that is, the illumination non-uniformity of the light
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Table 1. Measurement data of light intensity of the old light source at 54 points (unit: LUX).

Illumination Intensity(x 1000) Avg | Var Sig

Tlumination | 35.70 | 36.10 | 37.30 | 40.60 | 33.60 | 46.70 | 4530 | 44.40 | 42.10 |40.20 | 2234 | 473
Intensity 5630 | 6250 | 62.60 | 65.00 | 66.40 | 77.00 | 78.00 | 76.20 | 71.00 | 68.33 | 58.01 | 7.62
61.40 | 65.00 | 68.30 | 69.00 | 6870 | 62.00 | 60.50 | 59.70 | 56.60 | 63.47 | 20.04 | 4.48
4510 | 48.90 | 5040 | 5130 | 51.40| 5020 | 48.70 | 4730 | 44.20 |48.61 | 6.79 | 2.6l
48.00 | 51.20 | 52.80 | 54.40 | 54.20 | 62.10 | 63.40 | 60.40 | 54.90 |55.71 | 26.86 | 5.18
70.80 | 75.00 | 74.60 | 76.10 | 72.50 | 7620 | 72.70 | 7130 | 66.40 |72.84 | 9.73 | 3.12

Avg 5288 | 56.45 | 57.67 | 59.40 | 57.80 | 6237 | 61.43 | 59.88 | 55.87 |58.19
Var 156.98 | 190.50 | 183.09 | 169.29 | 209.68 | 159.83 | 165.71 | 158.99 | 133.41 151.95
Sig 12.53 | 13.80 | 13.53 | 13.01 | 1448 | 12.64 | 1287 | 12.61 | 11.55 12.33

Coefficient of variation = 0.21

source, and the inconsistent quality of the collected image will affect the reliability
and grading effect of the subsequent image acquisition.

In summary, the lighting system of the equipment had the problem of illumination
non-uniformity and needed to be optimized.

3 Light Source Optimization

3.1 Optimization Solution One

To solve the problems existing in the equipment, combined with the actual situation,
the old LED light source was used in the selection of the light source. Considered
the characteristics of the irradiated object (flue-cured tobacco), the motion state on the
equipment and the box space of the lighting system, the layout and structure of the light
source were changed, and the optimization solution was proposed: the line light source
and the surface light source do the forward lighting layout. The physical diagram and
structure diagram of the first solution were shown in Fig. 5 and Fig. 6. Four LED lamps
were placed inside the light box in parallel. The camera and the light source were located
on the same side of the target. The light source was irradiated on the conveyor belt. The
reflected light enters the camera directly, and the distance between the light source and
the irradiation plane was adjusted to make the illumination of the light source more
uniform on the measured object.

The image collected by the optimization solution was shown in Fig. 7. Compared
with the used equipment, the illumination effect was more uniform, and the illumination
difference of the irradiated object part was almost invisible. The overall outline of the
tobacco leaf image was clear, and there was no shadow at the fold, which lays a foundation
for subsequent image processing.

The light intensity data collected by the optimized lighting system light source were
shown in Table 2. It can be seen that:

The coefficient of variation of the light intensity of the optimization solution was
0.09, which was much lower than the light source illumination of the used equipment,
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Fig. 6. Optimization solution one structure diagram.

Fig. 7. The image collected by the optimization solution one.
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indicating that the light source stability of the optimization solution was significantly
improved and the data fluctuation was greatly reduced.

Table 2. Light intensity 54 points measurement data of optimization solution one (unit: LUX).

Illumination Intensity(x 1000) Avg Var Sig

Tllumination | 176.90 | 184.70 | 191.90 | 192.20 | 188.70 | 176.80 | 168.40 | 156.00 | 145.70 | 175.70 | 266.09 | 16.31
Intensity 188.50 | 197.50 | 205.30 | 208.10 | 204.50 | 194.30 | 184.80 | 170.50 | 156.80 | 190.03 | 294.81 | 17.17
187.70 | 198.90 | 208.00 | 212.30 | 210.90 | 202.80 | 193.40 | 179.40 | 164.50 | 195.32 | 253.21 | 15.91
183.10 | 195.20 | 204.60 | 209.10 | 208.30 | 202.20 | 193.60 | 180.10 | 167.60 | 193.76 | 202.77 | 14.24
175.80 | 186.50 | 196.70 | 201.80 | 202.10 | 197.00 | 189.10 | 177.60 | 164.50 | 187.90 | 169.82 | 13.03
166.50 | 176.90 | 185.40 | 189.90 | 191.60 | 187.80 | 180.80 | 170.90 | 158.10 | 178.66 | 132.65 | 11.52

Avg 179.75 | 189.95 | 198.65 | 202.23 | 201.02 | 193.48 | 185.02 | 172.42 | 159.53 | 186.89
Var 70.05 | 74.89 | 7840 | 87.17 | 80.88 | 97.29 | 90.91 | 82.03 | 63.06 253.85
Sig 8.37 8.65 8.85 9.34 8.99 9.86 9.53 9.06 7.94 15.93

Coefficient of variation = 0.09

3.2 Optimization Solution Two

Optimization solution two: The surface light source was shown in Fig. 8, and its structure
was shown in Fig. 9. LED lamp beads were densely distributed and projected to the
conveyor belt in parallel to achieve more delicate light coverage and reduce spot and
shadow.

The image collected by the second optimization solution (surface light source struc-
ture) was shown in Fig. 10: It also showed that there was no significant difference in
the illumination of tobacco leaves in the picture except for a more uniform illumination
effect.

The light intensity data collected by the optimized surface light source were shown
in Table 3. It can be seen that:

The coefficient of variation of the light intensity of the optimization solution was
reduced to 0.08, which was much lower than that of the old light source, indicating that
the stability of the light source was significantly improved and the data fluctuation was
greatly reduced.

4 Illumination Uniformity Data Analysis

To facilitate the comparison of the illumination uniformity of the light sources of the two
lighting systems, it was necessary to standardize the data, so that the three sets of data
were converted into data with a mean value close to 100 for comparison. The formula
is as follows:

X, =X, - (100/%,) (1)
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Fig. 8. Optimization solution two physical map.

Fig. 9. Optimization solution two structure diagram.

Among them, X, is the transformed data, X, is the original data, and X;, is the mean
value of the n th set of data. The following data(Table 4, Table 5, Table 6) were obtained
and their mean, variance, standard deviation and coefficient of variation were calculated.

Under the same dimension, it can be seen from Table 4, Table 5 and Table 6 that the
variances of the three groups were 448.48, 74.02 and 57.95 respectively. The standard
deviations were: 21.18, 8.60, 7.61; the coefficient of variation were: 0.21, 0.09, 0.08.
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Fig. 10. The image collected by the optimization solution two.

Table 3. Light intensity 54 points measurement data of optimization solution two (unit: LUX).

Illumination Intensity(x 1000) Avg Var Sig

Tllumination | 99.10 | 105.00 | 111.10 | 115.00 | 116.90 | 117.80 | 116.40 | 110.90 | 103.50 | 110.63 | 44.86 | 6.70
Intensity 117.40 | 124.90 | 131.40 | 133.10 | 126.40 | 125.60 | 123.80 | 122.30 | 114.60 | 124.39 | 35.02 | 5.92
126.70 | 133.80 | 138.90 | 139.90 | 132.50 | 133.00 | 130.90 | 129.60 | 120.60 | 131.77 | 34.88 | 5.91
126.90 | 133.40 | 138.60 | 140.10 | 133.20 | 133.70 | 132.10 | 126.70 | 121.10 | 131.76 | 35.98 | 6.00
122.60 | 128.50 | 134.40 | 136.40 | 130.70 | 132.10 | 129.80 | 123.10 | 117.70 | 128.37 | 37.15 | 6.09
114.00 | 119.40 | 126.40 | 128.90 | 125.80 | 125.30 | 121.70 | 116.30 | 109.60 | 120.82 | 42.11 | 6.49

Avg 117.78 | 124.17 | 130.13 | 132.23 | 127.58 | 127.92 | 125.78 | 121.48 | 114.52 | 124.62
Var 109.87 | 117.49 | 108.91 | 89.37 | 36.83 | 3827 | 38.17 | 47.05 | 47.21 90.10
Sig 10.48 | 10.84 | 10.44 9.45 6.07 6.19 6.18 6.86 6.87 9.49

Coefficient of variation = 0.08

By further comparing the variance, standard deviation and coefficient of variation of
the two sets of data, it is significantly revealed that the dispersion of the old light source
in the light intensity was the most significant, that was, the data fluctuates the most.
Specifically, the illumination uniformity of the light source of the used equipment was
very poor, and the light intensity had a large fluctuation; in contrast, the optimized light
source showed better illumination uniformity, low data dispersion and high stability.
Among them, the surface light source of the second optimization solution performed
best.

Among them, Figs.11(a), (b) and (c) are the standardized data linear regression fitting
plots of the original light source, optimization solution one and optimization solution
two, respectively.

According to the linear regression of Fig. 11, the fitting equation of the old light
source was: y = 0.22x + 93.94, the fitting equation of the first optimization solution
was: y = -0.22x + 105.45, and the fitting equation of the second optimization solution
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Table 4. Standardization data of the old light source.
Tllumination Intensity Avg Var Sig
Illumination | 61.33 | 62.02 | 64.08 | 69.75 | 57.72 | 8023 | 77.83 | 76.28 | 7233 | 69.06 | 6593 | 8.12
Intensity 96.72 | 107.38 | 107.55 | 111.67 | 114.08 | 132.29 | 134.00 | 130.91 | 121.98 | 117.40 | 171.23 | 13.09
105.49 | 111.67 | 117.34 | 118.54 | 118.03 | 106.52 | 103.94 | 102.56 | 97.24 | 109.04 | 59.13 | 7.69
7748 | 84.01 | 86.59 | 88.13 | 88.31 | 8624 | 83.67 | 81.26 | 75.94 | 83.51 | 20.04 | 4.48
82.46 | 87.96 | 90.71 | 93.46 | 93.12|106.69 | 108.92 | 103.77 | 94.32 | 9571 | 79.27| 8.90
121.63 | 128.85 | 128.16 | 130.74 | 124.56 | 130.91 | 124.90 | 122.49 | 114.08 | 125.15 | 28.71 | 5.36
Avg 90.85 | 96.98 | 99.07 | 102.05 | 99.30 | 107.15 | 105.54 | 102.88 | 95.98 | 99.98
Var 463.34 | 562.26 | 540.38 | 499.67 | 618.89 | 471.76 | 489.10 | 469.26 | 393.78 448.48
Sig 2153 | 2371 2325| 2235 | 24.88 | 21.72| 22.12| 21.66| 19.84 21.18
Coefficient of variation = 0.21
Table 5. Standardized data of optimization solution one.
Illumination Intensity Avg Var Sig
Illumination | 95.53 | 99.74 | 103.63 | 103.79 | 101.90 | 95.47 | 90.94 | 84.24 | 78.68 | 94.88 | 77.59 | 8.81
Intensity 101.79 | 106.65 | 110.86 | 112.37 | 110.43 | 10492 | 99.79 | 92.07 | 84.67 | 102.62 | 85.97 | 9.27
101.36 | 107.41 | 11232 | 114.64 | 113.89 | 109.51 | 104.44 | 96.88 | 88.83 | 105.47 | 73.84 | 8.59
98.87 | 105.41 | 110.48 | 112.91 | 112.48 | 109.19 | 104.54 | 97.25 | 90.50 | 104.63 | 59.13 | 7.69
94.93 | 100.71 | 106.22 | 108.97 | 109.13 | 106.38 | 102.11 | 95.90 | 88.83 | 101.47 | 49.52 | 7.04
89.91 | 95.53 | 100.12 | 102.55 | 103.46 | 101.41 | 97.63 | 9229 | 8537 | 96.47 | 38.68 | 6.22
Avg 97.07 | 10257 | 107.27 | 109.21 | 108.55 | 104.48 | 99.91 | 93.11 |86.15 | 100.92
Var 2043 | 21.84 | 22.86 | 2542 | 23.59 | 2837 | 2651 | 23.92 | 18.39 74.02
Sig 452 | 467 | 478 | 504 | 486 | 533 | 515| 489 | 429 8.60
Coefficient of variation = 0.09
Table 6. Standardized data of optimization solution two.
Illumination Intensity Avg Var Sig
Tllumination | 79.48 | 84.21 | 89.10 | 92.23 | 93.75 | 94.48 | 93.35 | 88.94 | 83.01 | 88.73 | 28.85 | 5.37
Intensity 94.15 | 100.17 | 10538 | 106.75 | 101.37 | 100.73 | 99.29 | 98.08 | 91.91 | 99.76 | 22.53 | 4.75
101.61 | 107.31 | 111.40 | 112.20 | 106.27 | 106.67 | 104.98 | 103.94 | 96.72 | 105.68 | 22.43 | 4.74
101.77 | 106.99 | 111.16 | 112.36 | 106.83 | 107.23 | 105.94 | 101.61 | 97.12 | 105.67 | 23.14 | 4.81
98.33 | 103.06 | 107.79 | 109.39 | 104.82 | 105.94 | 104.10 | 98.73 | 94.40 | 102.95 | 23.89 | 4.89
91.43 | 9576 | 101.37 | 103.38 | 100.89 | 100.49 | 97.60 | 93.27 | 87.90 | 96.90 | 27.09 | 5.20
Avg 94.46 | 99.58 | 104.37 | 106.05 | 102.32 | 10259 | 100.88 | 97.43 | 91.84 | 99.95
Var 70.67 | 75.57 | 70.05 | 57.49 | 23.69 | 24.62 | 24.55 | 30.26 | 30.36 57.95
Sig 841 | 869 | 837 | 758| 487 | 49| 496| 550 551 7.61

Coefficient of variation = 0.08
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Linear Regression

(2)

(b) (©)

Fig. 11. Three groups of illuminance data linear regression fitting diagram.

was: y = -0.06x 4+ 101.54. It can be seen that the fitting effect of the second optimization
solution was the best. The mean absolute values of the residuals of the old light source
and the optimization solution one data fitting were 17.57 and 4.69, respectively. The
illumination data dispersion of the optimization solution one was better than that of the
old light source.

In summary, for the problem of illumination non-uniformity of the light source of the
used equipment, the two optimization solutions proposed had performed well, signifi-
cantly improving the illumination uniformity of the light source, basically eliminating
the shadow caused by the illumination of the light source, and laying a solid foundation
for subsequent image acquisition and intelligent grading. Among them, the performance
of the two-sided light source of the optimization solution was better.
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S LightGBM Model Grading Verification

To verify whether the image quality collected by the optimized light source is better, this
study used OpenCV to extract 27 features including color, shape, etc.as shown in Table 7
from the tobacco leaf images collected by the three sets of light sources according to the
national standard of GB2635-1992 flue-cured tobacco. To distinguish the B-channel in
RGB and LAB images, the B-channel features in LAB images were distinguished by *.

Table 7. Extract image feature types and names.

Type Names
Shape Width and Height
Color B_mean, G_mean, R_mean, B_var, G_var, R_var

H_mean, S_mean, V_mean, H_var, S_var, V_var

L_mean, A_mean, B_mean*, L_var, A_var, B_var*

Texture Mean, asm, con, eng, idm, Auto_correlation, std

The train_test_split function in the scikit-learn library was used to divide the same
batch of 310 flue-cured tobacco image samples collected by the three groups into training
set and test set according to 8:2, and 248 training sets and 62 test sets were obtained. The
features extracted from the samples collected by the three light source design solutions
were input into the LightGBM grading model, and the grading accuracy and various
evaluation parameters of each group of data were recorded. The experimental results
were shown in Table 8, and the confusion matrix was shown in Fig. 12, Fig. 13 and
Fig. 14.

From Table 8 we can see that:

(1) The accuracy of the image samples collected by the old light source in the grading
model was 0.65, and the accuracy of the optimized light source was 0.85 and 0.86,
respectively, which are higher than the grading accuracy of the samples collected
by the old light source, indicating that the image collected by the optimized light
source can improve the accuracy of image grading and the quality of the image is
better.

(2) The Recall and F1-score of the two optimized light sources were greater than the
values of the old light source, which further illustrates that the image samples col-
lected by the optimized light source had better accuracy and integrity when the model
recognizes the positive samples.

From Fig. 12, there were 17 samples with correct grading in C2F samples, 4 samples
with C3F and 1 sample with C4F; among the C3F samples, there were 20 samples with
correct grading, 3 samples with C2F, and 3 samples with C4F. There were 4 samples
with correct grading in C4F samples, O samples with C2F, and 10 samples with C3F.

From Fig. 13, it can be seen that there were 20 samples with correct grading in C2F
samples, 2 samples with C3F and 0 sample with C4F; among the C3F samples, there
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Table 8. Evaluation parameters of LightGBM grading model discriminant samples.

Type Precision Recall F1-score
The old light source 0.65 0.61 0.61
Solution 1 0.85 0.85 0.85
Solution 2 0.86 0.88 0.87

Confusion Matrix

20.0

17.5

C2F

15.0

125

7.5

-5.0

CcaF

-25

' ' -0.0
C2F C3F C4F
Predicted

Fig. 12. The sample grading confusion matrix of the old light source.

were 22 samples with correct grading, 1 samples with C2F, and 3 samples with C4F.
There were 11 samples with correct grading in C4F samples, 1 samples with C2F, and
2 samples with C3F.

From Fig. 14, it can be seen that there were 19 samples with correct grading in C2F
samples, 2 samples with C3F and 1 sample with C4F; among the C3F samples, there
were 22 samples with correct grading, 1 samples with C2F, and 3 samples with C4F.
There were 13 samples with correct grading in C4F samples, 1 samples with C2F, and
0 samples with C3F.

Through three sets of confusion matrices, it can also be observed intuitively that
the grading accuracy of the images collected by the optimized light source had been
significantly improved. Two sets of optimized light sources effectively improved the
quality of the image, making the features in the image more distinct and easy to identify,
thereby improving the accuracy of image grading.



Light Source Optimization Design of Intelligent Grading Equipment 225

Confusion Matrix

C2F

Actual
C3F

-10.0

7.5

-5.0

CcaF

-25

| -0.0
C3F
Predicted

Fig. 13. The sample grading confusion matrix collected in solution one.
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Fig. 14. The sample grading confusion matrix collected in solution two.

6 Discussions

In this paper, aiming at the problem of low grading accuracy caused by illumination
non-uniformity of light source in a flue-cured tobacco intelligent grading equipment,
two optimization solutions of LED line light source and LED surface light source were
proposed. The illumination data of the three light sources are measured by 54-point
measurement method, and the variance, standard deviation and coefficient of variation
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of the illumination of the light source were calculated, and the illumination uniformity
was analyzed. Finally, the LightGBM grading model was used to classify the images
collected by the three groups of light sources to verify the rationality of the optimized light
source. The experimental results showed that the variation coefficients of the illumination
data of the light source of the first and second optimization solutions were 0.09 and 0.08,
respectively, which are significantly improved compared with the 0.21 of the old light
source. The grading accuracy of the optimized light source through the LightGBM
model were 85% and 86%, respectively, which is 20% and 21% higher than that before
optimization. As a result, the illumination uniformity of the optimized light source had
been significantly improved, which greatly improved the image quality collected by the
equipment, effectively eliminates the influence of non-uniformity brightness and shadow
on subsequent image processing, and improves the problem of low grading accuracy of
the used equipment due to illumination non-uniformity of the light source.
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Abstract. In the passive recognition task of ship radiated noise, the
efficiency of extracting relevant classification information from the noise
directly affects the classification results. This study proposed a multi-
dimensional attentional convolution (MAConv) module as a fundamen-
tal component for capturing decisive classification information. Drawing
inspiration from dynamic convolutional methods such as CondConv, we
perform multidimensional attentional integration in three dimensions:
input channel, output channel, and spatial channel, which involves a lin-
ear combination of different static convolutional kernels. The weights of
the combination are data-dependent, with different samples using differ-
ent weights, so the network will focus on different input channels, output
channels and spatial channels depending on the samples in classification.
As a drop-in replacement of traditional convolutions, MAConv can be
easily integrated into popular CNN architectures, and subsequent exper-
imental results on the open-source dataset Deepship show that CNN
networks using the MAConv plugin can significantly improve the perfor-
mance of ship radiation noise classification.

Keywords: Deep Learning - Underwater acoustic target recognition -
dynamic convolutional

1 Introduction

With the continuous advancement of modern military technology, research and
application of ship target classification technology have become an indispens-
able and essential part in military equipment automation control, intelligence
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reconnaissance and surveillance, missile attacks, and other fields. However, due
to the diverse types and large quantities of ship targets, coupled with complex
factors such as ocean environmental noise interference, accurately and rapidly
identifying and classifying ship targets has always been a challenge troubling
military technology personnel. Therefore, research on ship target classification
technology based on deep learning holds significant practical significance and
application value.

Deep learning methods can automatically learn target features, reduce human
interference, and effectively address the problems faced by traditional target
classification methods. Deep learning-based end-to-end recognition methods are
now replacing traditional recognition methods as the focal point in the field of
underwater target recognition and classification.

In the domain of underwater target recognition, convolutional neural net-
works, deep belief networks, and long short-term memory networks are pri-
marily used for target identification. Reference [1] extracted the spectrum and
Mel-frequency cepstral coefficients of ship radiation noise, used these extracted
feature images as training sets, and employed convolutional neural networks for
identification, effectively improving the accuracy of recognition. Reference [2]
designed a deep convolutional neural network for feature extraction based on
signal time-frequency characteristics, and utilized deep convolutional networks
for target identification, significantly enhancing recognition accuracy. Reference
[3] employed convolutional neural networks for signal feature recognition, fol-
lowed by deep neural networks (DNN) for target identification, resulting in a
significant improvement in classification effectiveness. Reference [4] directly uti-
lized convolutional neural networks for target identification, using line spectra
and modulation features extracted from signals as training sets, and employing
convolutional neural networks for target recognition. References [5-9] utilized
convolutional neural networks with features extracted from DEMON spectra,
LOFAR spectrograms, and constant Q-transform techniques as training sets for
ship classification. Spectrograms are more complex compared to images; if spec-
trograms are solely used as features for convolutional neural network classifica-
tion, classification issues may arise. Reference [10] established an identification
and classification model based on long short-term memory networks by extract-
ing Mel-frequency cepstral coefficients and leveraging long short-term memory
networks.

2 Related Work

With the continuous evolution of marine information technology, ship target
identification has emerged as a pivotal research domain. Traditional classifica-
tion methods face significant challenges in parameter selection when encoun-
tering a high number of “anomalies” within data, rendering them ineffective in
addressing target classification issues under the complexities of the marine envi-
ronment. Deep learning methodologies enable batch learning of data, continual
adjustment of parameters based on batch data samples, insensitivity to outliers,
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and higher recognition rates for intricate classification dilemmas. Kamal S et al.
[11] introduced an underwater target identification approach based on deep belief
networks, which extracts invariant features from signals through a multi-layered
structure and demonstrates promising results through experimental validation.

Mcquay C et al. [12] employed a convolutional neural network combined
with a support vector machine classification model to classify and identify the
sounds of various marine mammals, achieving higher recognition rates compared
to traditional Mel-frequency cepstral coefficients. Xu C et al. [13] utilized stacked
autoencoders (SAE) to extract stable features from underwater target noise and
proposed an underwater target classification method combining SAE with soft-
max. However, the aforementioned classification methods rely on extensive train-
ing data samples, posing limitations for small-sample target classification issues
in underwater acoustics.

Researchers have also delved into exploring solutions for small-sample recog-
nition problems. Jin G et al. [14] utilized generative adversarial networks to
extend samples of LOFAR spectrograms of raw signals and employed convo-
lutional neural networks for classification and recognition, achieving superior
recognition rates compared to methods without sample extension. Yang H et al.
[15] introduced a competitive deep belief network that can process both labelled
and unlabelled samples to extract valid classification information, reaching a
classification accuracy of 90.89%.

It is evident that directly applying existing network structures from the com-
puter field to underwater target classification issues proves challenging. Contin-
uous exploration is needed to address classification problems with insufficient
sample data in underwater acoustics.

3 Method

In this section, we begin by revisiting dynamic convolution through a general for-
mula. Subsequently, we elucidate the formula of our Multidimensional Attention
Convolution (MAConv), clarifying its characteristics and detailing its implemen-
tation.

A standard convolutional layer employs static convolutional kernels that are
applied universally across all input samples. Networks using static convolution
layers can only enhance their generalization by increasing depth and chan-
nel numbers, leading to significantly higher computational requirements and
increased deployment complexity. In contrast, dynamic convolution utilizes dis-
tinct convolutional kernels for different inputs, parameterizing certain kernel
aspects as linear combinations of expert knowledge [16]. This approach allows
for an increase in model capacity by expanding the number of experts, which
proves more efficient than enlarging kernel sizes. Moreover, expert knowledge
requires only one combination, facilitating efficient reasoning while enhancing
model capacity.

In general, dynamic convolution can be represented by the following formula:

Output(x) = o((aa W1 + agWa + -+ - a, Wy,) * ) (1)
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Fig. 1. Attention for convolution along three different dimensions in MAConv. (a) posi-
tion multiplication operation along the spatial dimension, (b) channel multiplication
operation along the input channel dimension, and (c) filter multiplication operation
along the output channel dimension. The terminology will be explained in the Meth-
ods section.

where «; = r;(z) denotes sample-dependent weighted parameters, and W, rep-
resents convolutional kernels with different parameters. Traditional convolution
relies on enlarging kernel sizes and channel numbers to boost capacity, which
escalates overall network computations. Dynamic convolution, on the other hand,
involves computing weighted convolutional kernels for input samples through
multiple experts before convolution operations. Crucially, each kernel is calcu-
lated once and applied to various locations. This implies that augmenting expert
data volume enhances network capacity, resulting in minimal inference compu-
tational load: each additional parameter necessitates only a single multiplication
and addition operation [17].

Dynamic convolution essentially forms a linear combination of multiple static
convolutions, providing an equivalent capacity to n experts but with superior
computational efficiency. The key aspect lies in the weighted parameters, which
must exhibit data dependency; Otherwise, attention convolution will be equiv-
alent to static convolution. How to design these data-dependent parameters is
addressed through the following approach:

r(z) = (Sigmoid(GAP(z)R) (2)

Therefore, the derivation of the convolutional kernel parameters for a Cond-
Conv [18] layer is based on the aforementioned linear combination formula. The
entire process can be summarized as follows: dependent on the input z, prior
to the convolution operation, each expert’s coefficient «; is computed through a
function routing(r;(x)), and then, through linear combination, the final kernel
of the CondConv layer is obtained. This kernel is subsequently convolved with
the input x and activated.

For the input x, the initial step consists of global average pooling, followed
by multiplication with the matrix R (right-multiplying the altered matrix maps
the input dimensions to n experts, allowing for linear combinations afterwards).
Finally, the weight coefficients on each dimension are mapped to the interval [0,1]
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by sigmoid activation. Thus, different weight vectors are available depending on
the input z, thus providing different kernels for the CondConv layer.

As shown in the Fig. 1, the MAConv convolution proposed in this paper fea-
tures adaptable parameters across input channels, output channels, and spatial
channels. Following the notations in Eq. (1), MAConv can be defined by:

Output(z) = o((as1 @ te1 @ ap1 @ Wi+ -+ tgn © en @ apn, © W) k) (3)

In the provided text, the symbols a; € R¥** a.; € R, and oy € Reout
represent three newly introduced attention mechanisms. These attentions are
computed across the spatial dimension, input channel dimension, and output
channel dimension of the convolutional kernel space for W;. The symbol ®
denotes the multiplication operations across various dimensions of the kernel
space. Specifically, as;, ac;, and af; are determined using a multi-head atten-

tion component 7;(x).
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Fig. 2. Unlike CondConv, which computes a single attention scalar aw; for a convolu-
tional kernel W;, MAConv utilises a novel multi-dimensional attention mechanism to
compute three types of attention as;, ac;, and af; along all three dimensions of the
kernel space in a parallel manner.

The passage outlines the procedure of multiplying the three types of attention
by n convolutional kernels, depicted in Fig.2. These attention types, address-
ing position, channel, and filter dimensions, are harmoniously integrated into
the convolutional kernel w;. This approach ensures the uniqueness of each con-
volution operation across all spatial positions, input channels, and filters of
input x, guaranteeing effective capture of rich contextual cues. As a result,
MAconv notably amplifies the feature extraction potential of fundamental CNN
convolution operations.
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The method for computing the weights m;(z) is similar to the calculation
approach of an SE-type attention mechanism. An SE-typed attention module
[19] with multiple heads, denoted as m;(z), is utilized for this computation, the
structure of which is depicted in Fig. 2. Initially, the input z undergoes channel-
wise Global Average Pooling (GAP) operations to compress it into a feature
vector with a length of ¢;n. This feature vector then passes through a Fully
Connected (FC) layer and three head branches. Following the FC layer, a Rec-
tified Linear Unit (ReLU) activation function is applied. The FC layer reduces
the dimensionality of the feature vector to a lower-dimensional space based on
a reduction ratio r (set as 1/16 in main experiments to avoid excessive model
complexity).

For each of the three head branches, there is an FC layer with output sizes of
kxk, cinx1,and cyyt X 1, along with a Softmax or Sigmoid function to generate
normalized attentions as;, ac;, and af;, respectively. Additionally, as;, ac;, and
af; are shared across all convolutional kernels.

In the experimental part, we will verify the effectiveness of MAConv as a
plug-in in ship radiated noise identification.

4 Experiments

This section provides a detailed account of the dataset, implementation process,
and evaluation criteria. Subsequently, thorough experiments on the Deepship
dataset are conducted to assess the efficacy of the MAConv module as an inte-
grated component within three distinct CNN architectures for neural networks
(ResNet50 [20], DenseNet121 [21], MobileNetV2 [22]).

The study utilised the publicly accessible DeepShip dataset, which records
the marine environment in real-world conditions during different seasons and sea
states. In addition to vessel signals, the recorded signals include natural back-
ground noise, marine mammal noise and any other noise from human activities.
The dataset consists of 609 ship radiated noise (SRN) recordings, categorised as
tankers (240), tugs (69), passenger ships (191) and cargo ships (109), with audio
sampled at 32 kHz.

We integrated 7h and 52 min of background noise from the marine environ-
ment into the dataset and divided it into 5 different groups, as detailed in the
article [23]. Initially, the dataset was partitioned into a training set and a test
set, ensuring the absence of shared segments of identical radiated noise in both
sets, thereby enhancing the authenticity of the recognition process.

Each recording was then split into 3-second samples with a frame shift of 1s.
In total, 137,369 training samples and 58,567 test samples were generated from
the frame splitting. The training samples included 117,734 ship radiated noise
and 19,635 ocean background noise, while the test samples included 50,434 ship
radiated noise and 8,133 ocean background noise. For a more elaborate break-
down, please refer to the Data Set Segmentation available at https://github.
com/ZhuPengsen.

Each sample has 96000 signal points, after windowing and pre-emphasis oper-
ations are performed on the signal, four features are extracted for each sample,
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which are CQT transform, mel spectrograms from 1-100 HZ, mel spectrograms
from 100-1000 HZ, and mel spectrograms from 1-16 KHZ. They are saved as
images of total size 224 x 224. Finally the mean and standard deviation of all
sample images were normalised.

To assess the classification performance of the various methods, the exper-
iments employed metrics such as recognition accuracy, macro precision, macro
recall, and macro F1 score. These metrics were utilized consistently throughout
the experiments for evaluation purposes.

The experimental setup involved a server configuration featuring an NVIDIA
RTX3090 graphics card, which offers 24 GB of on-chip memory and up to 35.7
TFLOPS of single-precision floating-point computing power. This robust hard-
ware configuration enabled efficient processing and computation for the experi-
ments conducted.

The construction of the network structure was carried out using the PyTorch
framework with a batch size of 32 for training and a total of 100 epochs, with
model validation using the validation set at the end of each epoch. The highest
accuracy epoch is selected as the final classification network, for which recall,
precision, accuracy and F1 score are calculated.

The precision, recall, and F1 score are key metrics used to evaluate the per-
formance of classification models. Here’s a breakdown of each metric:

Precision: Precision measures the proportion of correctly predicted positive
cases out of all predicted positive cases.
TP

Precision = m (4)

TP: True Positives (correctly predicted positive cases) FP: False Positives
(negative cases incorrectly predicted as positive)

Recall: Recall, also known as sensitivity, calculates the proportion of correctly
predicted positive cases out of all actual positive cases.
TP

Recall = m (5)

FN: False Negatives (positive cases incorrectly predicted as negative)

F1 Score: The F1 score is the harmonic mean of precision and recall, providing
a balance between the two metrics.

(Precision X Recall)

F1 =
seore (Precision + Recall)

(6)

These metrics are crucial for understanding the model’s predictive perfor-
mance, accuracy, and ability to correctly identify positive instances. The F1
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score is particularly useful in situations where you want to balance precision and
recall [24].

By considering precision, recall, and the F1 score, you can gain a compre-
hensive understanding of how well your model is performing in classification
tasks.

In a multi-category classification task, the three metrics of precision, recall,
and F1 score will be replaced by macro-precision, macro-recall, and macro-F1
score, respectively. They are calculated by computing precision, recall, and F1
score separately for each individual category and then averaging across all cat-
egories. These metrics provide a comprehensive evaluation of the overall perfor-
mance of a multiclassification model.

MAConv convolution is used to replace several traditional 3 x 3 convolution
kernels. Since the convolutional sense field at the front end of the network is small
and can only capture local information, replacing it with MAConv convolution
does not improve the network much, but slows down the network operation, so
we only replace several convolutions at the last part of the network, the specific
replacement is as follows:

ResNet50: Used MAConv to replace the 3 x 3 convolutional kernels in all
blocks of the last layer.

DenseNet121: Replaced the last 5 3 x 3 convolutional kernels with MAConv.

MobileNetV2: Substituted the last 5 3 x 3 convolutional kernels with
MAConv.

By applying these modifications and evaluating the macro-precision, macro-
recall, and macro-F1 score, we can assess how well the model performs across
all classes in a multiclass classification scenario. This approach helps in under-
standing the overall effectiveness of the model modifications on different CNN
architectures.

Table 1. Ablation Experiments for SFE and MCA Modules.

Method ConvMAConv Accuracy|Precision|Recall |F1-score
ResNet50 v 76.71% 78.14% 78.17% (0.7794
MAResNet v 76.97% 78.25% 78.31%0.7811
DenseNet v 75.14% 76.84% 76.42% (0.7627
MADenseNet v 75.76% 77.80% 77.09%0.7684
MobileNetV2 v/ 74.65% 76.94% 76.10% (0.7569
MA MobileNetV?2 v 75.58% 77.49% 76.10%0.7569
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The experimental results are shown in Table1, where all three networks
show different degrees of improvement after replacing several conventional
convolutional layers using the MAConv proposed in this paper. In terms of
accuracy, the MAResNet, MADenseNet, and MAMobileNetV2 networks using
MAConv are improved by 0.26%, 0.62%, and 0.93%, respectively. It can be seen
that the effect of using MAConv instead of the traditional static convolutional
layer is minimal in the original ResNet50 network with higher accuracy and larger
number of parameters. Presumably this is because the structure that has been
residually connected in the ResNet50 network is already effective in capturing
valid information in the classification, and continuing to increase the learnable
parameters of the convolutional kernel has less of an impact on the results.

5 Conclusion

In conclusion, the utilization of the multidimensional attentional convolution
(MAConv) module in the context of passive ship radiated noise recognition
has demonstrated significant promise in enhancing classification outcomes. By
leveraging multidimensional dynamic convolutional techniques, MAConv offers
a robust framework for capturing crucial classification insights. The data-
dependent nature of the weight combinations ensures adaptive attention allo-
cation tailored to individual samples, thereby enhancing the network’s ability
to discern pertinent details across input, output, and spatial channels during
classification tasks.

Experimental results show that the ResNet, DenseNet, and MobileNetV2
networks obtain 0.26%, 0.62%, and 0.93% improvement after replacing several
conventional convolutional layers with MAConv, respectively. Future research
endeavors could delve deeper into optimizing MAConv integration strategies
and exploring its applicability across diverse classification domains.
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Abstract. Underwater acoustic target detection is a task that presents
both challenges and application potential. With the successful applica-
tion of deep learning technology in computer vision and signal processing,
an increasing number of researchers are applying these techniques and
concepts to the field of underwater acoustic target detection, resulting
in significant progress. However, existing methods still have room for
performance improvement, as they often overlook the unique character-
istics of underwater tasks. To address the challenges of high noise, poor
image quality, and low target recognition accuracy in forward-looking
sonar (FLS) images, This paper introduces a network designed to detect
underwater acoustic targets, which is built on the principle of compre-
hensive feature extraction. By combining the convolution operation with
the self-attention mechanism, this paper designed an enhanced version of
the Comprehensive Feature Extraction (CFE) module. The convolution
branch is a core component of the network that operates on the input
image by sliding the convolution kernel to efficiently capture local fea-
tures such as edges, textures, corners, and other relevant patterns, while
the self-attention mechanism is designed to capture global patterns. We
integrate the CFE module into the backbone of the baseline Yolov10
network and conduct experiments on two FLS image datasets. Experi-
mental results show that our proposed model exhibits excellent detection
performance in object detection tasks and demonstrates strong compet-
itiveness in the field, objectively demonstrating the advantages of the
new model.
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1 Introduction

Underwater target detection focuses on identifying targets in the underwater
environment, with important applications in oceanography [6], diving naviga-
tion [8], and aquaculture [11]. Sound waves have less attenuation in water com-
pared to light waves and electromagnetic waves, making sonar devices effec-
tive for this purpose. Sonar equipment creates sonar images by emitting sound
waves and capturing echoes, where pixel intensity indicates echo strength. Strong
echoes result in high pixel values, while weak ones produce low values. Therefore,
the use of advanced image processing methods can help quickly extract valuable
information from such images, obtain the location information of the target in a
very short time, and reduce the false detection rate and missed detection rate,
significantly improving the performance of the underwater detection system.

Early methods [1,10,17,33] usually focus on manually selecting and extract-
ing certain key features in sonar images, leading to challenges like low efficiency,
high complexity, and poor generalization. With the continuous development of
deep learning technology, especially the continuous progress in hardware accel-
eration and algorithm optimization, the field of sonar image target detection
has broken through the limitations of traditional methods, making the target
detection results in complex underwater environments more accurate, fast, and
reliable. Among the various deep learning-based object detection approaches,
one-stage algorithms have gained widespread adoption due to their efficiency
and relatively simpler architecture. These algorithms process images in a single
pass, eliminating the need for region proposals or multiple stages of computa-
tion, which is common in two-stage methods. The Single Shot Multibox Detector
(SSD [14]) and You Only Look Once (YOLO [20]) are two of the most well-known
one-stage object detection frameworks. On the other hand, two-stage algorithms
like Faster R-CNN [25] and Mask R-CNN [9] offer significantly better accuracy,
making them suitable for applications where detecting small or obscured objects
is of paramount importance. While two-stage models excel in terms of accuracy,
they are computationally more expensive and slower, which leads to obvious
limitations in handling application scenarios that require high real-time perfor-
mance, especially in environments that require fast response. Nonetheless, their
ability to deliver higher-quality results makes them ideal for applications such
as post-processing analysis of sonar images, where accuracy is prioritized over
speed.

The enhancements in one-stage target detection algorithms for optical images
have contributed to progress in one-stage sonar image target detection. For exam-
ple, Neves et al. [19] proposed a novel method for detecting rotated targets in
sonar images using YOLOv2 [30] for initial positioning and a rotation attention
mechanism to capture angle details. Yulin et al. [35] created the TransNet model,
leveraging YOLOv3 [21] and transfer learning to effectively extract global fea-
tures from sonar images. Kong et al. [12] integrated YOLOv3 [21] with a Dual
Path Network (DPN) to develop the YOLOv3-DPFIN model, which captures
multi-scale features via DPN and employs dense connections for extracting global
deep semantic features. Yu et al. [34] improved feature extraction for underwa-
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ter objects by adding Transformer [26] self-attention and coordinated attention
within the backbone and neck of YOLOv5 [3]. While current sonar image tar-
get recognition methods can extract and enhance feature information, they still
encounter challenges such as high redundancy, low semantic content, and the
disregard for feature contextual relationships. Furthermore, sonar images are
frequently impacted by noise, blur, and occlusion, increasing the requirements
for effective feature extraction.

To overcome the challenges mentioned earlier, this study introduces an under-
water acoustic target detection framework that utilizes Comprehensive Feature
Extraction (CFE). By incorporating the CFE module into the backbone network,
the model significantly boosts its feature extraction ability, ultimately enhancing
the precision of target detection. Considering that a traditional convolutional
network often struggles to capture global features due to its local nature and
limited receptive field, we introduce the self-attention mechanism embedded in
the Transformer [26]. The introduction of this mechanism enables the model to
better understand the complex spatial relationships in the image, thereby achiev-
ing significant performance improvements in a series of visual tasks, especially
in application scenarios that need to process long-distance dependencies and
global information. Therefore, we have designed a lightweight CFE module that
integrates convolution and self-attention mechanisms in the backbone network,
improving the feature expression ability of the backbone model and achieving
higher accuracy in object detection. Experiments were carried out using two
sonar image datasets, MDD and WHD, which encompass a range of scenarios
and varying levels of difficulty. Through systematic experimental comparison, it
is proved that the model has shown stronger performance in multiple key indi-
cators, including higher detection accuracy, faster reasoning speed, and better
robustness. The innovations are as follows:

— This paper proposes a CFE module that can capture comprehensive contex-
tual features in sonar images, including local and global features, by integrat-
ing convolution and self-attention mechanisms.

— We integrated the CFE module into the backbone network of the baseline net-
work Yolov10 and conducted experiments on two FLS image datasets, MDD
and WHD. The results of the experiments demonstrated that integrating our
module into the baseline network enhances its detection performance.

2 Related Work

Traditional sonar image target detection methods mainly rely on classical
image processing techniques and statistical methods. These methods typically
include edge detection [2,18], shape analysis [4,32], and template based match-
ing [7,16,31]. Edge detection algorithms such as Canny [5] and Sobel [13] opera-
tors are widely used in sonar images to extract potential target contours. Shape
analysis techniques identify different types of targets by calculating geometric
features such as aspect ratio, area, etc. In addition, template-based methods
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achieve target detection by searching for regions in sonar images that are similar
to pre-defined templates. The limitations of these traditional methods are also
obvious. For example, these methods are sensitive to noise and can be signifi-
cantly influenced by environmental factors like water flow and clutter, resulting
in reduced detection accuracy. Furthermore, traditional methods often require
manual adjustment of parameters and have poor adaptability to complex sce-
narios, making it difficult to learn and optimize automatically.

As deep learning technology advances, sonar image target detection algo-
rithms utilizing deep learning networks have increasingly gained attention in
research. Deep learning frameworks such as YOLO series algorithms, SSD [14],
and Faster R-CNN [25] have been widely used in sonar image processing. These
models effectively overcome the shortcomings of manual feature extraction in tra-
ditional methods through end-to-end training, combined with a substantial vol-
ume of annotated data, it can automatically recognize targets in various complex
backgrounds. Among them, the YOLO series of algorithms, as a representative
of the significant progress made in the field of object detection in recent years,
has continuously optimized and improved optical image processing, which has
improved the accuracy and efficiency of image recognition and target detection,
and also provided strong technical support for breakthroughs in sonar image tar-
get detection. For example, Neves et al. [19] introduced an innovative method for
rotation target detection in sonar images, using YOLOv2 [30] to determine ini-
tial position data and employing a rotation attention mechanism to obtain angle
information. Yulin et al. [35] introduced the TransNet model, which integrates
YOLOv3 [21] with transfer learning to fully extract global features from sonar
images. Kong et al. [12] combined YOLOvV3 [21] with a dual path network (DPN)
to create the YOLOv3-DPFIN model, which obtains multi-scale features through
DPN and extracts global deep semantic features using dense connection oper-
ations. Zhang et al. [36] incorporates transfer learning to address the challenge
of limited sonar image datasets and upgrades the feature extraction network in
YOLOV5 [3], significantly improving the detection accuracy for small targets in
sonar images. YOLOV10 represents the most recent model in the YOLO series, by
eliminating the requirement for non-maximum suppression (NMS) and enhanc-
ing the network structure, YOLOv10 enhances both detection performance and
efficiency. However, the complex underwater environment poses challenges, as
forward-scanning sonar images usually have low resolution and more noise char-
acteristics, which will have some impact on how well the YOLOv10 network
performs in detection tasks. To this end, we conducted in-depth research and
improvements on the original convolution and attention fusion module, optimiz-
ing it to more effectively align with the specific characteristics of sonar images.

Among the various object detection methods available, the YOLO framework
distinguishes itself with an exceptional balance of speed and accuracy, deliver-
ing rapid and dependable object recognition in images. Despite the promising
prospects of YOLO-based algorithms in sonar image target detection, YOLO-
based algorithms are general target detection algorithms, and their architectures
are designed specifically for optical images. To further improve their effectiveness
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in detecting targets within sonar images, designing specialized structures that
align with the unique characteristics of sonar images is crucial. Consequently,
this paper introduces a CFE module tailored for this purpose simultaneously,
which is designed to integrate local and global image information, aiming to
achieve further optimization of YOLOvI10 in sonar image target detection.
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Fig. 1. The diagram illustration of the enhanced underwater acoustic target detection
network.

3 Proposed Method

The general structure of the underwater acoustic target detection model is illus-
trated in Fig. 1 of this study. In this study, we employ the YOLOv10 model
as the core architecture to improve the accuracy and efficiency of sonar image
target detection. The YOLOv10 model consists of three core parts that com-
plement each other: backbone, neck, and head. These three components work
together and each has a specific function, making the entire detection process
more accurate and efficient. The backbone consists of multiple convolutional lay-
ers and other deep learning modules, which can automatically identify different
levels and details in the image. While the neck further refines these features for
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improved processing. The head is responsible for outputting the category proba-
bility of the target and the coordinate information of the bounding box. As part
of our innovation, we introduce the CFE module, which is integrated immedi-
ately after the backbone, as illustrated in Fig. 1. A comprehensive explanation
of the CFE module will be provided in the subsequent sections.

Fig. 2. The architecture of the proposed CFE module’s network.

Figure2 illustrates the architecture of the CFE module, which mainly
includes a local part and a global part. In the case of the local part, in the
process of processing local features, improving the interactivity and informa-
tion fusion between channels is the key to enhancing model performance. To
this end, this study uses two effective techniques: one-dimensional convolution
and channel shuffling operations. First, through the one-dimensional convolu-
tion operation, we can effectively adjust the channel dimension of the input
feature to create better conditions for subsequent feature fusion. Secondly, chan-
nel shuffling allows information to flow more flexibly between different channels
by rearranging the relationship between channels. The channel shuffle technique
is an innovative method for improving the feature extraction capabilities of deep
learning models when processing complex input data. First, during the channel
shuffle process, the input tensor is divided into several groups along the channel
axis, and the originally independent channels are assigned to different groups,
providing more flexibility for subsequent convolution operations. Next, a depth-
wise separable convolution operation is used within each group to randomize the
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channels. Finally, each group of output tensors after the depthwise separable con-
volution is merged along the channel axis. This merge operation integrates the
information from different groups to generate a new tensor that incorporates the
features extracted from all groups. Next, we apply a 3D convolution operation
for feature extraction. The Local part formula is as follows:

Feonv :W3><3><3(OS(W1><1(Y))) (1)

where Fi,,, refers to the output from the local part, W7« represents the weight
matrix for the 1D convolution, 3 x 3 x 3 represents the weight matrix for the
3D convolution, The operation CS represents the channel randomization, and
Y corresponds to the input features of the local part.

In the global part, we first adjust the channel dimension through 1D convolu-
tion. Next, different features are extracted from the input data through three 2D
convolution operations. The query(Q) guides the model to find relevant feature
information in the input data. The key(K) helps the model determine the rele-
vance of the input data to the current query, thereby improving the accuracy of
information selection. The value(V) generates a weighted output through pair-
ing. The Q, K, and V are generated through this three-layer convolution, yielding
three tensors with dimensions of H x W x C. Then, we compute the attention
mechanism for Q, K, and V, as described below:

Foie = Wi Attention(Q, K, V) +Y (2)

Attention(Q, K, V) = softmax(

QK"

~ v (3)
where F,i; is the output of the global branch, « serves as a trainable scaling
factor, that adjusts the magnitude of the matrix multiplication between QKT
prior to the softmax activation. This scaling parameter helps regulate the influ-
ence of the attention mechanism. The final calculation for the output of the CFE
module is then expressed as follows:

Fout = Swish(DP(Futt + Feonw)) +Y (4)

Swish(z) = zo(xf) (5)

where DP is a DropPath regularization technique that prevents overfitting and
improves the model’s generalization ability by randomly discarding some paths
during the training process, Swish is a nonlinear activation function that effec-
tively reduces the gradient vanishing problem, allowing better gradient flow,
making the training process more stable, and accelerating network learning and
performance improvement, ¢ is the sigmoid activation function.



246 D. Sun et al.

4 Experiments
4.1 Datasets

This paper utilized the MDD dataset [24] and the WHD dataset [29] to evaluate
the proposed object detection method. The MDD dataset was collected by ARIS
Explorer 3000 FLS (3.0 MHz frequency) from the Marine Systems Laboratory
of Heriot-Watt University. It contains 1868 static images covering ten target
categories: tires, cans, bottles, hooks, beverage cartons, shampoo bottles, pro-
pellers, upright bottles, chains, and valves. The WHD dataset was collected by
Tritech 1200ik FLS in Weihai, China. It contains 4000 labeled images. There are
eight categories used for detection tasks: tires, cubes, spheres, human bodies,
cylinders, metal barrels, round cages, and square cages. Referring to previous
studies [15], these two datasets were randomly partitioned into three distinct
subsets to ensure proper model training, evaluation, and validation. Specifically,
the datasets were divided in a ratio of 7:2:1, the training set accounts for 70% of
the dataset, and the validation set and test set account for 20% and 10% of the
dataset respectively, which can ensure that the model is fully trained, optimized,
and evaluated at different stages. The training, validation, and test sets of MDD
and WHD are shown in Table 1.

Table 1. THE DATASETS OF MDD AND WHD.

Set MDD WHD

Number of Images|Number of Labels Number of ImagesNumber of Labels
Training [1345 1345 2880 5068
Validation|149 149 320 565
Test 374 374 800 1444
Total 1868 1868 4000 7077

4.2 Experiments Setup

In this study, all experiments were performed utilizing the Ultralytics YOLOv10
framework, leveraging the capabilities of an NVIDIA GeForce RTX 3090 GPU,
with computations facilitated by PyTorch 2.0.1. For optimization, the system
was configured to an automatic setting, and the training process employed the
Stochastic Gradient Descent optimizer. The learning rate was initialized at 1le—2,
with a momentum value of 0.9, which was used to enhance convergence during
model training. Set the batch size to 32, and the improved model was set for
500 epochs. Our input FLS images were resized to 640 x 640 for training, uti-
lizing multi-GPU parallel processing. From input data to output prediction, all
processing steps in the model training process are performed through a uni-
fied framework. By using box loss, class loss, and distribution focus loss, the
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model can simultaneously optimize the target positioning accuracy, and category
recognition accuracy, and increase the attention to difficult-to-classify samples,
thereby improving the overall performance of the model in a variety of target
detection tasks.

4.3 Metrics

We employ the Mean Average Precision (mAP) to measure the overall accuracy
of the model in multi-class object detection, mAP comprehensively considers the
prediction precision and recall of the model in each target category, providing a
unified evaluation metric to help compare the performance of different methods
in handling object detection tasks. mAP is defined as the average accuracy of
all target categories n calculated based on a fixed intersection over union (IoU)
threshold, and is an important evaluation metric in object detection. Specifically,
mAP@O.5 refers to the average accuracy when the IoU threshold is set to 0.5, the
IoU threshold of 0.5 means that when the overlap area between the predicted box
and the true box exceeds 50%, the detection is considered correct. The equations
for Average Precision and mean Average Precision are given below:

AP:/O P(r)dr (6)

1
mAP = — AP; 7
. ; (7)
where r is the integration variable, and P(r), represents the PR curve, which
is particularly useful for processing class-imbalanced datasets. The horizontal
axis indicates the recall rate, which is the proportion of actual positive examples
correctly identified by the detection model, while the vertical axis shows the
precision rate, which is the proportion of predicted positive examples that are
correctly identified as positive by the model. The area beneath this curve corre-
sponds to the AP score, which quantifies the average precision of the algorithm
for a single category. The following are their formulas:

TP
P ) 3 = ——
recision = s (8)
TP
Recall = 75 FN ©)

where TP indicates the count of samples that are actually positive and correctly
predicted as positive (true positives), F'P indicates the count of samples that
are actually negative but are mispredicted as positive (false positives), and FN
indicates the count of samples that are actually positive but are mispredicted as
negative (false negatives). Precision measures the proportion of samples that are
actually positive among the samples predicted by the model to be positive, in
other words, precision focuses on how many samples predicted to be positive are
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correct. Recall measures the proportion of all samples that are actually positive
that the model can successfully identify as positive, recall focuses on the propor-
tion of all actual positive samples that are correctly predicted to be positive. By
combining these indicators, we can more comprehensively and objectively evalu-
ate the performance of the model in different tasks and adjust the optimization
strategy for specific tasks.

4.4 Results and Comparisons

In order to show that our proposed model is highly competitive in the field
of object detection, we compared it with leading object detection algorithms
to verify its actual ability in object detection tasks, which helped us to more
objectively demonstrate the advantages of the new model. This includes gen-
eral object detection algorithms like Faster RCNN [22], RetinaNet [23], and
YOLOvV10 [27], as well as sonar image object detection algorithms MBSNN [28]
and UFIDNet [15].

Table 2. Performance comparison of our proposed model and advanced target detec-
tion algorithms on MDD and WHD.

Datasets Model mAPs50_95(%) mAP50(%) mAP75(%)

MDD  Faster RCNN|60.2 87.6 72.8
RetinaNet  60.9 82.6 78.3
MBSNN 52.5 73.7 61.9
UFIDNet 70.5 88.0 83.4
YOLOv10 |75.7 90.9 84.7
QOurs 77.0 93.6 87.6

WHD  |Faster RCNN|37.8 82.3 24.0
RetinaNet 37.2 78.4 27.1
MBSNN 38.9 85.3 25.6
UFIDNet 47.3 90.9 43.0
YOLOv10  |55.3 95.8 47.3
Ours 56.5 96.3 48.8

The experimental results demonstrate that the proposed method effectively
addresses the challenges presented by the two datasets, exhibiting strong robust-
ness and generalizability in the target detection task. As shown in Table 2, com-
pared to other algorithms, the results confirm the competitiveness of the pro-
posed model in the field of target detection, highlighting its advantages in this
task, specifically general detectors and those tailored for sonar images. This sug-
gests that the model is not only effective but also versatile, performing well in
processing sonar image data, while YOLOv10 also demonstrated good perfor-
mance, achieving second-best results across all three metrics. Specifically, for
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the MDD dataset, our model achieved a mAP5q_g5 score of 77.0%, which is
1.3% higher than YOLOv10. Additionally, the proposed model can perform well
in multiple evaluation indicators, especially in the two key indicators of mAP5q
and mAP75, which are better than other traditional or advanced object detection
methods, with scores of 93.6% and 87.6%, respectively, surpassing YOLOv10 by
2.7% and 2.9%.

Unlike MDD, which is a single-target detection task, WHD is a multi-target
detection task and therefore more challenging. Overall, the three metrics for
WHD are lower than their corresponding metrics for MDD. Nevertheless, our
model still achieved the best performance on this dataset, attaining mAP5q_gs5,
mAPsy, and mAP75 scores of 56.5%, 96.3%, and 48.8%, respectively. Since
the only difference between our model and YOLOv10 is the CFE module, we
attribute this improvement to the application of the CFE module. The CFE
module enables the model to extract more comprehensive features from sonar
images, improving the ability to represent features and resulting in increased
detection precision.

5 Conclusion

In the present research, we designed a CFE module and integrated it into the
YOLOv10 framework to construct an underwater acoustic target detection net-
work. To thoroughly assess the performance and applicability of this network,
we performed a set of experiments using two sonar image datasets, each pre-
senting distinct levels of complexity and challenges. The findings show that the
improved model greatly surpasses both existing sonar image detectors and gen-
eral object detection models, demonstrating its adaptability in different environ-
ments. While acknowledging the progress made, we also recognize that further
improvements are needed, particularly in optimizing the model’s efficiency and
speeding up its inference process. To tackle this challenge, upcoming research
will aim to investigate methods for optimizing the model architecture to reduce
computational burdens and enhance inference efficiency, thereby further increas-
ing the practical applicability and operability of the proposed model.
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Abstract. This study develops an efficient temperature prediction model by inte-
grating multiple machine learning techniques to enhance the accuracy of mete-
orological data analysis. Utilizing ten years of meteorological data encompass-
ing features such as relative humidity, cloud cover, visibility, precipitation, wind
speed, and sunshine duration, we performed comprehensive data preprocessing
and feature selection. Initially, missing values were addressed, and wind direction
was encoded. Important features were then identified using the mutual information
method. Subsequently, data normalization was carried out through standardization,
and temporal as well as lag features were extracted to bolster the model’s predic-
tive capabilities. For model construction, we selected XGBoost (Extreme Gradient
Boosting) and MLP (Multilayer Perceptron) as base models and employed linear
regression as the final predictor, thereby establishing a stacked regression frame-
work. The dataset was divided into training and testing sets with an 8:2 ratio. The
model achieved a Root Mean Squared Error (RMSE) of 1.34 and a Coefficient of
Determination (R2) of 0.98 on the training set, and an RMSE of 1.74 and R2 0of 0.97
on the testing set. Additionally, 5-fold cross-validation yielded an average RMSE
of 1.92, demonstrating the model’s stability and generalization performance.

Keywords: Temperature Prediction Model - Machine Learning - XGBoost -
MLP - Feature Selection

1 Introduction

Temperature prediction is a crucial topic in meteorological research, significantly impact-
ing various sectors such as agriculture, transportation, and energy. It also plays a vital
role in disaster prevention, mitigation, and addressing climate change. Accurate temper-
ature forecasting can help individuals better respond to extreme weather events, thereby
reducing their negative impacts on the economy and human life [1]. In recent years,
with the rapid development of machine learning technologies, an increasing number of
researchers have begun applying these techniques to meteorological data analysis and
temperature prediction to enhance prediction accuracy and stability [2].

In the field of temperature prediction, traditional statistical methods such as time
series analysis and linear regression have been widely used [3, 4]. However, with the
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advancement of machine learning, more studies are exploring the use of machine learning
models for temperature forecasting. For example, models like Support Vector Machines
(SVM), Random Forests (RF), and Long Short-Term Memory (LSTM) networks have
demonstrated excellent performance in temperature prediction [5, 6]. XGBoost, an effi-
cient gradient boosting decision tree algorithm, has gained widespread application in
meteorological data analysis due to its advantages in handling nonlinear relationships
and high-dimensional data [7]. On the other hand, Multilayer Perceptron (MLP), a clas-
sic neural network model, possesses strong nonlinear fitting capabilities, enabling it
to capture complex temperature variation patterns [8]. Although single models have
achieved certain success in temperature prediction, they often struggle to comprehen-
sively capture the diversity and complexity of temperature changes [9]. Consequently,
ensemble learning methods that integrate multiple models have gradually become a
research hotspot. Ensemble learning can effectively improve prediction accuracy and
stability by combining the outputs of multiple base models [10, 11].

In this study, we utilized meteorological data from the Jinghe Meteorological
Station in the Xi’an region, spanning from January 2013 to July 2024. The dataset
includes multiple features such as Average Relative Humidity (ARH), Minimum Rela-
tive Humidity (MRH), Average Total Cloud Cover (ATCC), Minimum Horizontal Vis-
ibility (MHYV), Precipitation (P), Average Wind Speed (AWS), Maximum Daily Wind
Direction (MDWD), Maximum Wind Speed (MWS), Extreme Wind Direction (EWD),
Extreme Wind Speed (EWS), and Sunshine Duration (SD). These data were prepro-
cessed and subjected to feature selection to ensure that the model could capture the
key factors influencing temperature changes. Initially, missing values were handled,
and wind direction was encoded, followed by the selection of important features using
the mutual information method [12, 13]. Handling missing values is a crucial step in
data preprocessing, as it effectively improves data integrity and model prediction per-
formance. Wind direction encoding converts the categorical wind direction feature into
numerical values, allowing the model to better understand and utilize this information.
Subsequently, data normalization was performed using standardization, and temporal
and lag features were extracted to enhance the model’s predictive capabilities. Standard-
ization eliminates the dimensional differences between different features, making model
training more stable and efficient [14]. The extraction of temporal and lag features aims
to capture the temporal dependencies and trend information of temperature changes,
which are essential for improving prediction accuracy [15].

During the model construction phase, we selected XGBoost (Extreme Gradient
Boosting) and MLP (Multilayer Perceptron) as base models and employed linear regres-
sion as the final predictor to build a stacked regression model. XGBoost is an ensemble
learning algorithm based on gradient boosting, capable of handling high-dimensional
data and nonlinear relationships [16]. MLP is a feedforward neural network that can cap-
ture complex feature relationships through multiple layers of nonlinear transformations
[17]. The stacked regression model combines the predictions of multiple base mod-
els, thereby further enhancing prediction accuracy and stability [18]. Additionally, we
validated the model’s stability and generalization ability using 5-fold cross-validation
[19].
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This study not only theoretically explores the application of integrating multiple
machine learning models in temperature prediction but also empirically demonstrates
the effectiveness and reliability of this approach in practical applications. In the future,
we plan to further optimize model parameters and explore additional feature selection
and data preprocessing methods to further improve temperature prediction accuracy and
stability. We also intend to apply this model to predict other meteorological variables,
such as precipitation and wind speed, to verify its applicability and generalizability under
different meteorological conditions.

Through this research, we aim to provide a new perspective and methodology for
meteorological data analysis and temperature prediction, thereby advancing the develop-
ment of meteorological science and offering robust support for related fields of research
and application.

2 Data and Methods

2.1 Data Preprocessing

The data used in this study were obtained from the Jinghe Meteorological Station of the
Xi’an Meteorological Information Center, spanning daily meteorological records from
January 1,2013, to July 1, 2024. The dataset includes multiple features: Average Relative
Humidity (ARH), Minimum Relative Humidity (MRH), Average Total Cloud Cover
(ATCC), Minimum Horizontal Visibility (MHV), Precipitation (P), Average Wind Speed
(AWS), Maximum Daily Wind Direction (MDWD), Maximum Wind Speed (MWS),
Extreme Wind Direction (EWD), Extreme Wind Speed (EWS), and Sunshine Duration
(SD). The ten-year variations of these meteorological parameters are illustrated in Fig. 1,
the frequency of data changes is shown in Fig. 2, and the statistical results are presented
in Table 1.

From the information provided by Fig. 1, Fig. 2, and Table 1, it is evident that
the average temperature exhibits a wide range, from -6.7 °C to 35.7 °C, with a mean
of 15.53 °C and a standard deviation of 9.77 °C, indicating significant fluctuations in
average temperature. Similarly, other meteorological factors also show considerable
variability without any consistent patterns. Outliers in the dataset were replaced with
NaN (Not a Number) and subsequently filled using the column-wise mean to handle
missing values. To enable the model to process non-numeric data and select the most
relevant features, several preprocessing steps were undertaken, including wind direction
encoding, mutual information computation and feature selection, data normalization,
extraction of temporal features, and generation of lag features. These steps provide a
fundamental understanding of the data’s basic characteristics and distribution, thereby
facilitating further analysis and model development.

2.2 Model Construction

To identify the features that most significantly influence the prediction target, Average
Temperature (AT), we first conducted a correlation analysis between AT and other mete-
orological factors [20], as illustrated in Fig. 3. From Fig. 3, it is evident that AT exhibits a
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Fig. 1. Overview of Meteorological Data Changes from January 2013 to July 2024 at Jinghe
Observation Station in Xi’an

positive correlation with Minimum Horizontal Visibility (MHV) and Sunshine Duration
(SD), with a particularly strong correlation with SD, having a correlation coefficient
of 0.33. Conversely, AT shows a negative correlation with Average Total Cloud Cover
(ATCC) and Minimum Relative Humidity (MRH). However, the correlation results do
not allow for an intuitive extraction of the features that have a substantial impact on AT.

To further explore the features that influence Average Temperature (AT), we cal-
culated the mutual information values between each feature and the target variable, as
shown in Eq. (1) [21, 22].

p(x,y)
1(X:Y) =
K:¥)=2 > plxylo g(p( )p<y>)

xeX yeY

D

where p(x, y) is the joint probability distribution of X and Y, p(x) is the marginal
probability distribution of X, and p(y) is the marginal probability distribution of Y.

We selected mutual information for feature selection due to its ability to capture both
linear and nonlinear relationships between variables, providing a more comprehensive
measure of feature relevance compared to traditional correlation coefficients. Addition-
ally, mutual information does not assume any specific distribution of the data, making
it suitable for the diverse range of meteorological variables considered in this study.

The mutual information results between AT and other meteorological factors are pre-
sented in Fig. 4. Mutual information was calculated using the mutual_info_regression
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Fig. 2. Frequency Distribution of Meteorological Data from January 2013 to July 2024 at Jinghe
Observation Station in Xi’an

Table 1. Meteorological Data Statistics from January 2013 to July 2024 at Jinghe Observation
Station in Xi’an.

AT ARH | MRH | ATCC | MHV P AWS | MDWD | MWS |EWD |EWS |SD

count | 4170 | 4172 | 4171 3258 4171 4191 4172 | 4199 4171 4199 | 4171 4158

mean 15.5 60.8 39.8 58.6 | 6814.1 1.6 22 6.9 4.7 6.9 7.5 5.4
std 9.8 17.5 18.6 36.8 | 5229.7 6.0 0.9 5.1 1.6 5.0 2.7 44
min -6.7 14.3 5.0 0.0 30.0 0.0 0.3 0.0 1.7 0.0 2.4 0.0
25% 6.9 48.0 26.0 26.7 | 2716.5 0.0 1.5 2.0 3.5 2.0 5.5 0.0
50% 15.9 60.5 37.0 66.7 | 5480.0 0.0 2.0 4.0 4.4 5.0 7.1 6.0
75% 239 74.0 51.0 99.3 | 10000.0 0.0 2.7 11.0 5.6 11.0 9.1 9.2
max 35.7 99.0 97.0 | 100.0 | 30000.0 | 105.3 8.2 16.0 125 16.0 24.8 13.7

function from the Scikit-learn library, which estimates the dependency between each fea-
ture and the target variable without assuming any particular distribution. This method
ensures that both linear and nonlinear dependencies are effectively captured. From Fig. 4,
it can be observed that the mutual information values of Average Relative Humidity
(ARH), Minimum Relative Humidity (MRH), Minimum Horizontal Visibility (MHV),
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Fig. 3. Correlation Analysis between AT and Other Meteorological Elements

and Sunshine Duration (SD) exceed 0.1. This indicates that these factors share a sub-
stantial amount of information with AT, thereby being considered important features
for predicting or analyzing AT. The threshold of 0.1 was selected based on preliminary
experiments that demonstrated improved model performance when selecting features
above this value. This cutoff ensures that only the most informative features are included,
reducing the dimensionality of the dataset and mitigating the risk of overfitting. Specif-
ically, the mutual information values are 0.1397 for ARH, 0.1064 for MRH, 0.1191 for
MHY, and the highest is 0.1816 for SD. These results are consistent with the correlation
analysis shown in Fig. 3. The relatively high mutual information values of these factors
suggest a strong association with AT, making them key factors in forecasting temperature
changes.

To ensure the accuracy of the model analysis, we standardized the selected features
so that each feature has a mean of 0 and a standard deviation of 1, which helps eliminate
the dimensional differences between different features [23]. When handling time series
data, we considered the effects of seasonality and periodicity by extracting temporal
features such as month, season, and whether the day is a working day. Additionally,
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we constructed lag features, including the average temperatures of the previous 1 day,
2 days, and 3 days, to capture the temporal dependencies of temperature. To evaluate
the model’s generalization capability, we split the data chronologically into training and
testing sets with a ratio of 8:2, using data from January 1, 2013, to March 14, 2022, as
the training set and data from March 15, 2022, to July 1, 2024, as the testing set, ensuring
that the model was not exposed to the testing set data during the training process.

In this study, a stacking regressor method was employed to construct the predic-
tion model. Stacking regression is an ensemble learning technique that enhances the
model’s predictive performance by combining the predictions of multiple base models.
We selected two base models: the XGBoost regression model and the Multilayer Per-
ceptron (MLP) regression model, and used linear regression as the final meta-learner.
XGBoost is a gradient boosting tree model characterized by its efficiency, flexibility, and
accuracy. It optimizes the objective function by incrementally building decision trees,
effectively handling missing values and preventing overfitting. The specific parame-
ters for XGBoost were chosen based on a combination of grid search optimization and
cross-validation to identify the optimal configuration. The parameters were set as fol-
lows: maximum depth (max_depth) = 5, learning rate (learning_rate) = 0.1, number of
base learners (n_estimators) = 100, and random seed (random_state) = 42. These set-
tings were selected to balance model complexity and computational efficiency, ensuring
robust performance without overfitting.
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MLP is a feedforward neural network capable of capturing nonlinear relationships in
the data. We selected an MLP model with a single hidden layer consisting of 50 neurons
and employed L2 regularization (alpha) to prevent overfitting. The hyperparameters for
the MLP were determined through a systematic hyperparameter tuning process using
grid search combined with cross-validation. Specifically, the hidden layer sizes (hid-
den_layer_sizes) were set to 50 based on preliminary experiments that indicated this
configuration provided a good trade-off between model capacity and training time. The
regularization parameter (alpha) was tuned to 0.01 to effectively mitigate overfitting, and
the maximum number of iterations (max_iter) was set to 1000 to ensure convergence.
The random seed (random_state) was fixed at 42 to guarantee reproducibility of the
results.

The stacking regression model utilizes the predictions of the base models as inputs
and employs a meta-learner for the final prediction. In this study, linear regression was
chosen as the meta-learner. The linear regression model effectively and simply integrates
the predictions of the base models, further enhancing predictive performance.

2.3 Model Evaluation and Validation

To evaluate the performance of the stacking regression model, we calculated the Root
Mean Square Error (RMSE) and the coefficient of determination (R2) on both the training
and testing sets, as shown in Egs. (2) and (3) [24]. Additionally, we conducted 5-fold
cross-validation and computed the mean and standard deviation of the cross-validated
RMSE to assess the model’s stability and generalization capability.

1 n
_ _ 52
RMSE = |~ ; i — ) 2)
> (i — 9i)?
RP=1- == 3)

Yi=1"(y; —y)?

where n is the number of samples, y; is the actual value of the ith sample, J; is the
predicted value of the ith sample, and y is the mean of the actual values.

We calculated the RMSE and the R? of the stacking regression model on both the
training and testing sets to evaluate the model’s performance on known and unseen data.
To assess the model’s stability and generalization capability, we conducted 5-fold cross-
validation. First, the dataset was divided into five mutually exclusive subsets. In each
iteration, four subsets were used to train the model, and the remaining subset was used
for validation [25]. This process was repeated five times, with each subset serving as the
validation set once. For each partition, the stacking regression model was trained and
the RMSE on the validation set was calculated. The mean and standard deviation of the
cross-validated RMSE is expressed by Eqs. (4) and (5), respectively.

1 5
Mean RMSECV = — Z RMSEk “)
5 k=1



260 W. Xue et al.
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Through the aforementioned evaluation metrics and methods, we were able to com-
prehensively assess the performance of the stacking regression model. This ensures that
the model demonstrates strong predictive capabilities on both the training and testing
sets and maintains stable performance across different data partitions.

3 Results and Analysis

Figures 5 and 6 illustrate the comparison between the actual and predicted values of AT,
as well as the fitting curves for the actual versus predicted AT values using the XGBoost-
MLP ensemble model and the MLP single model, respectively. From these figures, it is
evident that the model effectively captures the overall trend of the data. The R2 for the
training and validation sets are 0.981 and 0.9689, respectively, while the RMSE values
are 1.3091 and 1.6948, respectively. These metrics indicate that the model possesses

excellent overall performance, lacks significant outliers, and does not exhibit overfitting
on the training data.
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Figure 7 presents the fitting curves of the actual versus predicted AT values using
the single MLP model. Combined with the comparison results between multiple models
and the single model in Table 2, it is evident that, in the performance evaluation of the
temperature prediction model, the stacking regression model integrating XGBoost and
MLP exhibits exceptionally high accuracy on the training set, with an R? of 0.981 and
an RMSE of 1.3091. On the validation set, the model similarly maintains high accuracy,
achieving an R? of 0.9689 and an RMSE of 1.6948. Additionally, the mean RMSE
obtained from 5-fold cross-validation is 1.917, further confirming the model’s stability
and generalization capability.

In contrast, the single MLP model, while attaining a respectable R? value of 0.9469
on the training set, exhibits a relatively higher RMSE of 2.1523. On the validation set,
its R? decreases to 0.9558, and the RMSE increases to 2.0184. The mean RMSE from
5-fold cross-validation for the MLP model is 2.381, indicating that the MLP model has
comparatively weaker generalization ability on new data. Therefore, the ensemble model
not only performs superiorly on the training data but also demonstrates better predictive
performance and stability on unseen data.

Table 2. Performance Evaluation of Predictive Models.

Model Training set Validation set Mean CV RMSE
R? RMSE | R? RMSE

XGBoost + MLP 0.981 1.3091 0.9689 1.6948 1.917

MLP 0.9469 2.1523 0.9558 2.0184 2.381
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4 Conclusion and Discussion

Using meteorological data from the Jinghe Observation Station provided by the Xi’an
Meteorological Information Center for the period 2013-2024, this study integrated multi-
ple meteorological factors, including relative humidity, cloud cover, visibility, precipita-
tion, wind speed, and sunshine duration. Through data preprocessing, feature selection,
mutual information methods, and standardization, an efficient temperature prediction
model was constructed using a machine learning technique that fuses XGBoost and MLP.
The model’s performance was comprehensively evaluated using an 8:2 training-test split
and 5-fold cross-validation. The main conclusions are as follows:

Data Preprocessing and Feature Selection: Data preprocessing involved handling
missing values, encoding wind direction, and selecting key features using the mutual
information method, ensuring that the model was trained on high-quality data. Feature
selection identified meteorological elements closely related to temperature variations,
such as sunshine duration (SD) and average relative humidity (ARH).

Construction and Evaluation of the Temperature Prediction Model: The stacked
regression model combining XGBoost and MLP demonstrated excellent performance
on the training set, achieving a Root Mean Square Error (RMSE) of 1.34 and a coefficient
of determination (R2) of 0.98. On the test set, the model maintained high accuracy with
an RMSE of 1.74 and an R2 of 0.97.

Validation of Model Stability and Generalization Capability: Through 5-fold cross-
validation, the model achieved an average RMSE of 1.92, confirming that the model not
only performs well on training data but also possesses strong generalization capability
and stability.

Model Optimization and Future Applications: Although the current model exhibits
high predictive accuracy, there is potential for further optimization. Future work will
focus on adjusting model parameters, exploring additional feature selection methods,
and applying the model to predict other meteorological variables.

This study not only provides a novel method for temperature prediction but also
experimentally validates its effectiveness and reliability. This approach is expected to
advance meteorological science and offer critical decision support for sectors such as
agriculture, transportation, and energy. Additionally, it can facilitate the analysis of
the spatiotemporal variations in climate quality levels under different meteorological
conditions, providing a scientific basis for climate quality assessment and management.

Despite the model’s good predictive performance on the current dataset, certain
limitations exist. For example, the model’s ability to predict extreme meteorological
events requires further validation. To address this limitation, future work will explore
the incorporation of specialized models designed to capture extreme events, such as
extreme value theory models or advanced deep learning architectures with attention
mechanisms. Additionally, integrating additional features that are indicative of extreme
meteorological conditions, such as extreme precipitation and wind speed indicators,
will be considered to enhance the model’s capability in predicting these events. Future
work will include further optimization of model parameters, exploration of more feature
selection and data preprocessing methods, and application of the model to predict other
meteorological variables to verify its applicability and generalizability under different
meteorological conditions.
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Abstract. Skin cancer is a major global disease whose main threat lies in the risk
of rapid spread and remote metastasis, with melanoma being the most lethal type.
Automated and accurate segmentation of skin lesions with the help of computer-
aided diagnostic systems is clinically significant, not only providing critical infor-
mation to physicians, but also significantly improving the segmentation accuracy.
In order to gain a deeper understanding of the related technology, this study sum-
marizes the latest research progress in this field. Traditional image segmentation
algorithms and their advantages and disadvantages are first introduced, followed
by a discussion of deep learning-based approaches, focusing on classical struc-
tures such as convolutional neural networks (CNN) and U-Net. For the widely
used U-Net and its variant models, they are subdivided into segmentation meth-
ods based on multi-scale features, contextual information, attention mechanisms,
and dual codecs, and the technical improvements of each type of methods are
analyzed. Finally, the publicly available datasets of skin lesion images are sorted
out and the experimental results of some typical algorithms are compared, and the
technical challenges and future development directions are discussed in light of
the current situation.

Keywords: Convolutional Neural Network - Deep Learning - U-Net network -
Skin Lesion Segmentation

1 Introduction

The occurrence of skin lesions is a common clinical medical problem, and its accurate
and efficient recognition and segmentation is crucial for medical diagnosis and treatment.
According to authorities such as the World Health Organization (WHO) and the Amer-
ican Cancer Society (ACS) [1, 2], melanoma is the deadliest type of skin cancer.More
than 100,000 new cases of melanoma are expected in the United States in 2023, and
about 7,000 deaths due to melanoma.

The key objective of skin lesion segmentation is to accurately identify and segment
different types of lesions in skin images. Accurate segmentation of skin lesion regions
is challenging due to the unique hairs, blood vessels, discoloration, and other interfering
factors on the skin surface. Therefore, researchers have used various advanced image
segmentation methods to make the lesion areas in the images clearer and clearer, which
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helps doctors locate and identify the lesion areas more accurately and improves the
credibility of clinical diagnosis. As shown in Fig. 1, some typical datasets with lesions
occurring in the skin and examples of segmentation effects are demonstrated.

Fig. 1. Skin lesion image and example of segmentation effect

In recent years, deep learning has been widely used in the field of natural images, and
its advantage lies in the fact that it can extract more representative feature information
in images by increasing the number of network layers. Among them, U-Net and its
various improved versions have become a hotspot of research, which draws on the idea
of full convolutional network and introduces jump connections between the encoder
and decoder, which helps to better preserve the spatial information of the image [3]. In
addition, some novel networks based on attention mechanism and multi-scale feature
fusion have been proposed, which are able to learn more robust feature representations
from a large amount of image data through end-to-end learning, significantly improving
the accuracy and efficiency of skin damage segmentation [4].

In this paper, we summarize the network models for skin lesion image segmentation
based on deep learning in recent years, aiming to provide a deeper learning perspective
and comprehensive understanding for further research. Through extensive research on
literature, further deep learning-based approaches in the field of skin lesion segmen-
tation are further subdivided into segmentation models based on multi-scale features,
contextual information, attention mechanisms, and dual codecs based on lesion types,
regional features, and preprocessing needs. In addition, the commonly used datasets and
evaluation metrics in skin lesion segmentation are described in detail, and finally the
experimental results of the network models of different methods on commonly used
datasets. It is hoped that it can provide a more comprehensive reference and guidance
for future research on skin lesion segmentation.

2 Traditional Skin Lesion Segmentation Based Methods

2.1 Clustering-Based Segmentation Methods

Clustering-based segmentation algorithm is an unsupervised learning algorithm whose
basic idea is to consider the pixel points in an image as samples and classify them into
different categories using clustering algorithms [S]. Commonly used clustering algo-
rithms include K-Means, Mean Shift clustering algorithm, Spectral Clustering (Spectral
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Clustering) and so on. Literature [6] embeds constraints into the feature space based
on K-Means algorithm, groups image pixels with the same attributes, and merges the
pixel sets into several super regions. This method is suitable for segmenting skin lesion
regions with distinct color and texture properties. Literature [7] introduced a density-
based boundary-driven framework to recognize skin lesions in dermoscopic images. The
algorithm extends the regions only at the boundaries of the clusters, thus speeding up
the processing without loss of precision or recall.

2.2 Region-Based Segmentation Method

The core idea of the region-based segmentation method is to aggregate pixels into differ-
ent regions based on local features such as gray scale, color, texture, etc., and output these
regions as segmentation results. The method makes full use of the local feature informa-
tion of the image to produce segmented regions with internal consistency. Literature [8]
used statistical region fusion method (SRM) for pre-segmentation of dermatoscopically
acquired medical images of skin cancer and further segmentation by conversion to HSV
color space and K-mean algorithm to improve the segmentation boundaries of foreground
and background. Literature [9] showed that the region growing method performed well
in extracting edge information and segmenting lesions individually from CT images,
which is suitable for clinical CT images that require fast and accurate segmentation, and
improves the efficiency of the procedure.

2.3 Threshold-Based Segmentation Method

The basic idea of threshold-based segmentation method is to classify pixels into two or
more categories by comparing the gray value or color value of the pixels in the image
with a pre-set threshold, which is computationally simple, fast running and easy to
implement. Literature [10] utilizes an adaptive thresholding technique to segment the
skin lesion region directly and uses a skew estimation technique to correct the asymmetry
of the histogram to further improve the segmentation results. This method is suitable for
skin lesion regions with asymmetric histogram distribution. Literature [11] used four
different thresholding methods for skin lesions to perform automatic edge detection,
which relies more on the selection of color histograms, however, the color of the lesion
region of the image has a large difference, and there is a certain degree of difficulty
in determining the threshold value. Therefore, this method is suitable for skin lesion
regions with obvious color histogram distribution.

2.4 Edge Based Segmentation Methods

The basic idea of edge based segmentation methods is to recognize the edges between
the object and the background in an image by edge detection. Commonly used edge
detection algorithms include Canny and Sobel. Their main advantage is that they can
process the details and edge information in the image more finely, but they are also easily
affected by noise and image quality. Literature [12] used Canny edge detector to detect
the edges of the skin lesion region and used median filtering to obtain segmentation
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results after several iterations of processing. This method solves the problem of blurred
melanoma edges by refining the edges through multiple iterations. Literature [13] uses
Sobel convolution kernel instead of Gaussian convolution kernel to compute the image
gradient size, which improves the anti-noise performance while simplifying the Canny
edge detection process. Literature [14] increased to four Sobel operators in the gradient
computation to improve the accuracy of gradient size computation and make the Canny
edge detection with better anti-noise performance.

3 Deep Learning Based Skin Lesion Image Segmentation Method

Although traditional skin lesion image segmentation methods based on traditional meth-
ods have achieved certain results, due to the fact that the foreground and background
of medical images are usually more complex, some of the accuracy is often lost during
the segmentation process, resulting in low segmentation accuracy. In recent years, with
the rapid development of deep learning technology, its segmentation accuracy has been
significantly improved compared to traditional methods. Deep learning algorithms are
able to learn from a large amount of training data and effectively extract image features to
achieve higher accuracy in image segmentation tasks. These algorithms help to improve
the accuracy, reliability and efficiency of image segmentation. By analyzing the mod-
els related to medical image segmentation based on deep learning in recent years, this
chapter will provide a comprehensive summary in terms of both segmentation models
based on convolutional neural networks and segmentation models based on U-Net and
its variant structures.

3.1 Segmentation Model Based on Convolutional Neural Network

Convolutional Neural Network (CNN) is a common deep learning network [15], whose
artificial neurons can respond to a portion of the surrounding units in the coverage
area, and it performs well in processing large images.CNN acquires the spatial feature
relationships of the image through the convolutional kernel, and uses the back propaga-
tion algorithm to adjust the convolutional kernel parameters, and ultimately generates
a model that can effectively acquire useful information within the image. Typical deep
learning neural network models include LeNet network [16], AlexNet network [17],
VGG network [18], Inception network [19] and ResNet network [20].

Segmentation Model Based on FCN Structure
Nowadays, many deep learning algorithms still use the idea of CNN [21]. Fully Convo-
lutional Network (FCN) [22] also inherits the idea of CNN, replaces the fully connected
layer with a convolutional layer, and uses an inverse convolutional layer to up-sample
the feature maps of the last convolutional layer, so that it can process an input image of
arbitrary size and output pixel-level segmentation predictions.The network structure of
FCN is shown in Fig. 2 is shown.

Literature [23] proposed a fully convolutional network with a dense pooling layer,
which can ensure that as little image information as possible is lost during the forward
propagation process, thus better capturing the detailed features of melanoma. Literature
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Fig. 2. FCN network structure

[24] used the strategy of hyperpixel method to refine the output results of FCN, the
processing results are relatively fine edges in the case of ideal FCN output, but the effect
is not good in the case of complex image structure.

Segmentation Model Based on RNN Structure

Recurrent Neural Network (RNN) is a deep learning network model [25], which is
different from CNN in that it has a recurrent unit for processing sequence data, retaining
the information from the previous moment and using it as the current input, thus being
able to process sequence data of arbitrary length. However, due to the parameter sharing
of the recurrent unit, RNNs are prone to the problems of gradient vanishing, gradient
explosion and long-term dependence, while Long Short-term Memory (LSTM) [26]
combines short-term and long-term memory through forgetting gates, which ameliorates
these problems to some extent. Literature [27] proposes a new deep learning framework,
FCSLSTM, that combines FCN for spatial models and LSTM for temporal models.
This is the first DL framework that deeply integrates FCN and LSTM to achieve joint
4D segmentation that can be trained end-to-end.

Segmentation Model Based on GAN Structure

Generative Adversarial Network (GAN) is a deep learning model [28], similar to the
network model of a two-player game, which mainly consists of a combination of a gen-
erative network (G) and a discriminative network (D).The structure of the GAN network
is shown in Fig. 3. Literature [29] proposes a novel framework based on adversarial
learning called Efficient-GAN (EGAN) that utilizes unsupervised generative networks
to generate accurate lesion masks. The composite scaling path generator module of this
framework utilizes a bottom-up squeezing excitation mechanism to better handle the
multi-scale features of the skin lesion region. The top-down asymmetric laterally con-
nected path and discriminator modules, on the other hand, can effectively differentiate
between original and synthetic masks. Literature [30] proposed a deep convolutional
neural network (CNN) trained using a structurally conditioned GAN network, a vir-
tual staining framework that can rapidly convert in vivo RCM images into 3D micro-
scopic images with H&E-like color contrast for the diagnosis of normal skin, basal cell
carcinomas, and pigmented melanocytic nevi.

3.2 Segmentation Model Based on U-Net and Its Variant Architectures

U-Net [31] is a deep learning architecture for image segmentation, originally proposed
by Ronneberger et al. in 2015. The model has shown great advantages in the field of
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medical image segmentation and has become one of the most widely used models.
Due to the better segmentation effect of this framework, a large number of subsequent
researchers have improved on U-Net network many variant network models based on
U-Net have appeared and shown powerful segmentation effect. Such as AttentionU-Net
[32], U-Net++ [33], U-Net3 + [34], nnUNet [35], R2U-Net [36] and TransUNet [37].
This paper categorizes and summarizes the representative algorithms in recent years,
which will be followed by a detailed description of the four aspects of the segmentation
model, namely, based on multi-scale features, based on contextual information, based
on the attention mechanism, and based on dual codecs.

Segmentation Model Based on Multi-scale Features

Multi-scale features are image features extracted at different scales, which can capture
different levels of information from global to local and improve the model performance.
Literature [38] proposed a new multi-scale residual encoding and decoding network
(Ms RED) for skin lesion segmentation and the network structure is shown in Fig. 4.
A multiscale residual coding fusion module(MsR-EFM) is used in the encoder, and a
multiscale residual decoding fusion module(MsR-DFM) is applied in the decoder in
order to adaptively fuse multiscale features. By proposing a multi-resolution, multi-
channel feature fusion module(M2F2) to replace the traditional encoder and decoder
networks with convolutional layers, better segmentation performance is obtained.
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Fig. 4. Ms RED Network structure model

Literature [39] introduced a multiscale feature fusion network (MSF-Net) based on
integrated attention convolutional neural network, which introduced a multiscale dilution
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convolution module (MDC) and a multiscale feature fusion module (MFF) in the con-
volutional block to extract cross-scale contextual information and adaptively adjust the
sensory field size of the feature maps, which helps to improve the segmentation accuracy
at the edges of the lesion region. Literature [40] proposed a multi-scale convolutional
neural network REDAUNet based on UNet3 +. Its encoder consists of four feature
extraction layers through two cross residual (CR) units, allowing the module to extract
deep semantic information while avoiding the gradient vanishing problem. Literature
[41] proposed an adaptive position-aware skin lesion segmentation model, SapFormer,
which is suitable for segmentation of complex skin lesion regions by designing multiple
hybrid transformers for multiscale feature encoding and using a transformer decoder
for multiscale positional feature sensing of the encoded features to obtain fine-grained
features of the skin lesion region and optimize the regional feature distribution.

Segmentation Model Based on Contextual Information

Literature [42] proposes a multi-scale context-guided network called MSCGnet, which
enhances the model’s ability to deal with complex boundaries by utilizing contextual
information to design a context-based attention structure (Cas) during feature encoding,
and selecting effective contextual features in the decoding path. To capture local and
global contextual information, literature [43] proposed EIU-Net network as shown in
Fig. 5, EIU-Net uses inverted residual block and efficient pyramid squeezed attention
(EPSA) block as the main encoder at different stages and downsampling after the last
encoder using irregular space pyramid pooling (ASPP) and soft pooling methods. The
ability of the network to segment skin lesion boundaries and details is improved by
effectively fusing the feature distributions in different encoders through the multilayer
fusion (MLF) module.

°
o g b
3 g 3
= L v s
3 m % Y 2
-1 @ 3 ]
E = U =kl
S y
2
5
I Resicual_Eocoder [l Inverted Residual Block Il £PSA Block ‘l‘U)\ Up-Sample = Double Conv
I Multi-Layer Fusion Atrous Spatial Pyramid Pooling | Reshaped Decoders Fusion Concatnate = Soft-Pool

Fig. 5. EIU-Net Network structure model

Literature [44] proposed UNeXt, which uses the U-Net coder-decoder structure and
the design of hopping connections. For skin lesions that need to be diagnosed by com-
bining multiple imaging information, UNeXt utilizes the complementary information
of different modalities to improve the segmentation accuracy, while possessing a strong
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generalization ability. Literature [45] proposes a novel Neighborhood Context Refine-
ment Network (NCRNet) containing a shared encoder and two different but closely
related decoders, for skin lesion regions with complex boundaries, the Parallel Atten-
tion Decoder (PAD) effectively extracts and fuses multi-level local detail information
and global semantic information to localize skin lesions of different sizes and shapes,
improving segmentation accuracy.

Segmentation Model Based on Attention Mechanism

People will naturally choose to focus on the more important information or regions
when observing things, inspired by this phenomenon, Attention Mechanisms have been
introduced into neural network models, and the efficiency and accuracy of image seg-
mentation can be greatly improved by introducing Attention Mechanisms into deep
learning segmentation models. Literature [46] proposed a Gated Fusion Attention Net-
work (GFANet) to accurately segment skin lesion images by designing two asymptotic
relational decoders. Multi-level contextual features are fused using a contextual feature
gated fusion decoder (CGFD), and the final output of the encoder’s low-level features
and shape streams are fused by GCFE. The boundary segmentation accuracy of the lesion
region is effectively improved to avoid over- or under-segmentation.

Literature [47] proposed a multiscale attention network (MSAU-Net) for skin lesion
segmentation. By improving the typical U-Net, an attention mechanism is inserted at
the bottleneck, which combines the BDC-LSTM structure to effectively capture the
complex features of the lesion region and improve the segmentation accuracy. Literature
[48] proposes a deep network for accurate skin lesion segmentation based on a U-
shaped structure.The ACCAPA module can model the features of the lesion region
by dynamically learning the channel information, contextual information, and global
structural information, and GFF is used for different levels of semantic information
interactions between the encoder and decoder layers. The segmentation efficiency is
improved.

Segmentation Model Based on Dual Codecs

A novel network based on encoder-decoder architecture, Dual Encoder U-Net (DEU-
Net), has been proposed in the literature [49]. For skin lesions with complex morphology
and diverse textures, DEU-Net is able to effectively capture local details and global con-
textual information through a dual encoder branch consisting of a convolutional encoder
and a transformer encoder to improve the accuracy and reliability of segmentation. Liter-
ature [50] proposed a dual branch feature extraction network (DFE-Net). Two encoders
based on Transformer and Efficient Channel Attention (ECA) modules are used, one
for extracting global features and the other for extracting local features. Meanwhile, the
jump connection from the ECA feature extraction module to the decoder is designed to
reduce the feature loss during decoding, which effectively recovers the lesion bound-
aries and details and improves the segmentation accuracy.Literature [51] proposed a new
skin lesion segmentation network DBCGN. in the feature extraction stage, three-layer
high-level semantic features using Transformer branches and CNN branches are used to
construct cross-scale global contextual dependencies for the semantic features. For skin
lesions with fuzzy boundaries and complex morphology, DBCGN effectively outlines
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the boundaries of the target region through multi-scale feature fusion and inverse map
inference module to improve the segmentation accuracy and reliability.

With the above classification methods, different variant models can focus on solving
different segmentation difficulties. Multi-scale feature-based methods can effectively
capture the global context and local details of the skin lesion region, thus enhancing
the ability to recognize lesions at different scales. For example, by introducing pyramid
structure or cavity convolution, it is possible to locate tiny lesions more accurately while
retaining the overall morphological information to enhance the segmentation accuracy.
Segmentation methods based on contextual information improve the robustness of the
segmentation model to complex backgrounds by capturing the relationship between the
lesion region and the surrounding tissues, e.g., by using RNNs or CRFs to enhance
the contextual dependency. Segmentation offenses based on attention mechanisms can
accurately localize lesion boundaries and improve the focusing ability of the model
by dynamically assigning weights, highlighting important features of the lesion region,
and suppressing irrelevant background interference. For example, the introduction of
channel attention and spatial attention helps to solve the segmentation challenges of
low contrast and boundary blurring. The segmentation method based on the dual codec
structure solves the trade-off between detail preservation and global perceptual ability
of a single codec model by simultaneously processing the detailed features and global
semantic information of the lesion region. The method significantly improves the seg-
mentation performance of complex morphological lesions, especially for irregular or
multiple lesions.

4 Discussion and Analysis

4.1 Datasets

Datasets are indispensable in the task of skin lesion segmentation, not only as a basis for
training, validation, and evaluation of deep learning algorithms, but also as a rich source
of examples for researchers. By using the same dataset, researchers can fairly compare
the performance of various algorithms under similar conditions to better process skin
lesions and evaluate the performance of different algorithms.

Common skin lesion datasets include the ISIC2016 dataset [52], which contains 900
skin lesion images divided into 600 training set images and 300 test set images, which are
segmented and labeled according to lesion type and image source.The ISIC2017 dataset
[53] contains 2,000 training images, 150 validation images and 600 test images, all of
which have corresponding Ground Truth (GT). ISIC2018 dataset [54] contains 2594
images of skin lesions, where the GT data of the mask images are generated by multiple
techniques and reviewed and curated by specialized dermatologists.ISIC2019 dataset
[55] covers 8 different types of skin lesions, with a size of about 13 GB, with image sizes
ranging from 256x256 pixels to 6000x4500 pixels.The ISIC2020 dataset [56] includes
33,126 images of benign and malignant skin lesions from 2056 patients. Each image has
a unique patient identifier, which contributes to a more accurate melanoma diagnosis
and false-positive exclusion.The PH2 [57] dataset was provided by the Department of
Dermatology, Pedro Hispano Hospital, Matosinhos, Portugal. The dataset contains 200
dermoscopic images and corresponding labeled images, all stored in PNG format.The
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HAM10000 [58] dataset contains 10015 training images for the detection of pigmented
skin lesions. This benchmark dataset can be used for machine learning diagnostics for
comparison with human experts and covers arepresentative set of all important diagnostic
categories in the field of pigmented lesions. The above mentioned datasets commonly
used for image segmentation of skin lesions are summarized as shown in Table 1.

Table 1. Skin injury image dataset

Database Amount Resolution Date
PH2 200 560*768 2013
ISIC2016 900 540%720 2016
IS1C2017 2000 540%772; 2000*3008; 4499%6748 2017
ISIC2018 2594 540%720 2018
ISIC2019 25331 540%720 2019
1S1C2020 33126 480%640; 5184*3456; 6000*6000 2020
HAM10000 10015 450*600 2018

4.2 Analysis of Typical Algorithm Results

Table 2 shows the evaluation metrics results of different approaches in deep learning
based on U-Net and its variant structures on ISIC2017 dataset, ISIC2018 dataset and
PH?2 dataset, where the experimental results are taken from the related literature.

From the comparative experimental results in Table 2, it can be seen that on the
ISIC2017 dataset, the multiscale feature-based segmentation method SapFormer [41]
obtains high Iou and Dice values, and by designing multiple hybrid transformers to
encode multiscale features in skin images, it obtains fine-grained features in skin lesion
regions, reduces erroneous segmentation of non-skin lesion regions, and improves the
The efficiency of skin image segmentation is improved by reducing the error segmenta-
tion of non-skin lesion regions. Literature [42] consists of four feature extraction layers
through two cross residual (CR) units, which can recognize lesions of different sizes by
integrating dense connectivity and ASPP as well as multiscale information fusion, thus
obtaining better semantic consistency. Literature [48] designed a boundary-aware con-
textual neural network that can acquire multi-granularity edge information, and proposed
a new interactive attention to bridge the complementary information between different
tasks, thus effectively utilizing the boundary information to provide strong cues for better
segmentation prediction, resulting in better edge and semantic integrity of segmentation
results.

On the ISIC2018 dataset, the highest Iou values are obtained by the dual codec-
based segmentation method DFE-Net [50], which extracts the information with two
Transformer and Efficient Channel Attention (ECA) module-based coders to maximize
the recovery of boundary and local features. On the PH2 dataset, both literature [49] and
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Table 2. Experimental results based on U-Net and its variants of structural modeling methods

Method Model I1S1C2017 ISIC2018 PH?
ethods 0ce Dice Iou Dice Tou Dice Tou
Ms RED ™ RrRE
3\, 86.48  78.55 89.99 8345 9465 90.14
MSEF-Net"*##%
Multi-scale LR - - 93.89 88.75 - -
feature-based ~ REDAUNet™**
B3 90.29 8298  90.20  83.23 - -
SapFormer™ **#*
EELT 92.60 86.40 94.30 89.40 - -
MSCGnet™**#
2031 . - - - - 93.36 88.21
EIU-Net #arksstsl
Contextual . 85.50 77.10 90.20 83.60 91.60 84.70
ontextua
information UNeX ks
9. - - - 81.70 - -
NCRNet™##28
3. 86.55 78.62 - - - -
GF AN 5
Attention .
mechanism ULFAC-Net™
ES RN 86.33 78.10 90.81 83.52 - -
DEU-Net"#7##2
Dual 31 87.16  79.51 90.81 84.44  95.65 91.81
ual
der-decoder ~ DFU-Net™##%
eneoderdecodel 31, - - - 89.68 - 93.79

literature [50] obtained high Iou values, but at the same time, the two-branch structure
makes the model more complicated and increases the number of parameters. Ms RED
[38] proposed a new multiscale residual coding and decoding network (Ms RED), which
adopts the multiscale residual coding fusion module (MsR-EFM) in the encoder, and
applies the multiscale residual decoding fusion module (MsR-DFM) in the decoder
in order to adaptively fuse the multiscale features, and obtains a better segmentation
performance.

5 Summary and Outlook

This paper briefly describes the significance of medical image segmentation in the con-
text of dermatology, and firstly introduces the traditional segmentation methods based on
clustering, region-based, thresholding and edge detection, and summarizes their advan-
tages and disadvantages. Secondly, image segmentation methods based on deep learning
are summarized, which are divided into segmentation models based on convolutional
neural network and segmentation models based on U-Net and its variants. Finally, the
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experimental results of typical algorithms on commonly used datasets are compared and
analyzed. After finishing and analyzing, it is found that there are still some challenges
in this field, and the future research direction can be carried out from these directions.

(1) Insufficient data diversity. Many existing datasets cover a limited variety of skin
lesions, while in reality there are a wide variety of lesions. Techniques such as
generative adversarial networks can be utilized to synthesize more diverse skin lesion
images to expand the dataset and increase the adaptability of the model to various
lesions.

(2) Labelingdifficulties. Accurate labeling of large-scale skin lesion images is a complex
task that requires the involvement of a medical professional. By using weakly super-
vised learning or semi-supervised learning, combined with techniques such as unsu-
pervised learning and reinforcement learning, labels are automatically generated
from unlabeled data to reduce the burden of manual labeling.

(3) Blurred and mixed boundaries. The boundaries of skin lesions are usually blurred,
which brings challenges to the accuracy and stability of segmentation algorithms.
By introducing operations such as attention mechanism and morphology, the model
can pay more attention to the boundary information of the lesion region in order to
improve the model’s perception of boundary information and segmentation effect.

In actual diagnosis, the use of automated segmentation technology for remote skin
lesion screening can quickly give segmentation results, speeding up the diagnostic
process and helping users to seek medical treatment in a timely manner.
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