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Multiview Rule-Based Modeling and GranularAggregation

Witold Pedrycz*
* University of Alberta, Canada

Abstract: Multiview models, as the name stipulates, are
models describing a real-world system observed from
different points of view. In establishing such individual
perspectives, we typically engage locally available
features (attributes, input variables). When considered
together, a collection of multiview models has to be
aggregated. Multiview models also arise in the presence
of data coming with a massive number of variables when
building a monolithic model involving all attributes is
neither feasible nor computationally sound.

We formulate and discuss these two categories of
scenarios by focusing on fuzzy rule-based architectures.
An important task when building an aggregate of
multiview models is to endow the overall global model
with a sound measure of quality using which one can
efficiently assess the relevance of the individual results
produced by the rule-based models as well as establish
the quality of the overall fusion. We advocate that the
quality of the results can be quantified in terms of some
information granule. In the two scenarios outlined above,
the family of multiview models is aggregated with the use
of the augmented principle of justifiable granularity -one
of the fundamentals of Granular Computing. The related
optimization criteria of coverage and specificity are
discussed along with the associated optimization process.
The emergence of type-2 information granules is also
shown.

Witold Pedrycz (IEEE Fellow, 1998) is Professor and
Canada Research Chair (CRC) in Computational
Intelligence in the Department of Electrical and
Computer Engineering, University of Alberta, Edmonton,
Canada. He is also with the Systems Research Institute of

the Polish Academy of Sciences, Warsaw, Poland. In
2009 Dr. Pedrycz was elected a foreign member of the
Polish Academy of Sciences. In 2012 he was elected a
Fellow of the Royal Society of Canada. In 2007 he
received a prestigious Norbert Wiener award from the
IEEE Systems, Man, and Cybernetics Society. He is a
recipient of the IEEE Canada Computer Engineering
Medal, a Cajastur Prize for Soft Computing from the
European Centre for Soft Computing, a Killam Prize, a
Fuzzy Pioneer Award from the IEEE Computational
Intelligence Society, and 2019 Meritorious Service Award
from the IEEE Systems Man and Cybernetics Society.

His main research directions involve Computational
Intelligence, fuzzy modeling and Granular Computing,
knowledge discovery and data science, pattern
recognition, data science, knowledge-based neural
networks, and control engineering. He has published
numerous papers in these areas; the current h-index is 114
(Google Scholar) and 87 on the list top-h scientists for
computer science and electronics
http://www.guide2research.com/scientists. He is also an
author of 21 research monographs and edited volumes
covering various aspects of Computational Intelligence,
data mining, and Software Engineering.

Dr. Pedrycz is vigorously involved in editorial activities.
He is an Editor-in-Chief of Information Sciences,
Editor-in-Chief of WIREs Data Mining and Knowledge
Discovery (Wiley), and Co-editor-in-Chief of Int. J. of
Granular Computing (Springer) and J. of Data
Information and Management (Springer). He serves
on an Advisory Board of IEEE Transactions on Fuzzy
Systems and is a member of a number of editorial boards
of international journals.
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Modeling and Identification of Strain Wave Gearing for

Motion Control Applications to Precision Positioning Devices

Makoto Iwasaki*
* Nagoya Institute of Technology, Japan

Abstract: The invited speech presents a practical motion
controller design technique for precision positioning
devices including strain wave gearing, e.g. industrial
multi-axis robots. Since HarmonicDrive® gears (HDGs),
a typical strain wave gearing, inherently possess
nonlinear properties, such as Angular Transmission
Errors (ATEs), nonlinear stiffness, nonlinear friction etc.,
due to structural errors and flexibility in the mechanisms,
the ideal positioning accuracy corresponding to the
apparent resolution cannot be essentially attained at the
output of gearing in the devices. In addition, mechanisms
with HDGs generally excite resonant vibrations due to
the periodical disturbance by ATEs, especially in the
condition that the frequency of synchronous components
of ATE corresponds to the critical mechanical resonant
frequency. This speech, therefore, focuses on the accurate
settling and vibration suppression in positioning, in order
to improve the performance deteriorations by applying
several control approaches, e.g. a model-based
feedforward control manner, and adaptive/robust
feedback control manners. In the speech, at first, an
approach toward modeling and identification of the ATEs
is presented to achieve and apply the precise
mathematical models to the motion controller design.
Following to the accurate mathematical modeling, several
motion controller design approaches are practically
presented: a model-based feedforward compensation to
improve the settling performance in the positioning, an
adaptive variable notch filter design as a feedback
compensation to effectively suppress the mechanical
vibration, and an H_inf controller design to boost the
robust capability. The proposed approaches have been
applied to precision motion control of actual devices as
servo actuators, and verified through numerical

simulations and experiments.

Makoto Iwasaki received the B.S., M.S., and Dr. Eng.
degrees in electrical and computer engineering from
Nagoya Institute of Technology, Nagoya, Japan, in 1986,
1988, and 1991, respectively. Since 1991, he has been
with the Department of Computer Science and
Engineering, Nagoya Institute of Technology, where he is
currently a Professor at the Department of Electrical and
Mechanical Engineering. As professional contributions of
the IEEE, he has been an AdCom member of IES in term
of 2010 to 2019, a Technical Editor for IEEE/ASME
TMech from 2010 to 2014, an Associate Editor for IEEE
TIE since 2014, a Management Committee member of
IEEE/ASME TMech (Secretary in 2016 and Treasurer in
2017), a Co-Editors-in-Chief for IEEE TIE since 2016, a
Vice President for Planning and Development in term of
2018 to 2021, respectively. He is IEEE fellow class 2015
for "contributions to fast and precise positioning in
motion controller design". He has received the Best Paper
Award of Trans of IEE Japan in 2013, the Best Paper
Award of Fanuc FA Robot Foundation in 2011, the
Technical Development Award of IEE Japan in 2017, the
Nagamori Awards in 2017, the Ichimura Prize in Industry
for Excellent Achievement of Ichimura Foundation for
New Technology in 2018, the Technology Award of the
Japan Society for Precision Engineering in 2018, and the
Commendation for Science and Technology by the
Japanese Minister of Education in 2019, respectively. His
current research interests are the applications of control
theories to linear/nonlinear modeling and precision
positioning, through various collaborative research
activities with industries.
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Development Direction of Human Coexistence Robot Partner

Based on Smart Device

Jinseok WOO*
* Tokyo University of Technology, Japan

Abstract: Social isolation can cause problems on human
both mentally and physically. In particular, the isolation
of the elderly causes serious problems such as lonely
death. However, social participation can lead to healthier
lives by reducing isolation. Many technologies are being
developed to reduce social isolation and loneliness.
Accordingly, we considered to use robot partner in order
to prevent social isolation. In this paper, we explain the
current state about our development of robot partner, and
we discuss development direction of robot. First, we
show our robot partner system. Next, we explain the
modular structured systems in order to develop robot
partner system. Finally, we show several examples of the
robot system, and discuss the applicability of proposed
system.

Jinseok WOO graduated from the Kumoh National

Institute of Technology, Republic of Korea in 2009, and
received degree of master of engineering from Tokyo
Metropolitan University, Japan in 2011. He has been
received degree of doctor of engineering from Tokyo
Metropolitan University, Japan in 2017. After he worked
for Tokyo Metropolitan University, Japan as a research
assistant professor, he joined the School of Engineering,
Tokyo University of Technology, as an assistant professor
at the Department of Mechanical Engineering in 2019. He
has received the Excellent Paper Award of 22th
Intelligent System Symposium, Fuzzy, Artificial
Intelligence, Neural Networks and Computational
Intelligence, Japan in 2012, the Best Presentation Award,
International Conference on Fuzzy Theory and Its
Applications, Republic of Korea in 2018. His current
interests are in the fields of mechatronics, computational
intelligence, and human-friendly robot partner.
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Accelerated First-Order Distributed Method for Nash Equilibria of

Convex-Concave Bilinear Two-Network Zero-Sum Game

Xianlin Zeng*
* Beijing Institute of Technology, China

Abstract: Due to the big data/scale of many modern
applications and rise of distributed optimization/game,
simple first-order gradient descent algorithms have
become dominant and have been particularly revisited
because gradients are often computed in a cheap and
distributed way. Many researchers focus on the
development of accelerated first-order algorithms.
However, most existing works focus on unconstrained
optimization problems. Convex-concave bilinear two-
network zero-sum games have applications in several
domains such as machine learning, optimization, and
game theory. This talk will introduce a recent result on a
dynamical accelerated first-order method for Nash
equilibria seeking of a class of two-network zero-sum
games. The proposed method achieves an O(1/t2)
convergence rate in some sense, which is consistent to
Nesterov’s accelerated method for unconstrained
optimization problems.

Xianlin Zeng received the B.E. and M.S. degrees in

Control Science and Engineering from the Harbin
Institute of Technology, Harbin, China, in 2009 and 2011,
respectively, and the Ph.D. degree in Mechanical
Engineering from the Texas Tech University in 2015. He
worked as a postdoctoral researcher in National Center
for Mathematics and Interdisciplinary Sciences, Chinese
Academy of Sciences, Beijing, China, from 08/2015 to
07/2017. After that, he worked as a postdoctoral
researcher in Beijing Institute of Technology, Beijing,
China, from 08/2017 to 08/2019. He joined the School of
Automation, Beijing Institute of Technology, as an
associate professor in 09/2019. He is with research
specialization in the areas of nonsmooth cooperative
control and decision of multi-agent systems. His research
interests include distributed algorithms for nonsmooth
optimization and games, optimization-based and game
theory-based control of unmanned autonomous systems,
and distributed computation of matrix equations and
inequalities. He has published 5 first-author papers in top
control science and engineering journals IEEE
Transactions on Automatic Control, Automatica, and
SIAM Journal on Control and Optimization.
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Technology andApplication of Intelligent Humanoid Robot System

Xin Chen*
* China University of Geosciences, China

Abstract: After recent advancement of computing and
robotics technologies, intelligent robot system spread
widely all walks of life. However, these robots face
several typical engineering challenges. First of all, the
intelligent perception of the environment is the basis of
robot operation. Secondly, the robot has real-time
decision-making ability to external information. Finally,
high precision control can be performed to achieve the
target operation. Two typical robot systems, live working
robot system and dulcimer intelligent playing robot
system, are introduced in detail in this report. A complex
workspace environment perception technology put
forward by combining broad-spectrum light source and
binocular vision to realize high-precision positioning of
different sizes of operation targets. A humanoid behavior
learning model is proposed, which can realize intelligent
real-time decision-making of dual-arm performance by
learning the behavior habits of human professional
players. A humanoid trajectory planning method is
introduced to realize the anthropomorphic motion of two
arms with joint constraint. Some preliminary results are
demonstrated via video.

Xin Chen received his B.S. and M.S. degrees in

engineering from Central South University, Changsha,
China, in 1999 and 2002, respectively, and the Ph.D.
degree in engineering from University of Macau, China,
in 2007. He finished his postdoctoral research on control
science and engineering at Central South University. He
is currently a Professor with the School of Automation,
China University of Geosciences. He won the Science
Fund for Distinguished Young Scholars of Hubei
Province, and the Distinguished Professor of “Chutian
Scholar Program” of Hubei Province. He was a visiting
professor with the Department of Electrical and
Computer Engineering of the University of Alberta from
December 2018 to December 2019.

His research interests include intelligent control,
multi-agent systems, robotics and process control. He is
the member of Technical Committee of Control Theory,
Education Works Committee and Youth Works
Committee of Chinese Association of Automation, also
the member of Society of Intelligent Aerospace Systems
of Chinese Association for Artificial Intelligence. He
served as the program committee chair of 37th Chinese
Control Conference (CCC 2018).
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Vibration Suppression Based on Input Shaping and
Adaptive Model Following Control 

Lulu Wu*
, 
**, Jinhua She*

,
**

,
***, Chuanke Zhang*

,
**, Zhentao Liu*

,
** 

* School of Automation, China University of Geosciences, Wuhan 430074, China
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Complex Systems, Wuhan 430074, China 

***School of Engineering, Tokyo University of Technology, Tokyo 192-0982, Japan 

Abstract 

Vibration suppression is of great significance to improve 

the positioning accuracy of servo systems. This paper 

develops a vibration suppression method based on input 

shaping and adaptive model following control. First, a 

zero vibration input shaper is used to suppress the 

vibration caused by an elastic load. This helps to obtain 

an ideal position output of the load based on a nominal 

model. Then, a compensation controller in model 

following control is designed to suppress the vibration 

caused by parameter changes. Finally, through analyzing 

the percentage residual vibration, the sum of squared 

position error is employed to optimize the parameters of 

the compensation controller. This ensures the method is 

adaptive to different system parameter changes. 

Comparisons with other input shaper methods show the 

effectiveness and superiority of the developed method. 

Keywords: Vibration suppression, input shaping, model 

following control, parameter optimization. 

1. INTRODUCTION

A servo system has been widely used in industrial 

applications due to its fast response and strong tracking 

ability. In order to achieve high load ratio performance, 

some elastic connecting devices, such as harmonic gears 

and speed bumps, are often used in servo systems. 

However, these elastic devices cause hysteresis errors in 

position transmission. It will affect the positioning 

performance of a servo system, in severe cases, it will 

cause the system unstable. Therefore, it is significant to 

suppress vibration to enhance the positioning accuracy of 

servo systems. 

There are basically two types of vibration suppression 

methods: hardware-based and software-based. Further- 

more, the software-based methods are divided into 

passive suppression methods and active suppression 

methods. The passive ones mainly include a filter methog 

[1], a H  control method [2], and an iterative learning 

control method [3]. While the active ones mainly include 

an input shaping method, an observer method [4], a 

trajectory planning method [5]. 

Among these methods, input shaping technology has 

been widely applied in vibration suppression since it is 

simple and easy to implement. It was first known as 

posicast control that is proposed by Smith [6]. Then, 

Singer and Seering continued to improve it and proposed 

a complete input shaping theory. ZV (zero vibration) 

input shaper is the first one that has been systematically 

researched and put into use. It is simple, however, it is 

very sensitive to system modeling errors at the same time 

[7]. In order to overcome this drawback, many methods 

have been devised to enhance the robustness of a ZV 

input shaper. One approach is to add additional 

constraints to improve built-in robustness. For example, a 

ZVD (zero vibration and derivation) input shaper, a 

ZVDD (zero vibration and double derivation) input 

shaper, an EI (extra-insensitive) input shaper, and a SI 

(specified-insensitivity) input shaper [8]. Unfortunately, 

the robustness of the above shapers comes at the expense 

of the response time. Moreover, as the constraints 

increase, it is more difficult to calculate parameters of the 

input shapers. Another approach is to adapt shaper 

parameters either directly or indirectly to improve 

adaptive robustness. The indirect method focuses on 

updating the shaper parameters by identifying vibration 

information of a system from the time domain or the 

frequency domain [9, 10]. The direct method is to 

construct an adaptive algorithm from the output 

information of a system to adjust shaper parameters [11, 

12]. 

The above methods based on input shaping are effective 

to suppress vibration of a servo system, but the response 

time of the system is longer due to a constant parameter 

adjustment of an input shaper. Moreover, it is difficult to 

suppress vibration when system parameters change 

greatly. A model following control system consists of a 

nominal model, an actual model, and a compensation 

controller. It is noteworthy that the error caused by 

parameter variation is quickly suppressed by designing a 

proper compensation controller. This method has good 

effects and a considerable scope of application [13,14]. 

The 13th China-Japan International Workshop on Information Technology & Control Applications (ITCA2020) 
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Fig.1 Typical two-inertia mechanical transmission model. 

 

Therefore, combining input shaping with model 

following control is a good way to obtain satisfactory 

vibration suppression. 

 

This paper presents a vibration suppression method that is 

based on input shaping and adaptive model following 

control to achieve fast and accurate vibration suppression 

under the situation of parameter changes. An ZV input 

shaper is first used to suppress the vibration caused by an 

elastic load and obtain an ideal position output of the load 

based on a nominal model. Then, a compensation 

controller is designed to suppress the vibration caused by 

parameter changes. After that, choosing the sum of 

squared position error as an objective function to 

optimize the parameters of the compensation controller to 

enhance suppression effect. Finally, simulations show the 

validity of the developed method. 

 

2. ANALYSIS OF MATHEMATICAL 
MODEL 

 

In practical industry applications, elastic gear devices are 

often used in order to achieve high load ratio performance. 

Generally, such a system is regarded as a typical 

two-inertia mechanical transmission system (Fig.1) for 

analysis. 

 

Since the damping coefficient of motor and load are very 

small, their impact on the system is neglected to simplify 

the analysis. According to Fig.1, the following 

differential equations in the s domain is established 
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Fig.2 Vibration suppression using two impulse. 

 

In (2), the variables and parameters are defined as 

follows: 

M [rad/s]        Angular velocity (motor) 

L [rad/s]        Angular velocity (load) 

M [rad]        Motor position 

L [rad]         Load position 

MT [Nm]        Electromagnetic torque 

LT [Nm]           Load torque 

wT [Nm]           Torsional torque  Torsional torque 

wC [ N m s/rad  ]  Spring damping coefficient 

wK [ N m/rad ]    Spring stiffness coefficient 

MJ [ 2kg m ]      The moment of inertia (motor) 

LJ [ 2kg m ]       The moment of inertia (load) 

 

According to the analysis of a second-order system, the 

natural frequency and damping ratio are n w LK J   

and 
2= 4w L wC J K , respectively. It is clear that when 

the system parameters, such as LJ , wK , and wC , have 

variations, the vibration frequency and damping ratio of 

the system will change at the same time. 

 

3. VIBRATION SUPPRESSION BASED ON  
INPUT SHAPING AND ADAPTIVE 
MODEL FOLLOWING CONTROL 

 

This section first explains the design of vibration 

suppression based on input shaping and model following 

control. Then, the relationship among the PRV 

(percentage residual vibration), vibration frequency, and 

damping ratio is analyzed to obtain an objective function 

to optimize the compensation controller. 

 

3.1 Input Shaping 

As a first step to understand how this approach suppress 

vibration, it is helpful to start with the simplest input 

signal - an impulse (Fig.2). 

 

The pulse amplitude and delay time of a conventional 

two-pulse ZV input shaper are 

    
1 π

,  0
1 1

i i

d

K
A t

K K 

  
        

 (3) 
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Fig.3 Vibration suppression based on input shaping and model following control.

where 

 
21 2 1d nK e



   




  ，   (4) 

By setting the derivative, with respect to frequency, to 

equal zero, we get a ZVD shaper. Furthermore, replacing 

the constraint of zero vibration at the modeling frequency 

with a constraint that merely limited the vibration to a 

small value, an EI shaper is obtained. The expression of 

the two shapers are described in [15]. 

 

From the above equations, it is clear that a considerable 

change in system parameters will result in poor vibration 

suppression performance of an input shaper. Vaughan et 

al. had compared the sensitivity of different input shapers 

to parameter modeling errors in [15]. 

 

3.2 Model Following Control 

 

As described in Section 3.1, input shaping is a simple 

feedforward method to suppress vibration, however, 

when system parameters have changes, an input shaper 

cannot achieve zero residual vibration. Therefore, this 

paper develops a vibration method that combines input 

shaping and model following control to achieve fast 

suppression speed and high suppression accuracy. 

 

In order to guarantee a simple control structure and a fast 

vibration suppression speed, this paper employs a ZV 

shaper and a PD compensation controller. As shown in 

the block diagram of vibration suppression based on input 

shaping and model following control (Fig.3), a ZV shaper 

is first used to suppress the vibration caused by an elastic 

load. Then, an ideal load position output without 

vibration is obtained. After that, the ideal output is set as 

the reference signal of load position input for the actual 

model. Finally, a compensation controller is designed to 

improve the vibration suppression effect. 

 

3.3 Parameter optimization of compensation 

controller 

 

The vibration caused by parameter changes can be 

effectively suppressed by designing a proper 

compensation controller. However, if the compensation 

controller employs fixed parameters, it cannot approach 

satisfactory effect when system parameters change in a 

wide range. Taking this problem into consideration, 

adjusting parameters of the compensation controller 

during operation time helps to achieve a better vibration 

suppression performance. 

 

For an underdamped second-order system, the impulse 

response is 

 
    0- 20

0 0
2

(t) sin 1 -
1

n t tn

n

A
y e t t


 




 


  (5) 

where 0A  is the amplitude of the pulse, 0t  is the time 

the impulse is applied. 

 

Using the vibration frequency, 21d n    , to get 

the simplification 

 
    0-0

0 0
2

(t) sin -
1

n t tn

d

A
y e t t










  (6) 

 

The amplitude of residual vibration from a single 

unity-magnitude impulse applied at time zero is 

 
21

nA







 (7) 

The amplitude of residual vibration from a sequence of 

impulses after the last impulse applied at nt t  is 

    
2 2

2
( , ) ( , )

1

n ntn

n nA e C S


   




  


 (8) 

where 

 

 

 

1

1

, cos( )

, sin( )

n i

n i

n
t

n i d i

i

n
t

n i d i

i
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 (9) 

 

Dividing (8) by (7) yields the PRV equation 

   
2 2

( , ) ( , ) ( , )n nt

n n n

A
V e C S

A

     



    (10) 
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Fig.4 Relationship among PRV, n  and  . 

 

Table 1. Parameters of the two-inertia system. 

Parameter Value Parameter Value 

eK [ N m/A ] 1.5 
tK [ N m/A ] 1.5 

LJ [ 2kg m ] 0.008 
MJ [ 2kg m ] 0.006 

wC [ N m s/rad  ] 0.01 
wK [ N m/rad ] 5 

 

However, for a two-inertia system, when system 

parameters change, both natural frequency and damping 

ratio will change too. In particular, there is a relationship 

between them ( = na  ,  = 2w wa C K ). Under the case 

of both n  and   have changes, the PRV equation is 

shown in (11), where  21b     , 
n nc   . 

According to the above expression, the relationship 

among PRV, n  and   is obtained (Fig.4). 

 

When the PRV exceeds a desired range  , it is considered 

that there is a parameter change, resulting in the vibration 

that cannot be suppressed satisfactory by a ZV shaper. 

Assuming that the system cycle time is T and the 

sampling time is sT , then the number of samples per 

cycle is sN T T . The sum of squared position error is 

2

1

( , ) ( )
N

n

k

S V A k 




      

where ( )A k


 is the amplitude of residual vibration 

without input shaping at the k-th sample time. In fact, 

when system parameters have different changes, the 

value of the sum of squared position error is different too. 

This paper selects this value as an objective function to 

optimize the compensation controller. 

 

 
Fig.5 Results of vibration suppression of different 

methods. 

 

 

Fig.6 Results of load position curve for change in 
LJ . 

 

4. NUMERICAL VERIFICATION 
 

Simulations were carried out for a servo system (Table 1) 

to demonstrate the effectiveness of the developed method. 

Vibration suppression was carried out and compared for 

the developed method and three input shaper methods for 

different change values in the moment of inertia (load). 

 

For changes in LJ  varies within 100%-278%, 

corresponding to c  varies within 60%-100%, a 

comparison among different input shapers (the ZV shaper, 

the ZVD shaper, and the EI shaper) and the developed 

method (Fig.~¥ref{Fig:5}) shows that the developed 

method suppresses the vibration below a desired value in 

a wide range of frequency change. When the system 

frequency changes within 80%-90%, the ZV shaper, the 

EI shaper, and the developed method almost achieve the 

same effect of vibration suppression. However, when the 

system frequency changes within 60%-80%, the PRV of 

the developed method is below 10% while the one of 

other input shaper methods is beyond 20%. A typical 

result of the EI shaper and the developed method 
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( 0.6c  ) is presented in Fig.6. For the EI shaper and the 

developed method, the peak value of vibration is 1.478 

(147.8%) and 0.065 (6.50%), respectively. This presents 

that the developed method has a strong adaptability to 

changes of vibration frequency.  

 

5. CONCLUSION 
 

This paper presented a vibration suppression method 

based on input shaping and adaptive model following 

control. This method achieves a fast and accurate effect 

of vibration suppression when system parameters change 

in a wide range. An ZV input shaper was used to suppress 

the vibration caused by an elastic load and a 

compensation controller was designed to suppress the 

vibration caused by parameter changes. Furthermore, 

through analyzing the PRV, the sum of squared position 

error was chosen to optimize the parameters of the 

compensation controller. Simulations demonstrate the 

effectiveness of the method and its superior to other input 

shaper methods. 
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Abstract 

This paper is concerned with trajectory azimuth control in 

directional drilling. The motion process of the drill bit and 

a series of stabilizers are described, and a state-space 

model of the trajectory azimuth is built. The scheme of the 

trajectory azimuth control system is designed based on the 

equivalent input disturbance approach. An internal model 

is inserted to represent the drill bit for improving the 

tracking performance, and a state observer is combined 

with a low-pass filter to estimate the trajectory azimuth by 

measuring the azimuth of bottom hole assembly. The 

control parameters can be obtained by the condition of the 

system stability, which are derived in terms of linear 

matrix inequalities. A typical case is used to illustrate the 

validity and robustness of our approach. 

Keywords: directional drilling process, trajectory 

azimuth, tracking control, equivalent input disturbance. 

1. INTRODUCTION

Directional drilling can drill the curved boreholes with the 

downhole robot system in the complex geological 

environments. The downhole robotic actuators of the 

Rotary Steering System (RSS) are often used in the actual 

project [1]. The operation engineers can control the bit 

orientation by sending operational commands to the RSS 

actuators, which can achieve the control of the drilling 

trajectory.  

At present, many researchers have done many works on 

the trajectory control. Panchal et al. [2] proposed a control 

strategy based on the borehole propagation process, this 

control strategy ignores the transient behavior of physical 

borehole propagation in physics. Bayliss et al. [3] derived 

the state-space model for drilling expansion and designed 

the controller based on the proposed model, but it can not 

capture the basic delay characteristics of borehole 

propagation dynamics. He also proposed some approaches 

to improve the control effect. Actually, the effects of 

time-delay and disturbance on the system are not 

considered in the above control studies. 

In the actual project, the drilling trajectory consists of the 

trajectory inclination and trajectory azimuth. Since the 

trajectory azimuth denotes the turning trend of the drilling 

trajectory, it is essential to the trajectory control in the 

drilling process. However, few scholars study the azimuth 

control, and our previous work [4] was presented in only 

for the drilling attitude control but not the trajectory 

azimuth control. The article mainly uses the trajectory 

azimuth as the entry point to study the control problem of 

the drilling trajectory. 

Strictly speaking, the trajectory control system is 

nonlinear during the drilling process. Considering that the 

trajectory evolution delay and the coupling between the 

trajectory inclination and trajectory azimuth, the trajectory 

system is uncertain and nonlinear. This style system is 

difficulty to the control of the drilling trajectory. To 

achieve the control effectively, it is necessary to develop 

some control strategies to deal with these situations. The 

disturbance observer-based control method and the 

sliding-mode control method are proposed to deal with the 

uncertainties and nonlinearities conditions [5,6]. However, 

they increase the complexity of the model and reduce 

system control performance. 

To solve the above situation effectively, She et al. [7] 

proposed a disturbance suppression approach based on the 

concept of an equivalent input disturbance (EID). The 

method suppresses the exogenous disturbances without 

requiring a piece of prior information on the disturbance. 

Since the EID system configuration is simple, and the 

parameters are easy to design, this approach has widely 

applied to the linear systems, the uncertain systems, the 

nonlinear systems, and the time-delay systems [8,9]. 

Notably, for the delay-time and nonlinearities of the drill 

string system, the EID approach is used to improve the 

control performance of the drilling-string system [10]. 

Therefore, the EID method provides a fine scheme for us 

to solve the trajectory azimuth control for directional 

drilling process. 

The paper proposes a trajectory reference-tracking and 

disturbance rejection control strategy for the trajectory 

azimuth. The model of the trajectory azimuth is 
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established according to the evolution prcess of the 

trajectory turn. The structure of the trajectory control 

system is built based on the EID, and the robustness of 

the control system is analyzed in detail. According to the 

Lyapunov stability theory, a sufficient condition that 

formed a set of linear matrix inequalities (LMIs) is 

derived to guarantee the asymptotic stability. Finally, a 

typical case illustrates the validity of the method. 

 

2. TRAJECTORY AZIMUTH MODEL AND 
PROBLEM FORMULATION 

 
In this work, the trajectory evolution process is 

considered in a vertical plane. The section mainly 

explains the trajectory azimuth model and problem 

formulation. 

 

1.1 Trajectory Azimuth Model 

The geometric description of the drilling trajectory is 

shown in Fig. 1. The base coordinate of drilling trajectory 

is [𝑒𝑥, 𝑒𝑦 , 𝑒𝑧]
𝑇
, where 𝑒𝑧 is the gravity direction, 𝑒𝑥 and 

𝑒𝑧  are vertical, and 𝑒𝑥  and 𝑒𝑦  are orthogonal, 

respectively. The process of trajectory formation is also 

considered as the trajectory evolution. Due to the 

complexity of the drilling trajectory evolution, only the 

motion process of the trajectory azimuth is studied. 
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Fig. 1 The trajectory evlution description 

 

The length of drilling trajectory 𝑆  is described by the 

trajectory orientation Ξ(𝑆) with respect to the vertical line, 

where 𝑆 ∈ [0, 𝐿] , 𝐿  denotes the trajectory length;  𝑆 

indicates a curvilinear coordinate position measured along 

drilling trajectory. The dimensionless length of drilling 

trajectory 𝜉 is defined as 𝜉 = 𝐿/ℓ1, where ℓ1  indicates 

the distance between the bit and the first stabilizer, 𝜉 is 

the independent variable for the dynamics question of the 

trajectory propagation. Each section between two 

stabilizers is regarded as an Euler-Bernoulli beam. 

However, the section Λℓ1 between the bit and the RSS 

steering device is different from the section between the 

two stabilizers ℓ𝑖, 𝑖 = 2,⋯ , 𝑛.  

The two nonlinear delay differential equations can 

represente the evolution process of the trajectory azimuth 

Φ , and the equations also describe the relationship 

between the BHA azimuth and trajectory azimuth. To 

simplify the description of the trajectory evolution, the 

equations are given directly as follows [11]: 

𝜂Π(𝜙 − Φ) = ℱ𝑏(𝜙 − 〈Φ〉1) + ℱ𝑟Γ 

                    +∑ ℱ𝑖(〈Φ〉𝑖 − 〈Φ〉𝑖+1),
𝑛−1
𝑖=1        (1a)                                     

−𝜒Π�̇� = ℳ𝑏(𝜙−〈Φ〉1) +ℳ𝑟

Γ

sin Θ
 

+∑ ℳ𝑖(〈Φ〉𝑖 − 〈Φ〉𝑖+1),
𝑛−1
𝑖=1           (1b) 

where 𝜂  denotes the lateral steering resistance, 𝜒 

denotes the angular steering resistance, Π denotes the 

scale active weight-on-bit, 𝜙 denotes the BHA azimuth, 

Φ denotes the trajectory azimuth, ΓΦ denotes the RSS 

forces on the Φ, respectively. The variable 〈Φ〉1 denotes 

the average values of trajectory azimuth between the drill 

bit and the first stabilizer; the variable  〈Φ〉2 denotes the 

average values of trajectory azimuth from the first 

stabilizer to the second stabilizer. They describe to 

〈Φ〉𝑖̇ = [Φ(𝜉𝑖) − Φ(𝜉𝑖−1)]/𝜘𝑖,                 (2) 

where 𝜉𝑖 = 𝜉 − ∑ 𝜘𝑗
𝑖
𝑗=1  and 𝜉𝑖−1 = 𝜉 − ∑ 𝜘𝑗

𝑖−1
𝑗=1 , 

𝑗 = 1,⋯ , 𝑖, 𝑖 = 1, 2. 

 

Moreover, the parameter Λ  is a scale factor and the 

parameters 𝜘𝑖 = ℓ𝑖/ℓ1 , 𝑖 = 1,2 , is the dimensionless 

position length of the 𝑖-th segment of BHA. Here, given 

with two stabilizers (i.e., 𝑛 = 2). the coefficients ℱ and 

ℳ denote the dimensionless influence coefficients, and 

they are provided by 

 ℱ1  = 6/(3 + 4𝜘2),    ℳ1 = −2/(3 + 4𝜘2), 

ℱ𝑏  = −(6 + 4𝜘2)/(3 + 4𝜘2), 

ℳ𝑏 = 4(1 + 𝜘2)/(3 + 4𝜘2), 

ℱ𝑤  = (6 + 10𝜘2 − 3𝜘2
3)/(12 + 16𝜘2), 

ℳ𝑤 = (−1 − 2𝜘2 + 𝜘2
3)/(12 + 16𝜘2), 

ℱ𝑟   = [−3 − 4𝜘2 + Λ
2(9 + 6𝜘2) − 2Λ

3(3 + 𝜘2)]

/(3 + 4𝜘2), 

ℳ𝑟 = [Λ(1 − Λ)(3 + 4𝜘2 − Λ(3 + 2𝜘2))]/(3 + 4𝜘2) . 

 

Assume that the desired trajectory azimuth Φ𝑟(𝜉)  is 

continuously differentiable for the complex stratum. The 

BHA has infinite stiffness, and two stabilizers are 

considered, i.e., 𝑛 = 2. 

 

Combining with (1a) and (1b), the differential equation of 

the trajectory azimuth is as follows: 

𝜒ΠΦ̇ = ℳ𝑏(〈Φ〉1 −Φ) +
𝜒

𝜂
ℱ𝑏(Φ − Φ1) 

    +(
ℱ𝑏 ℳ1−ℳ𝑏ℱ1

𝜂Π
−  ℳ1) (〈Φ〉1 − 〈Φ〉2)    (3) 
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−
𝜒

𝜂
ℱ1 (

Φ − Φ1
𝜘1

−
Φ1 −Φ2

𝜘2
) +

𝜒

𝜂

ℱ𝑟Θ̇ cos Θ

(sin Θ)2
Γ 

+(
ℱ𝑏 ℳ𝑟 −ℳ𝑏ℱ𝑟

𝜂Π
−  ℳ𝑟)

Γ

sinΘ
−
𝜒

𝜂

ℱ𝑟
sinΘ

Γ̇. 

The equation (3) with distributed delays is transformed 

into a first-order state-space formulation with pointwise 

delays by considering the average trajectory azimuth 

〈Φ〉𝑖. 

 

Define �̇�(𝜉): = col(Φ(𝜉), 〈Φ〉1(𝜉), 〈Φ〉2(𝜉)) , the 

state-space equation is as follow: 

�̇�(𝜉) = 𝐴0𝑧(𝜉) + 𝐴1𝑧(𝜉 − 𝜏1) + 𝐴2𝑧(𝜉 − 𝜏2) 

+𝐵0Γ(𝜉) + 𝐵1Γ̇(𝜉),                   (4) 

where 𝜏1 = 𝜘1, 𝜏2 = 𝜘1 + 𝜘2, and the system matrices 

𝐴0 =
1

𝜒Π

[
 
 
 −ℳ𝑏 +

𝜒

𝜂
(ℱ𝑏 −

ℱ1

𝜘1
) ℳ𝑏 + 𝐺 −𝐺

𝜒Π

𝜘1
0 0

0 0 0 ]
 
 
 
, 

𝐴1 =
1

𝜒Π

[
 
 
 
 
𝜒

𝜂
(
ℱ1

𝜘1
+

ℱ1

𝜘2
− ℱ𝑏) 0 0

−
𝜒Π

𝜘1
0 0

𝜒Π

𝜘2
0 0]

 
 
 
 

, 

𝐴2 =
1

𝜒Π

[
 
 
 −

𝜒

𝜂

ℱ1

𝜘2
0 0

0 0 0

−
𝜒Π

𝜘2
0 0]

 
 
 
, 

𝐵0 =
1

𝜒Π
[
𝜒

𝜂

ℱ𝑟Θ̇ cosΘ

(sinΘ)2
+

𝑀

sinΘ
0 0]

𝑇

, 

𝐵1 =
1

𝜒Π
[−

𝜒

𝜂

ℱ𝑟

sinΘ
0 0]

𝑇

, 

𝐺 =
ℱ𝑏 ℳ1−ℳ𝑏ℱ1

𝜂Π
−  ℳ1, 𝑀 =

ℱ𝑏 ℳ𝑟−ℳ𝑏ℱ𝑟

𝜂Π
−  ℳ𝑟 . 

 

To simplify the control input in the model (4), the control 

input 𝑢(𝜉) are defined as: 𝐵𝑢(𝜉) = 𝐵0Γ(𝜉) + 𝐵1Γ̇(𝜉). 

(4) is rewritten as follow: �̇�(𝜉) = 𝐴0𝑧(𝜉) + 𝐴1𝑧(𝜉 −

𝜏1) + 𝐴2𝑧(𝜉 − 𝜏1) + 𝐵𝑢(𝜉). Due to the input matrices 

𝐵0  and 𝐵1  related to the trajectory azimuth Θ , this 

simplification will have an impact on the system. 

 

Remark 1 There is the coupling between the trajectory 

inclination and trajectory inclination in (4). The change of 

the trajectory inclination has influences for the trajectory 

azimuth control. Moreover, the delay characteristic of the 

model itself also affects the control effect. Since the 

influence of these factors needs to be eliminated, the EID 

method is used in the control system. 

 

1.2 Problem Formulation 

The structure of EID-based control system is shown in 

Fig. 2, which consists of the plant, an internal model of 

the reference input, the state observer, the control 

translation, and an EID estimator. The inner loop contains 

the state observer and the EID estimator, and the outer one 

provides the internal model and the output feedback. 

 

There are the trajectory evolution delay and coupling 

with the trajectory inclination in the drilling process. The 

influence of the two factors can be regarded as the system 

disturbance Ψ(𝜉) . So, the control input 𝑢(𝜉)  should 

contain two parts: 𝑢𝑓(𝜉) for the tracking of the reference 

input and �̃�(𝜉)  for the compensation for the system 

disturbance Ψ(𝜉), that is, 

𝑢(𝜉) = 𝑢𝑓(𝜉) − �̃�(𝜉).                       (5) 

Since the term Ψ(𝜉) can be treated as a state-dependent 

EID, letting the EID be �̃�(𝜉) to describe the plant as 

�̇�(𝜉) = 𝐴0𝑧(𝜉) + 𝐴1𝑧(𝜉 − 𝜏1) + 𝐴2𝑧(𝜉 − 𝜏2) 

+𝐵[𝑢(𝜉) + �̃�(𝜉)],                     (6) 

𝑦(𝜉) = 𝐶𝑧(𝜉),                  

where 𝜏1 = 𝜘1, 𝜏2 = 𝜘1 + 𝜘2. 

The state observer is constructed as 

�̇̂�(𝜉) = 𝐴0�̂�(𝜉) + 𝐴1�̂�(𝜉 − 𝜏1) + 𝐴2�̂�(𝜉 − 𝜏2) 

+𝐵[𝑢(𝜉) + �̃�(𝜉)] + 𝐿[𝑦(𝜉) − �̂�(𝜉)],      (7) 

�̂�(𝜉) = 𝐶�̂�(𝜉),           

where 𝐿 is the observer gains. 

 Trajectory 
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Fig.2 The structure of drilling control system
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Define the state estimation error to be 𝑒𝛺(𝜉) ≔

col{𝑒(𝜉), 𝑒(𝜉 − 𝜏1), 𝑒(𝜉 − 𝜏2)}  for the state variables 

𝑧(𝜉), 𝑧(𝜉 − 𝜏1) and 𝑧(𝜉 − 𝜏2), and it is written to be 

𝑒(𝜉 − 𝜏𝑛) = 𝑧(𝜉 − 𝜏𝑛) − �̂�(𝜉 − 𝜏𝑛),            (8) 

where 𝑛 = 0,1,2, 𝜏0 = 0, and 𝜏1 < 𝜏2. 

Substituting (8) into (6) yields 

�̇̂�(𝜉) = 𝐴0�̂�(𝜉) + 𝐴1�̂�(𝜉 − 𝜏1) + 𝐴2�̂�(𝜉 − 𝜏2) 

+𝐵𝑢(𝜉) + [𝐴0𝑒(𝜉) + 𝐴1𝑒(𝜉 − 𝜏1)   

+𝐴2𝑒(𝜉 − 𝜏2) − �̇�(𝜉) + 𝐵�̃�(𝜉)].         (9) 

To reveal the relationship between (7) and (9), suppose 

that there exist control inputs 𝛥𝑑(𝜉) satisfying 

𝐵𝛥𝑑(𝜉) = 𝐴0𝑒(𝜉) + 𝐴1𝑒(𝜉 − 𝜏1) 

+𝐴2𝑒(𝜉 − 𝜏2) − �̇�(𝜉).             (10) 

Substituting (9) into (8) yields 

�̇̂�(𝜉) = 𝐴0�̂�(𝜉) + 𝐴1�̂�(𝜉 − 𝜏1) + 𝐴2�̂�(𝜉 − 𝜏2) 

+𝐵[𝑢(𝜉) + �̂�(𝜉)],                   (11) 

where  

�̂�(𝜉) = �̃�(𝜉) + 𝛥𝑑(𝜉).                    (12) 

Combining (5), (7) and (11) leads to 

𝐵[�̂�(𝜉) + 𝑢(𝜉) − 𝑢𝑓(𝜉)] = 𝐿𝐶𝑒(𝜉).            (13) 

Thus, the least square solution of �̂�(𝜉) is 

�̂�(𝜉) = 𝐵+𝐿𝐶𝑒(𝜉) + 𝑢𝑓(𝜉) − 𝑢(𝜉),            (14) 

where 𝐵+ = (𝐵𝑇𝐵)−1𝐵𝑇  is a generalized inverse of 𝐵. 

 

Due to the reference trajectory azimuth tracked precisely, 

the following internal model is inserted to track the 

movement of the drill bit in the control loop 

�̇�𝑅(𝜉) = 𝐴𝑅𝑧𝑅(𝜉) + 𝐵𝑅[𝑟(𝜉) − 𝐸𝑦(𝜉)],         (15) 

where 𝐸 = [1,0,0] is used to extract Φ(𝜉) from 𝑦(𝜉), 

and 𝐴𝑅 , and 𝐵𝑅  are constants selected according to 

on-site requirements. The internal model (15) gives 

𝑢𝑓(𝜉) = 𝐾𝑃�̂�(𝜉) + 𝐾𝑅𝑧𝑅(𝜉),                  (16) 

where 𝐾𝑃 and 𝐾𝑅 denote the control gains, respectively. 

 

Noting (12), an EID estimator is constructed in the form 

of a low-pass filter to estimate �̃�(𝜉) from �̂�(𝜉) 

�̇�𝐹(𝜉) = 𝐴𝐹𝑧𝐹(𝜉) + 𝐵𝐹�̂�(𝜉),                  (17) 

�̃�(𝜉) = 𝐶𝐹𝑧𝐹(𝜉),                           (18) 

where 𝐴𝐹, 𝐵𝐹, 𝐶𝐹 are selected matrices of appropriate 

dimensions according to the actual drilling situation. (17) 

and (18) are used to select the angular frequency 

bandwidth for the EID estimation. It satisfies 

𝐹(𝑗𝑤) ≈ 1, ⋁𝜔 ∈ [0, 𝜔𝑟],                    (19) 

where 𝜔𝑟  is the highest angular frequency for 

disturbance estimation. The cut-off frequency of the EID 

estimator is larger than 𝜔𝑟, and it is suggested to be ten 

times that of the reference. 

 

Then, let the external signals be zero, i.e. 𝑟(𝜉) = 0. 

Notice that  

𝑦(𝜉) = 𝐶𝑧(𝜉),                             (20) 

𝑦(𝜉) − �̂�(𝜉) = 𝐶𝑒(𝜉).                       (21) 

Substituting (20) into (15) gives 

�̇�𝑅(𝜉) = −𝐵𝑅𝐸𝐶�̂�(𝜉) − 𝐵𝑅𝐸𝐶𝑒(𝜉) + 𝐴𝑅𝑧𝑅(𝜉).   (22) 

Substituting (21) into (7) yields 

�̇̂�(𝜉) = 𝐴0�̂�(𝜉) + 𝐴1�̂�(𝜉 − 𝜏1) + 𝐴2�̂�(𝜉 − 𝜏2) 

+𝐵𝑢𝑓(𝜉) + 𝐿𝐶𝑒(𝜉).                  (23) 

Subtracting (4) by (7) yields 

�̇�(𝜉) = (𝐴0 − 𝐿𝐶)𝑒(𝜉) + 𝐴1𝑒(𝜉 − 𝜏1) + 𝐴2𝑒(𝜉 − 𝜏2) 

+𝐵𝑢(𝜉) − 𝐵𝑢𝑓(𝜉),                   (24) 

substituting (5), (8), (17) and (18) into (24) yields 

�̇�(𝜉) =  (𝐴0 − 𝐿𝐶)𝑒(𝜉) + 𝐴1𝑒(𝜉 − 𝜏1) + 𝐴2𝑒(𝜉 − 𝜏2) 

−𝐵𝐶𝐹𝑧𝐹(𝜉).                         (25) 

Then, substituting (5) and (14) into (17) leads to 

�̇�𝐹(𝜉) = (𝐴𝐹 + 𝐵𝐹𝐶𝐹)𝑧𝐹(𝜉) + 𝐵𝐹𝐵
+𝐿𝐶𝑒(𝜉).     (26) 

 

Denoting 𝛿(𝜉): = col{�̂�(𝜉), 𝑒(𝜉), 𝑧𝐹(𝜉), 𝑧𝑅(𝜉)}  for the 

system state variables. Combining (22), (23), (25) and 

(26), the state-space equations of the closed-loop system 

is  

�̇�(𝜉) = �̅�0𝛿(𝜉) + �̅�1𝛿(𝜉 − 𝜏1) + �̅�2𝛿(𝜉 − 𝜏2) 

+�̅�𝑢𝑓(𝜉),                         (27) 

where the system matrix 

�̅�0 = [

𝐴0 𝐿𝐶 0 0
0 𝐴0 − 𝐿𝐶 −𝐵𝐶𝐹 0

0 𝐵𝐹𝐵
+𝐿𝐶 𝐴𝐹 + 𝐵𝐹𝐶𝐹 0

−𝐵𝑅𝐸𝐶 −𝐵𝑅𝐸𝐶 0 𝐴𝑅

],  

�̅�1 = [

𝐴1 0 0 0
0 𝐴1 0 0
0 0 0 0
0 0 0 0

], �̅�2 = [

𝐴2 0 0 0
0 𝐴2 0 0
0 0 0 0
0 0 0 0

], 

�̅� = [𝐵𝑇 0 0 0]T. 

The control law is 

𝑢𝑓(𝜉) = 𝐾𝛿(𝜉),                            (28) 

where 𝐾 is the control gain, and 𝐾 = [𝐾𝑃 , 0, 0, 𝐾𝑅]. 

Substituting (28) into (27), the closed-loop system is 

normalized as 

�̇�(𝜉) = 𝒜0𝛿(𝜉) + 𝒜1𝛿(𝜉 − 𝜏1) + 𝒜2𝛿(𝜉 − 𝜏2),  (29) 

where 𝒜0 = �̅�0 + �̅�𝐾, 𝒜1 = �̅�1, 𝒜2 = �̅�2. 

 

The objective of the paper can be formulated in detail as 

follows: Design a control law to track the desired 

trajectory azimuth Φ𝑟(𝜉), by using the EID estimator 

obtaining the control input 𝑢(𝜉), while the system state 

tends to be stable quickly. 

 

3. CONTROLLER DESIGN 
 

The section mainly describes the system stability analysis 

and controller design. 

 

Lemma 1 The closed-loop system (29) with the control 
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law (28) is asymptotically stable, if there are symmetric 

positive definite matrices 𝒳𝑖 , 𝒴𝑖 , 𝒥𝑖  ( 𝑖 = 1, 2, 3, 4 ), 

𝒳11 and 𝒳22, appropriate matrix 𝒲1, 𝒲2, which make 

the following feasible 

[
 
 
 
 
𝜓11 𝜓12 𝜓13 𝜓14 𝜓15
∗ −𝜓22 0 0 0
∗ ∗ −𝜓33 0 0
∗ ∗ ∗ −𝜓44 0
∗ ∗ ∗ ∗ −𝜓55]

 
 
 
 

< 0,    (30) 

where  

𝜓11 = [

𝜑11 𝐿𝐶𝒳2 0 𝜑14
∗ 𝜑22 𝜑23 −𝒳2𝐶

𝑇𝐸𝐵𝑅
𝑇

∗ ∗ 𝜑33 0
∗ ∗ ∗ 𝜑44

],  

𝜑11 = 𝐴0𝒳1 +𝒳1𝐴0
𝑇 + 𝐵𝒲1 +𝒲1

𝑇𝐵𝑇 ,  

𝜑44 = 𝐴𝑅𝒳4 +𝒳4𝐴𝑅
𝑇 ,  

𝜑14 = 𝐵𝒲2 −𝒳1𝐶
𝑇𝐸𝐵𝑅

𝑇 ,  

𝜑22 = 𝐴0𝒳2 +𝒳2𝐴0
𝑇 − (𝐿𝐶𝒳2 +𝒳2𝐶

𝑇𝐿𝑇),   

𝜑23 = −𝐵𝐶𝐹𝒳3 +𝒳2𝐶
𝑇𝐿𝑇𝐵+𝑇𝐵𝐹

𝑇 ,  

𝜑33 = (𝐴𝐹 + 𝐵𝐹𝐶𝐹)𝒳3 +𝒳3(𝐴𝐹
𝑇 + 𝐶𝐹

𝑇𝐵𝐹
𝑇),  

𝜓12 =  diag{𝐴1𝒴1, 𝐴1𝒴2, 0,0},  

𝜓13 =  diag{𝐴2𝒥1, 𝐴2𝒥2, 0,0},  

𝜓14 = 𝜓15 = diag{𝒳1, 𝒳2, 𝒳3, 𝒳4},  

𝜓22 = 𝜓44 = diag{𝒴1, 𝒴2, 𝒴3, 𝒴4},  

𝜓33 = 𝜓55 = diag{𝒥1, 𝒥2, 𝒥3, 𝒥4}.  

Then, the controller gains are as follows: 

𝐾𝑃 = 𝒲1𝒳1
−1, 𝐾𝑅 = 𝒲2𝒳4

−1. 

Proof. Choose the following Lyapunov functional of (29) 

as follows: 

𝑉(𝛿(𝜉)) = 𝛿𝑇(𝜉)𝒫𝛿(𝜉) + ∫ 𝛿𝑇(𝜉)ℛ𝛿(𝜉)𝑑𝑠
𝜉

𝜉−𝜏1
  

+∫ 𝛿𝑇(𝜉)𝒬𝛿(𝜉)𝑑𝑠
𝜉

𝜉−𝜏2
,            (31) 

where 𝒫 , ℛ , 𝒬  are positive definite and diagonal 

matrices with compatible dimensions. 

The derivative of (31) is as follows: 

�̇�(𝛿(𝜉)) = 2𝛿𝑇(𝜉)𝒫�̇�(𝜉) + 𝛿𝑇(𝜉)ℛ𝛿(𝜉) 

   +𝛿𝑇(𝜉)𝒬𝛿(𝜉) − 𝛿𝑇(𝜉 − 𝜏1)ℛ𝛿(𝜉 − 𝜏1) 

 −𝛿𝑇(𝜉 − 𝜏2)𝒬𝛿(𝜉 − 𝜏2)  

= 𝒵𝑇(ξ)Ω𝒵(𝜉)                    (32) 

where 𝒵(𝜉) = [𝛿𝑇(𝜉)  𝛿𝑇(𝜉 − 𝜏1)  𝛿
𝑇(𝜉 − 𝜏2)]

𝑇 and  

Ω = [
𝒫𝒜0 +𝒜0

𝑇𝒫 + ℛ + 𝒬 𝒫𝒜1 𝒫𝒜2

∗ −ℛ 0
∗ ∗ −𝒬

]. 

If Ω < 0, then there exits a sufficiently small positive 

scale 휀  such that �̇�(𝛿(𝜉)) ≤ −휀‖𝛿(𝜉)‖𝑇 , the 

closed-loop system (29) is asymptotically stable. By the 

Schur complement, Ω is equivalent to be 

[
 
 
 
 
𝒫𝒜0 +𝒜0

𝑇𝒫 𝒫𝒜1 𝒫𝒜2 𝐼 𝐼
∗ −ℛ 0 0 0
∗ ∗ −𝒬 0 0

∗ ∗ ∗ −ℛ−1 0
∗ ∗ ∗ ∗ −𝒬−1]

 
 
 
 

< 0 

 (33) 

Let 

𝒳𝑖 = 𝒫𝑖
−1, 𝒴𝑖 = ℛ𝑖

−1, 𝒥𝑖 = 𝒬𝑖
−1, 𝑖 = 1, 2, 3, 4, 

and  

𝐾𝑃𝒳1 = 𝒲1, 𝐾𝑅𝒳4 = 𝒲2.                   (34) 

 

Then, left- and Right-multiplying (33) by the block 

matrix diag{𝒳,𝒴, 𝒥, 𝐼, 𝐼}, combining with (34), the 

LMI (30) is obtained. Meanwhile, the control gains are 

given. 

 

4. SIMULATION RESULTS AND 
ANALYSIS 

 

A benchmark system is set with the two stabilizers. It is 

considered that the BHA is composed of a series of steel 

pipes. There are some geometry parameters of the BHA, 

such as Young's modulus 𝐸𝑦, density 𝜌 of the BHA pipe, 

the inner radius 𝐼𝑟 , the outer radius 𝑂𝑟 , cross-sectional 

area 𝐴 = 𝜋(𝑂𝑟
2 − 𝐼𝑟

2)  and second moment of inertia 

𝐼 = (𝑂𝑟
4 − 𝐼𝑟

4)𝜋/4. Moreover, the BHA inherent property 

parameters are set as follows: the Young's modulus 

𝐸𝑦 = 2𝑒11 N/m
2. 

 

The system parameters are selected according to the 

design of directional drilling system by Marck et al. [12]. 

These parameters are given in Table I. 

Table 1. The system drilling parameters. 

Parameter Value Paramter Value 

ℓ1 3.66m 𝜘1 1 

ℓ2 6.10m 𝜘2 1.67 

Λ 0.167 Λℓ1 0.61m 

𝐼𝑟 0.053m 𝑂𝑟 0.086m 

𝜒 0.1 𝜂 30 

𝛾 0.0024 Π 0.0087 

 

The parameters of the inner model are selected as follow: 

𝐴𝑅 = −0.001, 𝐵𝑅 = 1. To ensure the feasibility of LMI 

(30), 𝐴𝑅 is selected as -0.001 instead of 0. Although this 

processing will produce a minimal error, it is reasonable 

for the efficient calculation. For satisfying the condition 

of (19), the state-space parameters of a low-pass filter are 

𝐴𝐹 = −100,  𝐵𝐹 = 100, 𝐶𝐹 = 1. 

 

According to the setting of the above system parameters, 

combining the stability analysis and controller design, the 

control gains are obtained, that is, 𝐾𝑃 = [−2146 −
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1050 524], 𝐾𝑅 = 2547. These values are rounded for

reducing the system calculation. 

The designed trajectory azimuth comes from actual 

engineering. The length of the drilling trajectory 𝜉 is 

400 (the corresponding dimensionless range is 

approximately 1464 m). The desired trajectory azimuth is 

shown as follows: 

Φ𝑟(𝜉) =

{
 
 

 
 
95°,  𝜉 ∈ [0,100]

95° − 0.5°𝜉,  𝜉 ∈ [100,200]

 45°,  𝜉 ∈ [200,250] 

 45° − 0.5°𝜉,  𝜉 ∈ [250,300] 

 0°,  𝜉 ∈ [300,400] 

In the actual drilling, the initial value of the trajectory 

azimuth suddenly changed to 95°, which is not suitable

for control the steering device. To solve the question, let 

Φ𝑟(𝜉) − 95
° without changing the desired trajectory.

To illustrate the effectiveness of the proposed control 

strategy, the PI control method is used to compare with 

our method. Their distinct is that the PI controller 

replaces the EID estimator. In comparison, the control 

parameters are the same. 

The unknown disturbances are added to the system at 

 𝜉 = 150  and 𝜉 = 270  in Fig. 3, respectively. The 

unknown disturbance is set as a step function and its 

amplitude changes to 8°. Such disturbance is considered

as a big disturbance in practical engineering, which is an 

excellent challenge to the drilling control. 

Actually, it is shown in Fig. 3 that the trajectory azimuth is 

variable in the region where the unknown disturbance 

occurs, and the system tends to the steady-state quickly. 

Compared with PI control, our method can converge 

rapidly and has little change. 

Fig. 3 The azimuth response with unknown disturbance 

Fig. 4 shows the error contrast effect of the trajectory 

azimuth. It can be seen that there are large fluctuations 

when the disturbance occurs, but our method can quickly 

converge to 0, and the change is small. Compared with PI 

control, our method reduces the azimuth error by 2° at

the maximum amplitude, which is very important in 

practical projects. 

Fig. 4 The azimuth error with unknown disturbance 

5. CONCLUSION

The control of the trajectory azimuth with the evolution 

delay and the angle coupling has been investigated. By 

analyzing the moment characteristics of the trajectory 

azimuth, the dynamic model has been derived from the 

trajectory evolution equations. Then, an EID-based 

control system has developed two feedback loops: the 

inner one estimates the trajectory azimuth, and the outer 

one realizes the reference tracking. The closed-loop 

control system is designed by some novel condition in 

terms of linear-matrix-inequalities, and the system 

stability is proved. The simulation results illustrated the 

validity of our approach. 
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Abstract

Aiming at high-precision tracking performance
requirements of machine tool moving axis control, this
paper establishes system mathematical model considering
the elastic deformation of ball screw, and designs a
sliding mode controller to suppress the influence of
uncertainty on the control performance. Then an extended
state observer is designed to observe the system state and
disturbance, and feedback to the sliding mode controller
for position control. Finally, the correctness of the
designed sliding mode control and extended state
observer are proved by MATLAB simulation analysis.

Keywords: AC Servo System, Machine Tool Moving
Axis, Tracking Control, Sliding Mode Control, Extended
State Observer.

1. INTRODUCTION

PMSM (Permanent Magnet Synchronous Motor) has the
advantages of small size, reliable structure, high
efficiency and simple control, is widely used in CNC
machine tools, robots, aerospace and other fields [1].
Motion axis servo system drives the worktable to move
according to the given input through PMSM, which is
common in the position control system of machine tools.
This requires the control system to have good dynamic
performance and steady-state accuracy. However, servo
system of machine tool, including electromechanics,
mechanical dynamics, control science and so on, is a
complex control system. Among many influencing
factors, the disturbance and uncertainty make it difficult
to establish an accurate mathematical model. The
disturbance and uncertainty of system include unmodeled
dynamics, parameter uncertainty and external disturbance
[2]. Unmodeled dynamics is mainly determined by its
complex internal structure; parameter uncertainty is due
to the time-varying mechanical and electrical parameters
of the system; external disturbance as the most serious
factor affecting the system, mainly includes load force
and friction. In view of these disturbances and
uncertainties, although the conventional PID

(proportion–integral–derivative) control is widely used in
the field of industrial control because of its simple control
structure, easy implementation, and mathematical model
independent of the plant. But when the internal
parameters and external disturbance change greatly, PID
control can’t meet the system performance requirements.
In order to improve the robustness of the system and
obtain satisfactory control performance, it is necessary to
design advanced control method to suppress the
disturbance and uncertainty.

In recent decades, based on the idea of PID feedback
control, some advanced control strategies have been
applied in various control fields. For servo system, there
are mainly active disturbance rejection control [3],
adaptive control [4], robust control [5], sliding mode
control [6], etc. Moreover, with the deepening of research,
some advanced control strategies are combined with each
other to form new control strategies with complementary
advantages, such as adaptive sliding mode control [7],
neural network sliding mode control [8]. Among them,
sliding mode control is widely used in high-performance
servo motor control because of its insensitivity to
uncertainty, and its easy implementation [9].

In this paper, a sliding mode control method is designed
to track the position of the motion axis of machine tool
under the condition of disturbance and uncertainty. Firstly,
the system plant is modeled, and then the sliding mode
controller is designed for the plant. At the same time, in
order to obtain the internal states and disturbance
information of the system, the extended state observer is
designed. Finally, the simulation analysis of the above
design verifies the correctness of the design.

2. MODELING OFMOTIONAXIS
SERVO SYSTEM

In the position control of machine tools, system modeling
has the most important influence on control performance.
The motion axis servo system mainly includes motor
drive unit, mechanical transmission unit and signal
detection unit. Motor drive unit drives the servo motor to
rotate, mechanical drive unit converts the rotation motion
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of the motor into linear motion of workbench, and signal
detection unit detects the working state of workbench or
motor during the working process and feeds it back to
controller. The system structure is shown in the Fig.1,
where v is the speed of the workbench, f is the friction
force and Fd is the external disturbance of the workbench.

Fig.1 Schematic diagram of system structure.

For the surface-mount PMSM, in the d-q rotating
coordinate system, when 0di  , the mechanical equation
of PMSM is

e L m m m m

e i q

T T J B
T k i

    
 

 
(1)

Where eT is output electromagnetic torque of the motor,
LT is load torque of motor, mJ is motor shaft moment

of inertia, mB is motor damping coefficient, m is
output angle of motor shaft, qi is current of motor q axis,
ik is the motor torque constant.

For the schematic diagram of the system structure, there
are two degrees of freedom: the rotation of motor shaft
and the movement of workbench. Lagrange equation is
established for the whole controlled plant

1,2j
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j
q q

   
      

 
 

(2)

Where q is generalized coordinate of the system

   x T
m lq  (3)

Where x l is the displacement of workbench.

L is lagrange function, which is the difference between
kinetic energy T and potential energy V of the system.
The potential energy is mainly the elastic potential energy
produced by the torsion deformation of ball screw

2
2 21 1 1

2 2 2
l

m lm T m
xL T V J Mx K
i

        
 

  (4)

Where M is total mass converted to the workbench, KT is
torsional stiffness of ball screw, and i is screw
transmission ratio.

D is dissipation function of the system, mainly including
the dissipation energy produced by viscous damping in
the system

2 21 1
2 2m m lD B Bx   (5)

Where B is viscous damping coefficient converted from
mechanical transmission unit to workbench.

Q is generalized force of the system, mainly the
electromagnetic torque Te of the motor and the external
disturbance Fd of the workbench
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Substituting equation (3) ~ (6) into equation (2) gives
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Then the torque balance equation of the servo motor is

 m m me i lq l dmT k i J B i Mx Bx F         (8)

Let the input u=iq. The state vector x=[x1 x2 x3 x4]T =[ lx
m lx m ] are the output displacement of the workbench,
the output angle of the motor shaft, the linear speed of the
workbench and the angular velocity of the motor shaft
respectively. Then the equation of state space is written as
follows
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(9)

In servo motor control, it is often used as a three loop
structure, that are current loop, speed loop and position
loop in turn from inside to outside. The output of the
position and speed controller can only output current iq by
the current loop, and then produce electromagnetic torque.
Since the electromagnetic time constant is far less than
mechanical time constant, the response speed of current
loop is much faster than that of speed loop and position
loop. Therefore, it is assumed that the current loop is a
proportional link with a coefficient of 1. The output of
the outer loop controller is proportional to the
electromagnetic torque [10].

3. SYSTEM CONTROLLER DESIGN

3.1 Design of Sliding Mode Controller
Because sliding mode control is not sensitive to system
disturbance and parameter perturbation, and easy to
implement, the sliding mode controller is selected to
control the system. Sliding mode control generally
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consists of the following two steps.
(1) Determine the switching function s(x), that is,

determine the sliding mode switching surface.
(2) Determined corresponding control function u so that

the sliding mode of the system exists, and the system
can stabilize and reach switching surface within a
limited time.

According to the state space equation of the system
mentioned above, the sliding surface in sliding mode
control can be designed as follows, where C = [c1 c2 c3 1].

4 3

4
1 1

( ) T
i i i i

i i

s c x c x x
 

    x C x (10)

The position tracking problem of servo system is
essentially to control the error signal. The error signal is
defined and the sliding mode function is designed as
follows
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Where C1, C2 and C3 must satisfy Hurwitz condition, so
that, let C1 = λ3, C2 = 3λ2, C3 = 3λ, λ > 0.

The Lyapunov function is defined
2
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In order to reduce the chattering effect of sliding mode
control, the exponential reaching law is adopted

   sgn 0, 0s s ks s k      (15)

By substituting the above formula into equation (14), the
sliding mode control rate is obtained as follows
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In the above control rate, the control variable u cannot be
realized because the disturbance Fd is unknown. When
the upper and lower bounds of Fd are known, the control
rate can be designed by the bounds of Fd
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Where
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In order to satisfy the stability condition, let
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3.2 Design of Extended State Observer
The state observer can observe the internal state of the
plant according to its input and output, this makes it easy
to get some state variables that are difficult to measure in
the system, such as velocity and acceleration, for the
sliding mode control rate of the system, the speed of the
workbench and the angular speed of the motor can be
obtained by the observer. However, the control rate also
contains the unknown disturbance information of the
system, so the extended state observer can be designed to
observe the system state and unknown disturbance. The
extended state observer takes the disturbance as the
expanded state, and feeds back the observed value to the
controller for control compensation.

The extended state observer is designed as follows
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Where ˆ ˆˆ ,l m dx F  are the observed values of
,l m dx F  , 01 02 03 04 05, , ,        are observer gains,

and ensure the observer is stable.

Then
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The control block diagram of sliding mode control based
on extended state observer is shown in Fig.2.

Fig.2 Block diagram of sliding mode control based on
extended state observer

4. SIMULATIONANDANALYSIS

Simulink simulation analysis is performed to verify the
correctness of the design. The parameters of the
controlled plant in the system are shown in Table 1. The
controller parameters and signal input of the system are
set in Table 2. The given input signal are 0.02t, the
disturbance Fd is a constant value disturbance. Let the
root of the observer's characteristic equation be -30, -40,
-50, -60, -70, then the observer gains can be obtained.

Table 1. Model parameters of controlled plant.
Parameter Value Unit Meaning

KT 1000 N*m/rad Torsional stiffness of ball screw

B 1.6 N*s/m
Damping coefficient converted

to workbench

Bm 0 N*s/m Damping coefficient of motor

Jm 5 Kg*m2 Moment of inertia of motor shaft

M 100 kg Mass converted to workbench

ki 1 - the motor torque constant

i 0.002 m/rad Screw transmission ratio

Table 2. Controller parameters and input signals.
Parameter Value Remarks

λ 20 Then c1=8000, c2=1200, c3=60

ε 5
Coefficient of exponential reaching

law

k 100
Coefficient of exponential reaching

law

r 0.02t Given input

Fd 1000
t<10s，Fd =0；

t≥10s，Fd =1000N

Firstly, the observation effect of the extended state

observer is tested. When t=10s, a disturbance force of
1000N is applied to the plant. The observed disturbance
force and actual force are shown in the Fig.3. It can be
seen from the diagram that the extended state observer
has good observation effect.

Fig.3 Comparison of disturbance observation value and
actual value based on extended state observer.

Then, assuming that the value of disturbance is known,
the Fd is 1000N, the sliding mode control based on the
boundary of disturbance and sliding mode control based
on extended state observer are respectively adopted for
simulation analysis. For the given position of 0.02t, the
results are shown in the fig.4. It can be seen from the
figure that the sliding mode control based on the
boundary of disturbance can’t estimate the real-time
situation of the disturbance, so it can only consider that
the disturbance force of 1000N acts on the plant in the
whole process, which results in the greater tracking error
of the first half part and the phenomenon of jitter. The
sliding mode control based on the extended state observer
can observe the disturbance in real time and carry out
compensation control, the control effect is better and the
jitter is not obvious.

Fig.4 Position errors of sliding mode control based on the
boundary of disturbance (SMC) and extended state
observer (SMC+ESO)
.
For unknown disturbance, using sliding mode control rate
based on the boundary of disturbance requires guessing
the bounds of Fd. Fig.5 and Fig.6 show the position
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tracking error of sliding mode control based on the
speculative boundary of disturbance. In Fig.5 the
speculative boundary of Fd is 500, it is less than the
actual value of Fd. In Fig.6 the speculative boundary of
Fd is 2000, it is greater than the actual value of Fd. It can
be seen from Fig. 5 and Fig. 6 that when the disturbance
boundary set is inconsistent with the actual value, the
position tracking error is also different. Therefore, the
sliding mode control based on disturbance boundary can’t
eliminate the influence of disturbance well in the case of
unknown disturbance.

Fig.5 Position error of sliding mode control based on the
boundary of disturbance (Supposing Fd is 500N).

Fig.6 Position error of sliding mode control based on the
boundary of disturbance (Supposing Fd is 2000N).

5. CONCLUSION

Aiming at the position tracking control of machine tool
moving axis servo system, this paper establishes system
model with considering the elastic deformation of ball
screw, and obtains the fourth order mathematical model
of the system. Then, designs a sliding mode controller, in
order to overcome the problem of unknown system
disturbance, an extended state observer is designed to
observe the internal state and disturbance of the system.
Finally, two kinds of sliding mode control methods are
simulated, and the comparison shows that the sliding

mode control based on the extended state observer can
observe the disturbance and suppress disturbance well.
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Abstract 

Large fluctuations in wind speed cause big changes in the 

power output of a wind generator and may even destroy 

the stability of the system. This paper applies the equiva-

lent-input-disturbance (EID) approach to suppress the 

changes in the power output so as to improve the quality 

of the power supply. An output-stabilization control sys-

tem is constructed by combining an EID estimator and a 

PI controller. The system takes wind fluctuations as an 

EID and uses the EID estimator to estimate it. Then, the 

system incorporates the estimate into the PI control law 

to yield high-quality power output. 

Keywords: output fluctuation, pitch-angle control, equiva-

lent input disturbance (EID), wind-power generator, PID con-

trol.

1. INTRODUCTION

With the depletion of fossil fuels and the attention to en-

vironmental issues, countries around the world have be-

gun to pay attention to renewable clean energy. As ex-

plained in a statistical review of world energy provided 

by BP plc [1], Renewable energy (including biofuels) 

posted a record increase in consumption in energy terms 

(3.2 EJ). This was also the largest increment for any 

source of energy in 2019. By energy source, wind genera-

tion provided the largest contribution to growth (1.4 EJ) 

followed closely by solar (1.2 EJ). Wind installed capaci-

ty was 620 GW in 2019 a net increase of 58 GW. Another 

report given by Institute for Sustainable Energy Policies 

showed that the annual share of renewable energy to total 

power generation (including self-consumption) in Japan 

in 2019 was estimated to have increased to 18.5% from 

17.4% in the previous year and wind energy accounted 

for 0.76% [2]. 

In vast flatlands in Europe, the United States, and China, 

there is little turbulence in wind speed. However, 73% of 

the terrain in Japan is a mountain country. Thus, wind 

farms in Japan suffer large wind speed turbulence and 

there are large fluctuations in power outputs if proper 

control systems are not used. 

5 m/swV 

In this paper, we explain an output-stabilization control 

system that combines the equivalent-input-disturbance 

(EID) approach with a PI controller to suppress the in-

fluences in wind speed. 

2. WIND POWER SYSTEM

2.1 Configuration of wind power generation system 

The wind power generation system (Fig. 1) contains a 

pitch-angle control system, a hydraulic servo system, and 

a windmill and generator [3]. A PI controller is used in 

the pitch-angle control system. 

The working principle of the system is as follows. First, 

find the tracking error, e (t), between the reference input, 

Pg0 (t), and the generator output, Pg (t). Next, calculate 

the pitch-angle command value, βCMD (t), from the

pitch-angle control system and send it to the hydraulic 

servo system. Then, the servo system sends the pitch an-

gle, β (t), to the windmill to adjust the power output of an

induction generator, Pg (t). 

2.2 Pitch angle control system 

The condition for the control of the pitch angle is divi- 
ded into the four ranges [4]: 

(1) : The pitch angle is set to be 90◦ to stop 

rotating. 

(2) 5 m/s 13 m/swV  : Since wind power is weak, the 

pitch angle is set to 10◦ to receive the wind force as 

much as possible. 

(3) 13 m/s 24 m/swV  : The pitch angle is controlled 

maintain stable output. The relationship between a 

change in the ouput, P (t), and that in the pitch 

angle,  (t), is given by 

( )( )
( )

( ) 2

1 2

1

w

t
G t

P t Ab Ab V





= =
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Fig. 1. Wind power generation system. 
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Fig. 2. Pitch-angle control system. 

where 
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where
12a ,

13a ,
14a ,

22a ,
23a , and

24a are constants. 

(4) 24 m/swV  : In order to protect the power system, 

the pitch angle is set to be 90◦ and the rotation is 

stopped. 

Fig. 2 shows the pitch-angle control system. 

2.3 Hydraulic servo system 

The system is nonlinear. A first-order linear approximate 

model is [5] [6]  

( )
1

1c

Q s
T s

=
+

, (3) 

where 
cT is the time constant of the system. 

A limiter is used to restrict the pitch-angle command, 

CMD (t), in the range [10◦, 90◦] (Fig. 3). 

2.4 Windmill and generator 

Fig. 4 shows the windmill and generator. The output of 

the windmill, Pw (t), is  

( )
( ) 3,

2

p w

w

C V A
P t

  
= , (4) 

where   is the density of air, A  is the swept area of the 

rotor, and 
wV is the wind speed. The power efficiency of 

the wind turbine ( ),pC   is a function of the blade pitch 

angle, 


, and the tip-speed ratio,  . The relationship 

between them is usually obtained through experiments. It 

can be approximated by [6] 

( ) ( )( ) ( ) ( ) ( )2 3 4
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where 
10c –

34c are constants that represent the character-

istics of the system. And 

( ) ,
w

R
t

V


 = (7) 

Fig. 3. Hydraulic servo system. 

Fig. 4. Windmill and generator. 

In this study, a squirrel-cage induction generator is used 

as a wind power generator. Since the wind power genera-

tor is connected to the wind turbine with large inertia, the 

electrical transient phenomenon can be ignored and the 
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where 
0 is the synchronous speed of windmill. 

The rotating speed of the windmill rotor, 

by 

( ) ( )2

0

2
, 0

t

w gP P dt t
J

 = −  , (10) 

where J is the moment of inertia of the windmill. 

2.5 Plant modelling
Since the model contains nonlinearities, we use linear 

approximation to derive a linear model. 

A linear relationship between ( )wP t and ( )t is 
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S

R SR S X X

= K S




− + +

= − 
 − + +




+ 
− + +


(12) 

)(S t  ( )tAnd a linear relationship between  and  is 

0 0

11dS d ω
S =  = −  = − 

d d   

 


(13) 

Defining 

 ( )t Rwhere  is the rotational speed of the rotor and  is 

the radius of the windmill rotor. 

A linear relationship between (P t )w and  (t ) is 

where 
1X and

2X , and 
1R and 

2R are the reactance and

V )(S t

resistance of the stator and rotor of the motor, respective-

ly;  is the phase voltage; and  is the slip that is 

given by 

output of the generator ( )gP t is given by 

 (t ) , is given
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Fig. 5. Linear model of control system. 

2x = (14) 

yields 
1

2

d d
x

dx dx x


= = . (15) 

Thus, 
1

2

d
x x

dx x


 =  =  . (16) 

Summarizing the above explanation gives the linear 

model of the control system (Fig. 5). 

3. CONTROLLER DESIGN

We employ the EID approach [7] in this study to suppress 

the fluctuations in the output. The control system is con-

structed by combining the EID compensator with a PI 

controller (Fig. 6). A state observer estimates the state of 

the plant, and an EID estimator uses the state estimate to 

produce an EID estimate. We used the pole-placement 

method to design the PI controller and the state observer 

gain, L. 

The state observer is constructed as 

( ) ( ) ( ) ( )ˆ ˆ ˆ
fx Ax t Bu t LC x t x t= + +  −   . (17) 

As explained in [12], an estimate of the EID is given by 

( ) ( ) ( ) ( ) ( )ˆ ˆ
fd t B LC x t x t u t u t+=  −  + −  , (18) 

where 

( )
1

: T TB B B B
−

+ = . (19) 

( )d̂ t is filtered by a low-pass filter ( )F s , which selects 

the angular-frequency band for disturbance estimation 

and rejection. Thus, the filtered disturbance estimate 

( )d t  is given by 

Fig. 6. Configuration of output-stabilization control 

system. 

Table I, WIND TURBINE PARAMETERS 

R [m] J [kg·m2] ρ [kg/m3] Pg [kW] 

14 62993 1.225 320  
X1 [Ω] X2 [Ω] V [V] p 

0.00397 0.0534 400√3 2  
q f [Hz] R1 [Ω] R2 [Ω] 

34.3 50 0.0376 0.00443 

And ( )F s is chosen to be a first-order one for simplicity 

( ) ( ) ( )ˆD s F s D s= . (20) 

( )
1

1
F s

Ts
=

+
, (21) 

where T is the time constant of the filter. 

4. SIMULATIONS AND RESULT ANALSIS

The physical parameters of the windmill, wind turbine, 

and induction motor are shown in Table I and according 

to Subsection 2.5, we obtain  

( )

0

2
0.0365,  K 25613,  0.00003175,

1 1
0.1082,  - 0.2163,  K 30631000,

2

pw

pg

G
J

x





= − = − =

= = − =

(22) 

and the transfer function of the plant be 

( )
2

53197

25.26 56.9
P s

s s
=

+ +
. (23) 

The state-space expression of the model is 

( ) ( ) ( )

( )   ( )

25.26 56.9 1

1 0 0

0 53197

x t x t u t

y t x t

 − −   
= +    
   


=

. (24) 

For the PI controller 

( ) i
p

K
C s K

s
= + , (25) 

the gains were chosen to be 

0.011,  0.003p iK K= = . (26) 

Selecting the poles of the state observer to be 

100 10 j−  yields the gain of the state observer 

0.1058

0.0033
L

 
=  
 

. (27) 

The time constant of the low-pass filter, F(s), is selected 

to be 0.01 sT = . 

4.3. Results and analysis

We used the nonlinear model in simulations to verify the 

effectiveness of our method and set the initial condition 

to be 

0 0320 kW, 18 m/s,  22 ,g wP V  = = = (28) 

The wind speed is shown in Fig. 7. 

We tested control performance for the control system 
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Fig. 7. Wind speed. 

Fig. 8. Output for PI control. 

Fig. 9. Output for PI + EID control. 

with and without the EID compensator. Fig. 8 shows the 

output for the system uses only PI control, and Fig. 9 

shows the output for the system using the combination of 

the PI and EID control. 

It is clear that the fluctuations in gP is much smaller 

when the EID compensator is incorporated. More specif-

ically, gP varied between 280 kW and 365 kW for the 

PI control system without incorporating the EID com-

pensator, and it varied between 310 kW and 340 kW for 

the PI control system that incorporated the EID compen-

sator. The fluctuations in gP was reduced by about 56%. 

From Figs. 10 and 11, we can see that the pitch actuator 

works more frequently for PI + EID control. The pitch 

angle was adjusted more often to suppress the wind tur-

bulence, the range is larger, and the response is much 

faster for PI + EID control than for PI control. 

On the other hand, frequently changing the pitch angle 

may shorten the lifetime of mechanical parts and increase 

the risk of failure. So, we need to consider a trade-off 

Fig. 10. Pitch angle for PI control. 

Fig. 11. Pitch angle for PI + EID control. 

between the control performance and the lifetime of the 

system in the design of the pitch control system. 

5. CONCLUSION

This paper presented a control system for a wind power 

generator that combines the PI control the EID approach. 

Simulations show that the output power variation is much 

smaller for our method than for conventional PI control. 

Our method effectively suppressed the influences in the 

wind speed. It has advantages: 

(1) The control system does not change the hardware

structure of the conventional PI control system.

(2) Parameters of the PI controller and the EID com-

pensator are designed independently.
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Abstract

In this paper, we designs a decentralized control method
consisting of a series of local state feedback controllers
for a class of linear fractional composite systems. In
addition, the corresponding asymptotic stabilization
criterion is derived. First, we design local state feedback
controllers for each fractional subsystem of a class of
linear fractional composite systems. Then, according to
the method of vector Lyapunov function, we combine the
above series of local state feedback controllers into a
decentralized controller. Through this controller, we
propose the asymptotic stabilization criterion for a class
of linear fractional composite systems. Finally, the
numerical simulation of a class of linear fractional
composite system verifies the correctness and
effectiveness of the decentralized control method.

Keywords: Fractional-order Composite system, Control
Theory, Linear System, Stabilization Control.

1. INTRODUCTION

In recent years, the research of fractional-order systems is
mainly divided into two parts. The first part is to study
the characteristics of the fractional-order system itself,
including stability and bifurcation, etc. The other part is
to control the unstable fractional-order system via some
different control methods so as to make the
fractional-order system reach the target state. On one side,
many researchers have studied the stability analysis of
particular fractional-order systems in recent years, such
as neural network systems [1,2], gene regulation network
systems [3-5], HIV systems [6-8], and Lorenz dynamical
systems [9-11], etc. On the other hand, in recent years,
many researchers have also studied how to apply
appropriate controllers to the fractional-order system so
that the fractional-order system can achieve asymptotic
stability. In [12], Zhang et al. have controlled the
fractional-order Newton-Leipnik system via linear
feedback controllers.

But, for the composite system where each subsystem is
modeled by an integer-order system, many decentralized
control methods have been proposed. The introduction of
an M-matrix was first proposed in [16]. Compared with
negative definite matrices, the M-matrix has lower
conservatism and less restriction. In [16], the M-matrix is
mainly applied to the stability analysis and control of
integer-order systems. However, this paper generalizes
the M-matrix to the stabilization control of
fractional-order systems for the first time. In addition,
Fukuda and Ushio proposed decentralized event-triggered
control of the integer-order composite systems in [13].

The rest of the paper is organized as follows. In Section 2,
some definitions and lemmas that need to be used in this
paper are reviewed. In Section 3, the main results in this
paper are shown. In Section 4, numerical simulations are
represented to illustrate the correctness and feasibility of
the proposed decentralized control. Finally, Section 5
concludes the paper.

2. PREPARATION

Definition 1 [14] The Caputo fractional-order function
with the fractional-order operator parameter  is defined
by

1 ( )

0

1( ) ( ) ( ) ,
( )

t
C n nD f t t f d

n
   


  

   (2.1)

where ( )f t is an arbitrary integrable function. As a special
condition, if  0,1  and 1,n  then we obtain the
Caputo fractional-order function in its most common
form as follows.

(1)

0

1( ) ( ) ( ) .
(1 )

t
CD f t t f d   


 

   (2.2)

We consider the following fractional-order system.

( ) ( ( )),CD x t f x t  (2.3)

where the ( ) nx t  is the state of the fractional-order
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system (2.3) and : n nf   satisfies the following two
conditions:
(1) The origin is an equilibrium point of (2.3), that
is, (0) 0;f 
(2) The function  ( )f  is locally Lipschiz continuous in a
neighborhood of the origin.

Lemma 1[15] Let 0x  be an equilibrium point for (2.3)
and a Lyapunov function : nV   of (2.3) be a convex
and continuously differentiable function such
that (0) 0.V 

Then, the following inequality holds for all 0.t 
( )( ) ,C CV xD V x D x
x

 



(2.4)

where the fractional-order operator  0,1 . 

Definition 2[15] The solution ( )x t of (2.3) is called stable
if, for any 0,  there exists ( ) 0    such that, for
every 0x  with 0 0( ),x x t where 0t represents the
initial time, we have

0( ) ,  for any .x t t t  (2.5)

The solution of (2.3) is called asymptotically stable if it is
stable and there exists  0  such that lim ( ) 0t x t 
whenever 

0 .x 

Lemma 2[14] If the convex and continuously
differentiable Lyapunov function : nV   of (2.3)
satisfies

1 2( ) ( ) ( ),x V x x   (2.6)

3( ) ( ),CD V x x   (2.7)

0,t  where ( 1, 2,3)i i  are class- functions and the
fractional-order operator is  0,1 ,  then the equilibrium
point 0x  of the fractional-order system (2.3) is
asymptotically stable.

Definition 3[16] A real n n matrix ijW w    is
an -matrixM if the element 0,  for ,ijw i j  and if its all
principal minor determinants are positive.

Lemma 3[16] If ijW w    is an -matrixM , there exists a
diagonal matrix  1 2, , NP diag p p p  with elements

0,  ,ip i N  such that the matrix
,TC W P PW  (2.8)

3. MAIN RESULT

In this section, we will propose a design method of the
decentralied control for a class of linear fractional-order
composite systems.

The Fig. 1 illustrates a decentralized control of a
composite system with three fractional-order subsystems.

Fig. 1 Illustration of the decentralized control of the
fractional-order composite system in the case of three

fractional-order subsystems.

There exist communications among several subsystems.
The local controller of subsystem 1 can receive the states
of subsystem 2 by the network and determines the local
input to subsystem 1 using both states of subsystem 1 and
2. While the local controller of subsystem 3 determines
the local input using only its state since it does not
receive states of the other subsystems.

We assume that there are no communication delays
among the local controllers.

Then, we consider the following linear fractional-order
composite system where each subsystem is described by
a fractional-order linear differential equation.

 ( ) , , 1, 2,..., ,
i

C
i ii i i i ij j

j D
D x t A x B u A x i j N



    (3.1)

where in
ix  and im

iu  are the state and the local
input of the fractional-order composite system i ,
and ,  i j i in n n m

ij iA B    are constant matrices of
appropriate dimensions. Then, we design the following
local state feedback controller for each fractional-order
subsystem

( ) , ,
i

i ii i ij ij j
j Z

u t K x f K x i


    (3.2)

where the gain matrices i jn n
ijK

 are
constant .  ijF f is a binary N N matrix which
distributes over the constant gain matrices ijK of the
fractional-order linear composite systems (3.1). Then, the
fractional-order linear composite system (3.1) can be
rewritten as follows



 

( ) ,

, 1, 2,..., ,
i i

C
ii i ij j i ij ij j

j D j Z
D x t A x A x B f K x

i j N



 

  



 
(3.3)

with
 ,i ii i iiA A B K  (3.4)
we assume that (3.4) is Hurwitz.
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Assumption 1 We assume a positive definite Lyapunov
function ( ( ))i iV x t of each subsystem, a series of
class- functions ( ), 1,2,3,ki x k  and constant 0i  such
that

   
  

1 2

3

( ( )) ,

( )
,

1, 2,... ,

i i i i i i

i i
i i i i

i

x V x t x

V x
A x

x
i N

 

 

  

  


 

(3.5)

Assumption 2 There exist a non-negative real
numbers ( , 1, 2,..., )ij i j N  with 0ij  for i j such that

3 3

( )

( ) ( ),

i i

i i

i i
ij j i ij ij j

j D j Zi

i i ij j j
j D Z

V x
A x B f K x

x

x x  

 



 
    



 




(3.6)

Theorem 1 Assume that the fractional-order composite
system (3.1) satisfies Assumption 1 and Assumption 2,
and the following matrix W is an -matrixM , then the
fractional-order composite system (3.1) is asymptotic
stable.

11 12 1

21 22 2

1 2

,  

,   if ,
,   otherwise,

j

j

i i ij i j

i ii
ij

ij

w w w
w w w

W

w w w

i j
w

 




 
 
 
 
 
  

  




   
 (3.7)

Proof. We choose the following vector Lyapunov
function which is convex and continuously differentiable
of fractional-order composite system (3.1).

1
( ( )) ( ( )),

N

i i i
i

V x t p V x t


 (3.8)

then, we perform a fractional derivation of (3.8), and
according to Lemma 1 we have



 

1

1

1

1 2 1 2
3 3 3

1

( ( ))
( )

( )

( )

( )

( ) ( ) ( )]

i

i i

i i

C

N
Ci i

i i
i i

N
i i

i ii i i i ij j
i j Di

N
i i

iii i ij j i ij ij j
i j D j Zi

N

i i i i i i ij j j
i j D Z

D V x t
V x

p D x t
x

V x
p A x Bu A x

x

V x
p A x A x B f K x

x

p x t x x





    



 

  

 






 
      

 
      

     
  



 

  




    3 3
1 ( ) ( ) ,
2

T Tx t W P PW x t   



(3.9)

where

       1 2 1 2 1 2
3 31 1 32 2 3( ) , , , .

T

N Nx t x x x       (3.10)
according to Lemma 3, we can select

1{ ,..., }NP diag p p such that TC W P PW  is
positive definite. Then, we have

   3 3
1( ( )) ( ) ( )
2

0,   if  ( ) 0.

C TD V x t x t C x t

x t

   

 
(3.11)

Then, by Lemma 2, the equilibrium of the fractional-
order composite system (3.1) is asymptotically stable,
which completes the proof.

4. NUMERICAL SIMULATION

In order to verify the effectiveness of the controller we
designed in the previous section, we present an example
of numerical simulation in this section.

Example We consider the following two-dimensional
linear fractional-order composite system.

( ) ( ) ( ),
( ) ( ) ( ),

D x t Ax t By t
D y t Cy t Dx t





  


 
(4.1)

where

 
 

1 2

1 2

0.5 0 0.3 0
, ,

0 0.8 0 0.5

0.9 0 0.2 0
, ,

0 0.7 0 0.4

, ,

, ,

T

T

A B

C D

x x x

y y y

    
     
   

             
 

 

(4.2)

then, we give the time responses of the system (4.1)
without input with different fractional-order operator and
the initial states in Fig. 2
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Fig. 2 The time responses of the system (4.1) without
inputs
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we can clearly see that the uncontrolled system is
unstable. Then, we give the following inputs as the local
control law with constant gain matrices that satisfy the
Theorem 1.

1

2

( ) ( ) ( ) ,

( ) ( ) ( ) ,

D x t Ax t By t u

D y t Cy t Dx t u





   


  
(4.3)

where

1

2

1.4 0 0.2 0
,  

0 1.6 0 0.3

1.8 0 0.1 0
.

0 1.4 0 0.1

u x y

u x y

    
        

    
        

(4.4)

Then, we have
* *

* *

( ) ( ) ( ),
( ) ( ) ( ),

D x t A x t B y t
D y t C y t D x t





  


 
(4.5)

where

* *

* *

0.9 0 0.1 0
, ,

0 0.8 0 0.2

0.9 0 0.1 0
, .

0 0.7 0 0.3

A B

C D

   
       

   
       

(4.6)

We select a vector Lyapunov function as follows.

( ( ), ( )) ( ( )) ( ( ))
( ) ( ) ( ) ( ).T T

V x t y t V x t V y t
x t x t y t y t

 

 
(4.7)

Then, we have
2

1 1
1
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2 2
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2
1 1

1
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2 2
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2 2
1 1 1
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2 2
2 2 2
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( ( )) ( ) 0.1 ( ) ( ) ,
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( ( )) ( ) 0.2 ( ) ( ) ,
( )

(

V x t x t x t
x t
V x t x t x t
x t
V y t y t y t
y t
V y t y t x t
y t
V x t y t x t y t
x t
V x t y t x t y t
x t
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 2 2
1 1 1

1

2 2
2 2 2

2

( )) ( ) 0.1 ( ) ( ) ,
( )

( ( )) ( ) 0.3 ( ) ( ) ,
( )

t x t y t x t
y t
V y t x t y t x t
y t




















  

  

(4.8)

and we can get that

0.8 0 0.1 0
0 0.6 0 0.2

.
0.1 0 0.8 0
0 0.3 0 0.4

W

 
  
 
 

 

(4.9)

It is obvious that the matrix W is an -matrix,M which
satisfies the conditions of Theorem 1. Then, we get the
time response of the system (4.1) controlled by Eq.(4.4)
with different  and initial states. It is clear from the
time responses that the controlled system (4.1) is
asymptotically stable when the control law satisfies the
conditions of Theorem 1.

5. CONCLUSION

In this paper, we effectively extend the decentralized
control to a class of linear fractional-order composite
system. We showed that the sufficient conditions of
asymptotic stabilization for the class of linear
fractional-order composite system. Moreover, we design
the rule of the control laws via a vector Lypunov function
and an -matrix.M By simulation, we compare time
responses of the fractional-order composite system with
and without control in all cases, which shows the
correctness and usefulness of the proposed decentralized
control method.

We dealt with the case where the fractional-operator lies
in (0,1), and the proposition of this paper has been well
verified through the simulation. Its extension to all
fractional-operators is future work.
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Abstract

This paper presents a novel method of improving the
speed-sensorless control performance of the interior
permanent magnet synchronous motor (PMSM) based on
the nonsingular fast terminal sliding mode observer
(NFTSMO) and fractional-order software phase-locked
loop. First, the system of interior PMSM is described.
Then, the NFTSMO is constructed to estimate the d-q
-axis back electromotive force (EMF). Moreover, the
speed and position of the rotor are tracked accurately by
the fractional-order software phase-locked loop. The
effectiveness and the feasibility are verified by simulation
in Matlab/Simulink. The result shows excellent
performances in spite of speed fluctuation, torque ripple.

Keywords: Interior permanent magnet synchronous
motor (IPMSM), Speed-sensorless control, Nonsingular
fast terminal sliding mode observer (NFTSMO),
Fractional-order software phase-locked loop (FO-SPLL).

1. INTRODUCTION

Permanent Magnet Synchronous Motor (PMSM) is
developed and applied in industrial drives, railway
transportation, and generators in renewable energy power
plants [1]. PMSM has many advantages, such as
high-energy efficiency, rugged construction, reliable
operation, high power factor [2, 3].

The speed-sensorless control can enhance the control
accuracy, improve the reliability, and reduce the volume,
the cost of the motor drive system. Therefore, the
speed-sensorless control of PMSM is attractive in many
industrial applications.

The speed-sensorless control method can be divided into
three classes [4]. The first one is based on the back
electromotive force (EMF) for the medium and the high
speed [5]. The second one is based on the estimated flux
[6]. The third one is the signal injection estimation for

low-speed operation [7, 8].

The back EMF-based method gets a lot of attention,
because it has a good control performance at the medium
and high speed. But the method is mostly on the

-  -axis back EMF [9]. A speed-sensorless control
method is proposed for interior PMSM (IPMSM) based
on an adaptive super-twisting sliding-mode observer
(AST-SMO) and improved SPLL in -  stationary
reference frame [5]. A sensorless control of PMSM is
proposed to estimate the speed and stator resistance using
a full-order sliding mode observer (FO-SMO) in

-  stationary reference frame [2]. To achieve
high-performance speed-sensorless control for interior
PMSM, a robust backstepping controller with terminal
SMO is proposed [7]. A sensorless drive scheme is
proposed based on the virtual third harmonic back EMF
and fractional-N phase-soft locked loop (FN-SPLL) [10].
A sensorless control system of interior PMSM is
presented based on the voltage injection with a
pulse-width modulation (PWM) carrier and extended
EMF [11]. To achieve low-speed and zero operation of
Interior PMSM, a scheme is proposed based on
low-frequency voltage injection and an enhanced
vector-tracking observer [12]. A sensorless control
method of PMSM is proposed for wide-speed-range
drives and energy-efficient, and it is verified by extensive
experiments [13]. However, hardly any work on d-q-axis
back EMF can be found [8].

In this paper, a novel control strategy is implemented in
the d-q axis reference frame based on nonsingular fast
terminal sliding mode observer (NFTSMO) and
fractional-order software phase-locked loop (FO-SPLL).
The d-q axis back EMF is estimated by the NFTSMO.
The rotor speed and position are tracked accurately by
using the FO-SPLL to improve the speed-sensorless
control performance of interior PMSM.

The remainder is organized as follows: The d-q axis
mathematical model of interior PMSM is introduced in
Section 2. Then, an NFTSMO is designed to estimate the
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d-q-axis back EMF, and the rotor speed and position is
tracked accurately using FO-SPLL in Section 3. The
overall system is tested by Simulink/Matlab simulation in
Section 4. The conclusions are given in Section 5.

2. SYSTEM DESCRIPTION

The d-q axis voltage equations of PMSM are [14]

=

=

d
d s d e q

q
q s q e d

d
u R i

dt
d

u R i
dt







  

  

(1)

where sR is stator resistance, du , qu are the d-q-axis
voltages, di , qi are the d-q-axis stator currents, d ,

q are d-q-axis stator flux linkage, e is motor
electrical angular velocity, respectively.

The d-q axis stator flux linkage of interior PMSM are

=
=

d d d r

q q q

L i
L i

 






(2)

where r is the rotor magnets flux linkage, dL , qL
are the d-q axis inductances.

From (1), (2), the d-q-axis voltage equations of interior
PMSM can be rewrote as

=

=

d
d s d d e q q

q
q s q q e d d e r

di
u R i L L i

dt
di

u R i L L i
dt



 

  

   

(3)

From (3), the d-q-axis current equations of interior
PMSM can be expressed as
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(4)

where de and qe are the back EMF in d-q-axis frame,
and =q e re  , = 0de .

According to (4), state equation of interior PMSM can be
summarized as follows

=
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3. SENSORLESS CONTROLOF
INTERIOR PMSM USING NFTSMOAND

FO-SPLL

3.1 Design of the NFTSMO
To improve the precision and eliminate the chattering of
the observer, a novel nonsingular fast terminal sliding
mode (NFTSM) observer is proposed to estimate the back
EMF in d-q-axis reference frame.

According to (5), a NFTSMO can be designed as follows:
ˆ ˆ=  x Ax Bu v (6)

where ˆ ˆˆ =
T

d qi i  x ,  denotes the estimated values;
=

T

d qv v  v is the control input vector of the
NFTSMO.

From (6) and (5), the error equation can be obtained
=  e Ae Bd v (7)

where    1 2 1 1 2 2ˆ ˆ ˆ=T Te e x x x x    e x x , e is
the error vector.

The sliding mode manifold can be defined as follows:

   1 2 1 2= = =T Ts s e es e (8)

Feng et al. [15] presents the traditional nonsingular
terminal sliding mode (NTSM) manifold

/= p ql s s (9)

where 2Rl ,  1 2= Ts ss , / / /
1 2=

Tp q p q p qs s  s   ,
1 2= ( , )diag   , 1 > 0 , 2 > 0 , 1 < / < 2p q ,

> 0p , > 0q , p and q are odd.

The novel NFTSM manifold is presented [16, 17]
/ /= s sg h p qgn gn  l s s s s s  (10)

where 2Rl ,  1 2= Ts ss , / / /
1 2=

Tp q p q p qs s  s   ,
1 2= ( , )diag   , 1 2= ( , )diag   , 1 > 0 ,

2 > 0 , 1 > 0 , 2 > 0 , 1 < / < 2p q , / > /g h p q ,
> 0p , > 0q , p and q are odd.

Remark 1: When the state s is close to the system
equilibrium, ignoring the higher order terms s , the
NFTSM manifold (10) is equivalent to the NTSM
manifold (9). So, the convergence speed of NFTSM is
approximately equal to NTSM (9).

Remark 2: When the state is far from the system
equilibrium, the high term of s in the right of equation
(10) plays an important role. The convergence speed of
NFTSM is faster than NTSM (9).

3.2 Stability Analysis of the NFTSMO
The control law of the NFTSMO is designed according
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to Theorem 1.

Theorem 1: The error equation (7) is asymptotically
stable, if the manifold (10) is chosen, and the control law
(11) of the NFTSMO is designed as

= eq nv v v (11)
where

=eqv Ae (12)
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where,  > maxk B d ,      1 2sgn = sgn sgn
T

l l  l ,
> 0k , > 0 , > 0 are the designed parameters.

Proof: From (10), it gets
1 1= s s

g p
h q
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h q
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Define the following Lyapunov function
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From the stator current error system (7), one obtains
= = n  e Ae Bd v Bd v (17)

From (8) and (17), (16) can be rewritten as
1
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Since the parameter k satisfies  > maxk B d , the

following inequation can be obtained
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Since p and q are all odds and 1 < / < 2p q , e.g.
= 2 1q m  , = 2 3p m , m N , the following equation

can be obtained

   ( )/ (2 ) 1/ (2 1)/ 1 ( )/ 2 2= = = 0
p q q mp q p q q

i i i is s s s
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/ 1
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p q
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s for s
s for s





 



 
 

(20)

Substituting (20) into (19), one obtains ( ) 0V t  .

The error equation (7) will converge to zero
asymptotically [15]. □

Remark 3: The convergence speed of l can be regulated
by selecting  ,  , p , q , g and h .

Remark 4: When the system state reaches and stays on
the NFTSM manifold = 0l , the equivalent control
principle of sliding mode ensures = = 0s s .

According to the error equation (7), it gets
=Bd v (21)

One can get the estimated back EMF ˆde , ˆqe in d-q-axis

Fig. 1 Principle diagram of NFTSMO of back EMF.

Fig. 2: Assumed ˆ ˆd q and actual d-q-axis reference
frame.

reference frame.
ˆ =
ˆ =
d d d

q q q

e L v
e L v





(22)

Remark 5: From (11)-(13), it can get that the control law
v in (11) is continuous and smooth. The control law v
can be used to estimate back EMF directly. Then, the
estimated back EMF can be calculated from(22).

The proposed NFTSMO can be described in Fig.1.

3.3 Design the FO-SPLL to Estimate Rotor Position
and Speed
The d-q-axis back EMF is input to the FO-SPLL.
FO-SPLL can track the rotor speed and position
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accurately.

Software phase locked-loop (SPLL) is an adaptive
closed-loop system. SPLL can track the frequency and
phase real-time. It also has good tracking performance
even if the phase angle of the voltage in imbalance
conditions, and on large harmonic, relatively. This paper
estimated rotor speed and rotor position utilizing
FO-SPLL.

In sensorless control of interior PMSM, since the rotor
speed is not known, the ˆ ˆd q frames are assumed to
estimate the rotor speed. The relationship between the
d-q-axis and estimated ˆ ˆd q axis is shown in Fig.2
[18].

The phase error e is defined as
ˆˆ= = arctan
ˆ
d

e e e
q

e
e

    (23)

where ê is estimated position of the rotor, e is the
real position of the rotor.

In Fig.2, the geometrical relationship is shown as
following

ˆ = cos
ˆ = sin
q e r e

d e r e

e

e

 

 





(24)

When the estimated rotor position ê follows the real
position e , one can get ˆ= = 0e e e    by
FO-SPLL.

Fig. 3: Transfer function of FO-PLL.

Fig. 4: Principle diagram of speed-sensorless control
based on NFTSMO and FO-SPLL.

This gives
ˆ = cos =

ˆˆ = sin = ( ) = 0
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d e r e e r e e
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Fig.3 shows the diagram of FO-SPLL. Therefore, the
closed -loop transfer function of FO-SPLL is

1
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The error transfer function of FO-SPLL can be obtained
as

1
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where 0 < 1r  , r is called the fractional-orders of the
FO-SPLL.

With constant speed command, the rotor position ˆ ( )e t
is a ramp function, and the steady-state error of FO-SPLL
is given by

0
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e e
s
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s s

s
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Therefore, the rotor position can be estimated by
FO-SPLL.

Remark 6: When the fractional order r decreases, the
bandwidth of FO-SPLL increases, and the phase delay
increases [19].

Remark 7: Obviously, when = 1r , the FO-SPLL
becomes the conventional SPLL. Because the adjustable
range of r is wide, the performance of FO-SPLL is
better than traditional SPLL.

The diagram of interior PMSM speed-sensorless control
based on NFTSMO and FO-SPLL is shown in Fig.4.

Fig. 5 The block of speed-sensorless control system for
interior PMSM.
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Table 1. Parameters of interior PMSM
Parameters Unit Values

Rated voltage ( )NU V 380
Rated current ( )NI A 3.5
Rated speed ( )Nn r/min 1000
Stator resistance ( )sR  2.875
q axis inductance ( )qL H 0.0075
d axis inductance ( )dL H 0.0025
Rotational Inertia ( )J 2.kg m 0.0008
Rotor flux ( )r Wb 0.175
Number of pole pairs ( )pn paires 4

4. SIMULATIONS

The overall block of the interior PMSM speed-sensorless
control system is shown in Fig.5. The system consists of
a speed PI regulator, d-q-axis current PI regulators, a
speed and rotor position observer implemented by
NFTSMO with FO-SPLL, etc.

The id=0 control mode is carried out. The parameters of
interior PMSM is listed in Table 1.

The proposed NFTSMO in d-q-axis frame is designed to
observe the back EMF. According to Theorem 1, the
parameters of the observer are chosen as = 7p , = 5q ,

= 5g , = 3h , 1 2 1 2= = = = 1    , = 3000k  ,
= 2000 . The parameters of FO-SPLL are chosen as

= 100pK , = 500iK , = 0.9r .

The initial speed is set to 1000 r/min. The initial load
torque is 0 Nm, and is increased to 2 Nm at 0.5s. The
simulation results are shown in Fig. 6-8.

Fig.6 shows the simulation results of the observed
d-q-axis back EMF by SMO and NFTSMO. The
estimated back EMF ed, eq by SMO are shown in Fig.6
(a), and the estimated back EMF ed, eq by NFTSMO are
shown in Fig.6 (b). It is clear from Fig.6 that, the torque
also has an impact on the speed at the 0.5s.

Fig.7 shows the simulation results of the actual, estimated
and errors of rotor speed by SMO and NFTSMO. The
actual, estimated and errors of rotor speed by SMO are
shown in Fig.7 (a), and the actual, estimated and errors of
rotor speed by NFTSMO are shown in Fig.7(b). It is clear

(a) The estimated back EMF ˆde , ˆqe by SMO.

(b) The estimated back EMF ˆde , ˆqe by NFTSMO.

Figure 6: The d-q-axis back EMF ˆde , ˆqe .

from Fig.7 that, the d-q-axis back EMF is affected by the
torque change at the 0.5 s.

Fig.8 shows the simulation results of the actual, estimated
and errors of rotor position.

It can be drawn from the simulation results:
(1) The d-q-axis back EMF and the estimated rotor

position are affected by the torque change at the 0.5 s.
(2) The torque also has an impact on the speed at the 0.5 s.

The estimated speed is very close to the actual speed,
and the estimated errors are small.

(3) It can be seen from simulation results that the SMO
and NTSMO all operate well. When the load torque
are changing at 0.5 s, the SMO has the chattering
phenomenon, and the NTSMO almost has no
chattering.

(4) The simulation results show that the proposed method
can reduce or eliminate the chattering, and improve
the dynamic response and precision.

5. CONCLUSION

The robust speed-sensorless control scheme for interior
PMSM is presented combining a NFTSMO and
FO-SPLL. The NFTSMO is constructed to estimate the
d-q-axis back EMF. The fractional-order phase-locked
loop (FO-PLL) is designed to track the speed and
position of rotor accurately. Furthermore, the system was
implemented in Matlab/Simulink. The simulation results
verify the efficiency of the proposed scheme have good
robustness, good performance, good convergence.
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Leaf diseases are a major problem in the agricultural 

sector that affecting crop yields and economic benefits. 

Using deep learning methods to identify tomato leaf 

diseases has become a current research hotspot. However, 

recent studies have shown that changes in the light 

environment may cause the wrong result of deep learning 

models in practical applications. To solve this problem, 

we propose a deep learning method using the image 

enhancement algorithm with color restoration (MSRCR) 

to identify tomato leaf diseases in this paper. Compared 

with other image enhancement algorithms, the MSRCR 

algorithm enhances the image brightness while retaining 

the color information of the original image. We apply the 

MSRCR algorithm to the disease identification of tomato 

crops, which enabled the recognition rate of the deep 

learning model to reach 82% in low brightness 

environments. Compared with using unprocessed low 

brightness environment images, the MSRCR algorithm 

improves the recognition accuracy of the deep learning 

model by more than 65%. We select the EfficientNet 

Convolutional Neural Network (CNN) model as the deep 

learning model to identify tomato leaf diseases and 

achieve a recognition accuracy rate of 93.9% on our test 

set.  

Keywords: Deep Learning, Color Restoration, Disease 

Recognition, Tomato Leaves, Convolutional Neural 

Network. 

1. INTRODUCTION

At present, the production of tomato in China ranks first 

in the world, and it is one of the most important economic 

crops in China [1]. However, diseases in tomato leaves 

can cause major production and economic losses every 

year, as well as a decline in the quality and quantity of 

output in the vegetable industry [2]. By identifying these 

diseases, huge losses in production can be reduced. 

Similarly, in terms of quality and quantity, the final 

agricultural products can also be improved. 

Traditional crop disease detection efficiency and 

reliability are poor because they mainly rely on manual 

observation. And farmers lack professional knowledge 

and agricultural experts cannot always serve the field, so 

they can easily miss the best time for disease prevention 

[3]. Researchers have developed many recognition 

systems based on images of plant diseases. For example, 

The author in [4] proposed an apple fruit disease 

classification method based on image processing 

technology. The author in [5] proposed an algorithm 

based on color and regional growth information for 

identifying leaf diseases in greenhouse vegetables. 

In recent years, the deep CNN model has been widely 

used in crop disease image recognition. The author in [6] 

applied deep learning methods in their work to develop 

smartphone-assisted disease diagnosis systems. They 

used CNN to train the model by using a dataset of 54306 

images of healthy and infected plant leaves. The model 

received training in using images to recognize 14 crops 

and 26 diseases. They evaluated the applicability of CNN 

on the classification of crop diseases and made their 

model achieve 99.35% accuracy. Although their models 

produced the latest results, they performed poorly when 

tested on image sets taken under different conditions. 

The author in [7] used tomato leaf color image samples 

from the PlantVillage dataset to train the Alexnet, 

GoogleNet, and VGGNet models, with test accuracy rates 

of 91.52%, 89.68%, and 95.25%, respectively. The author 

in [8] used the same data set to train and compare the 

results of popular CNN models: VGG16, VGG19, 

Inception-V3, and ResNet50. They conducted 

experiments on different models, and the VGG16 model 

achieved the best test accuracy of 90.4%. 

Although it seems that the CNN model performs well in 

crop disease recognition, there are still some problems 

waiting for researchers to solve. First, due to the 

uncertainty of the external environment, the trained 

model lacks a certain generalization ability. The second is 

that the computational load included in the CNN model is 

still very large, which requires a long time to train and 

evaluate. The third is that research at this stage is still in 

the experimental stage and lacks a certain application 

ability. 

In this study, we propose to add the MSRCR algorithm 

before using the CNN model to help improve the 
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generalization ability of the model. The main research 

results of this article are as follows. 

 We propose to apply the MSRCR algorithm to the 

disease recognition of tomato crops, which 

improves the recognition accuracy of the model in 

a low brightness environment by 65%. 

 We train and use a relatively lightweight and novel 

efficientnet model, which finally achieved a 

93.9% correct rate of tomato disease recognition. 

The rest of the paper is organized as follows: Section 2 

introduces the research methods used in this paper, 

including the MSRCR algorithm and the CNN model. In 

Section 3 we evaluate the performance of the method. 

Finally, Section 4 presents some conclusions and future 

directions. 

2. MATERIALS AND METHODS

In this study, we use the public dataset of tomato disease 

images to train and test the EfficientNet model, and use 

the MSRCR algorithm to improve the model's 

recognition ability in low brightness environments and 

achieve a good application result. 

2.1 Dataset Description 

For the training of CNN models, large image datasets are 

considered necessary. Researchers usually use existing 

public datasets of crop disease images to train and 

evaluate their models to achieve the purpose of 

identifying specific crop diseases. The dataset that we use 

comes from the public dataset PlantVillage which has 

been applied to the study of plant health assessment many 

times, such as Ramcharan [9], Ferentinos [10]. 

Table 1. Information of the database images. 

Label Category Quantity 

1 Healthy (TH) 1591 

2 Bacterial Spot (TBS) 2127 

3 Early Blight (TEB) 1000 

4 Late Blight (TLB) 1909 

5 Leaf Mold (TLM) 952 

6 Leaf Spot (TLS) 1771 

7 Target Spot (TTS) 1404 

8 Mosaic Virus (TMV) 5357 

We select 16111 images from PlantVillage to form the 

dataset we need to assist our research. The dataset 

includes 8 different diseases of tomato crops, as shown in 

Table 1. It is worth noting that the dataset also contains 

1591 images of healthy tomato crop leaves. Figure 1 

shows us some samples in this dataset. 

Fig.1 Examples of images from 8 classes in the tomato 

dataset. (A) Healthy (TH), (B) Bacterial Spot (TBS), 

(C) Early Blight (TEB), (D) Late Blight (TLB), (E)

Leaf Mold (TLM), (F) Leaf Spot (TLS), (G) Target

Spot (TTS), (H) Mosaic Virus (TMV).

To facilitate the reading and processing of images by the 

CNN model, we adjust the size of all images to 224*224 

pixels. We also divide the dataset into a training set, a 

verification set and a test set according to the ratio of 

8:1:1 for the training and testing of models. Many 

researchers have also proved the scientificity of this 

method. 

2.2 The MSRCR Algorithm 

Color constancy means that the color of the same object 

under different light or light sources is constant. The 

color of the object is determined by its reflective 

properties, regardless of the external incident light source. 

The ability of the human visual system to discern the 

color of an object is only determined by the reflective 

properties of the surface of the object, and has nothing to 

do with the process of receiving incident light. Retinex 

theory is about how the human visual system adjusts the 

brightness and color of the sensed objects. It explains the 

mechanism that the same object can maintain constant 

color under the illumination of different light or light 

sources. 

The expression of the Multi-scale Retinex 

algorithm(MSR) is: 

1

k i

( , ) (log ( , )

log[F (x, y)*I (x, y)])

K

i k i

k

R x y W I x y


 
 (1) 

In the formula: ( 1,2,3,..., )i i N  means the band 

number. For grayscale images, 1N  ; for color images, 

3N  , respectively corresponding to the R, G, and B 

components of the color image, and also corresponding to 

the long, medium, and short waves of the spectrum. 

( , )iR x y  represents the Retinex enhanced image of the

i-th band, ( , )iI x y represents the original image of the

i-th band, and ( , )kF x y  is the k-th Gaussian function.

‘*’ represents the convolution operation, kW is the

weighting factor of the k-th scale. 
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The MSR algorithm is a synthesis of the Single-scale 

Retinex algorithm at multiple scales, which makes the 

image have a good balance between dynamic range 

compression and color rendering. But the experiment 

found that the image processed by the MSR algorithm 

still has the phenomenon of color distortion and image 

lightening. The reason for this phenomenon is that its 

RGB components have changed after the image enhanced 

by the MSR algorithm. The RGB component of the 

image processed by the MSRCR has almost no change 

compared to the original image. 

The expression of the MSRCR algorithm is: 

( , ) ( , ) ( , )
i iMSRCR i MSRR x y x y R x y   (2) 

1

( , )
( , ) log( )

( , )

i
i N

n

n

I x y
x y

I x y

 






 (3) 

N is the number of bands, iI is the image of the i-th 

band, and   is the adjustment parameter. Generally,   

can be 125. It can be seen from formula (2) that the 

MSRCR algorithm is based on the MSR algorithm and is 

obtained by adding an adjustment factor ( , )i x y , 

which takes into account the ratio of RGB components in 

the original image. By this factor, the MSR enhanced 

image is compensated, so that the MSRCR output image 

can better maintain the original color without distortion. 

There is a limit of 10 pages for each paper in the 

Proceedings. Be sure to fill out your Conference 

Registration Form and your Speaker’s Biographical 

Sketch and send them with one copy of your 

camera-ready manuscript. 

2.3 CNN Model 

The development of CNN models is usually carried out 

under limited resources and then expands it to larger 

computing resources to obtain better accuracy when 

conditions permit. In this study, we chose the 

EfficientNet model to identify and classify our dataset. 

Generally speaking, the more complex the CNN model 

structure, the more deep-level features of the dataset can 

be mined, and the final recognition effect will be better. 

However, as the structure of the model becomes more 

complex, the amount of calculation of the model will also 

increase exponentially. 

Unlike other CNN models, EfficientNet improves 

performance by scaling in three dimensions of width, 

depth, and resolution using a set of fixed scaling factors 

that meet certain constraints. EfficientNet's network 

structure borrows from the MnasNet model and adopts 

the method of optimizing accuracy (ACC) and 

computational load (FLOPS) simultaneously. The 

specific network structure of EfficientNet is shown in 

Table 2. 

Table 2. EfficientNet baseline network. 

Stage Operator Resolution Channels Layers 

1 Conv3x3 224x224 32 1 

2 MBConv1,k3x3 112x112 16 1 

3 MBConv6,k3x3 112x112 24 2 

4 MBConv6,k5x5 56x56 40 2 

5 MBConv6,k3x3 28x28 80 3 

6 MBConv6,k5x5 14x14 112 3 

7 MBConv6,k5x5 14x14 192 4 

8 MBConv6,k3x3 7x7 320 1 

9 Conv1x1/Pooling/FC 7x7 1280 1 

In this work, we use the transfer learning method to 

retrain the existing weights of the last layer parameters of 

the EfficientNet model, which has learned a lot of prior 

visual knowledge from the imagenet database, to classify 

our dataset. 

3. RESULTS

The computing hardware foundation of this experiment is 

the NVIDIA MX250 graphics processor to assist the 

calculation processing, and Tensorflow, OpenCV, Keras, 

CUDA are also used for the realization of the software 

part. 

3.1 Comparative Experimental Design and Results 

In this study, we select a more lightweight EfficientNet 

model to identify tomato crop diseases. Table 3 shows us 

the parameter information of the model. In order to 

prevent the model from overfitting, in this article we limit 

the number of model iterations to 1,000. Each time the 

model randomly reads 32 images from the training set for 

calculation and adjusting the internal parameters of the 

model. 

Figure 2 shows us the entire training process of the 

EfficientNet model. Figure 2(A) shows the change curve 

of the model's correct rate during the training process. 

Figure 2(B) shows the transformation curve of the model 

cross entropy loss during the training process. Also, Table 

4 shows us the performance of EfficientNet on each 

dataset at the end of the training. 

Table 3. The EfficientNet model parameter settings. 

Label Parameter Value 

1 Batches/Epoch 1000 

2 Learning rate 0.005 

3 Train batch size 32 

4 Validation batch size -1
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Fig.2 Train and validation accuracy and cross entropy 

of the EfficientNet model on dataset, during training. 

Combining Figure 2 and  Table 4, it is not difficult to 

find that the EfficientNet model is very outstanding in 

accuracy and cross entropy. From Figure 2(A), we can 

see that the change rate of the correct rate began to be flat 

after 600 iterations, and it was in a small-scale floating 

state after 800 iterations. Figure 2(B) shows the change 

rule is almost the same as Figure 2(A). It should be noted 

here that although it seems that the two curves are close 

to coincide in Figure 2, this does not mean that our model 

has overfitting. From the results in  Table 4, we can see 

that the final model accuracy rate on the training set is 

96.9%, while the model accuracy rate on the validation 

set is 94.5%. At the same time, the cross loss value of the 

model on the validation set is also 0.1 greater than that on 

the training set. 

Table 4. Performance of EfficientNet on the dataset. 

Label Dataset Correct Rate Loss 

1 Train 96.9% 0.084 

2 Verification 94.5% 0.094 

3 Test 93.9% - 

In the end, the accuracy of the model on our test set 

reached 93.9%. Although this result is lower than the 

accuracy of the model on the validation set, it also proves 

that our model does not appear to be overfitting. 

3.2 Performance Analysis of The MSRCR Algorithm 

In this section, in order to scientifically make the contrast 

effect more obvious, we randomly select 50 images from 

the test set as experimental observation objects. First, we 

adjust the exposure coefficient of 50 randomly selected 

images to -6 to simulate a realistic low brightness 

environment. We use the MSRCR algorithms to restore 

the brightness and color of the processed 50 images to 

observe the actual performance. 

Fig.3 Comparison of tomato leaf images before and 

after enhancement. 

Due to space limitations, here we randomly select 4 of 

these 50 independent experiments as the result display, as 

shown in Figure 3. From Figure 3(B), we can see that the 

image adjusted by the exposure coefficient has reached a 

level that is invisible to the human eye. Comparing 

Figure 3(A), Figure 3(B) and Figure 3(C), we can see that 

the image processed by MSRCR not only restores the 

brightness information of the original image, but also 

retains the color information of the original image. 

Table 5. The accuracy of the EfficientNet model on 

different datasets. 

Label Category Correct Rate 

1 Original images 94% 

2 Low brightness images 14% 

3 MSRCR 82% 

To observe the influence of the images processed by the 

MSRCR algorithm on the CNN model, we use the trained 

EfficientNet to identify the above image data, and the 

results are shown in Table 5. From the results in Table 5, 

we can see that the EfficientNet model is almost 

unrecognizable for images in low brightness environment, 

and its accuracy is only 14%. However, after the MSRCR 

processing of the low brightness image, the accuracy of 

the model recognition increased to 82%. Although the 

image processed by MSRCR still has a 12% gap 

compared with the original image, it is increased by 68% 

compared to the image with low brightness environment. 

The disease information contained in the images in the 
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low brightness environment is greatly reduced, which 

leads to the incorrect classification of the model. 

4. CONCLUSION

How to make the crop disease identification model adapt 

to different outdoor environment to achieve better disease 

identification effect, has been one of the main research 

contents of crop disease identification. In this study, we 

tried to integrate the image enhancement idea with color 

restoration to solve the problem that the CNN model 

could not correctly identify the tomato diseases under low 

brightness environment, and achieved good results. This 

research has two main contributions: 

 An image enhancement algorithm with color 

restoration is applied to the disease identification 

of tomato crops, which improves the system's 

recognition accuracy rate from 14% to 82% in low 

brightness environments. 

 The efficientnet model we train and use to 

recognize tomato disease images has a correct rate 

of 93.9%. 

Although experimental results have shown the 

effectiveness of our method, this research requires further 

efforts, including how to correctly identify different 

stages development of the same disease. 
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Abstract 

In small sample environment for speech emotion 

recognition, the problem of data imbalance may occur in 

the data preprocessing, which impacts the learning of 

different emotional categories in the decision space by the 

classifiers. To solve the problem, a data imbalance 

processing method based on improved synthetic minority 

over-sampling technique (ISMOTE) is proposed to reduce 

the impact of sample imbalance on emotion recognition 

results. Experiments on two databases (i.e., Emo-DB, 

SAVEE) are performed, from which the experimental 

results show that our method obtains average recognition 

accuracy of 82.61% (Emo-DB) and 72.92% (SAVEE) for 

speaker-dependent SER. 

Keywords: Speech emotion recognition, Data imbalance 

processing, SMOTE, Small sample environment. 

1. INTRODUCTION

With the rapid development of theories and technologies 

in human-computer interaction, intelligent service systems 

with emotions have become a hotspot. Since speech is the 

main way of human communication and the important 

medium for emotional expression, speech emotion 

recognition is of great significance to the development of 

artificial intelligence. 

It is widely accepted that speech conveys not only the 

semantic meaning but also the emotional information of 

speakers [1, 2]. Both speaker-dependent (SD) and 

speaker-independent (SI) SER for small sample 

environment have attracted much attention [3–5]. 

However, it is time and cost demanding to prepare a 

certain amount of training data for SD SER, and even 

more severe in SI SER [6]. Thus, we mainly focus on SD 

SER in this paper. 

In the actual application environment, it is difficult to 

obtain standard speech emotion data, and data imbalance 

of each emotion category often appears [7]. In view of the 

above problems, the solutions can be divided into two 

categories: data and algorithm [8, 9]. The data-level 

approach is to target the training set samples, which 

changes their sample distribution through corresponding 

strategies to reduce the degree of data imbalance. There 

are two main processing strategies, i.e., subsampling and 

oversampling [10]. The subsampling method is generally 

applied to the case where the data imbalance is small and 

the majority of the samples are sufficient, but it causes a 

certain degree of emotional in-formation loss. 

Oversampling can reduce the degree of data imbalance at 

the data level by constructing new samples, but artificially 

synthesized minority samples may increase the risk of 

overlearning in minority samples [11]. In addition, the 

algorithm-level method is to target the learning algorithms, 

which appropriately modifies the algorithm to adapt to the 

imbalanced classification problem according to the defects 

of the algorithm when solving the imbalanced problem. 

There are two commonly used strategies, i.e., classifier 

integration method and cost-sensitive method [12]. The 

classifier integration method is mainly to improve the 

learning ability of the learner through the method of 

ensemble learning to reduce the impact of imbalanced data 

on the classifier. Cost-sensitive learning is to assign 

different misclassification costs to each class during the 

training process of the learner [13]. In SER, unbalanced 

emotional speech samples often exhibit multi-category, 

small-scale, and high degree of emotional confusion [14]. 

At present, only a few data imbalance processing methods 

have been studied for SER.  

The problem with SER in small sample environment is 

that data imbalance always exists in the emotional corpora, 

which impacts the learning of different emotional 

categories in the decision space by the classifiers [15]. To 

solve the problem, an improved synthetic minority 

over-sampling technique (ISMOTE) is proposed to reduce 

the impact of data imbalance, in which the decision space 

of minority class is expanded as much as possible while 

reducing the influence of the synthetic samples on the 

decision space of majority class. Emo-DB (German 

sentiment corpus) and SAVEE (English sentiment corpus) 

are used in the comparative experiment to validate the 

effectiveness of our method. The experimental results 

demonstrate the feasibility of our method. 
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The remainder of paper is organized as follows. Data 

imbalance processing in SER is presented in Section 2. 

Experiments on SER and discussion are given in Section 

3. 

2. DATA IMBALANCE PROCESSING IN 
SER

2.1 Framework of the SER 

Flowchart of the proposed SER model is shown in Fig. 

1. After the originally extracted features are obtained 

from the pre-processed speech samples based on the 

low-level emotion descriptor (LLED) [16–18], the rest of 

the process is composed of data imbalance processing 

and emotion classification. The degree of data imbalance 

in the sample can be measured by the imbalance rate, i.e., 

the ratio of the difference between the majority sample 

size and minority sample size to the corresponding 

minority sample size. If the imbalance rate is greater 

than or equal to 100%, the emotion classifier will 

affect classification because of the data imbalance. 

Therefore, it is necessary to determine whether 

data imbalance processing is needed before 

building a classification model. 

Fig.1 Flowchart of the proposed speech emotion 

recognition. 

In data imbalance processing, an improved synthetic 

minority over-sampling technique (ISMOTE) is proposed, 

in which the problem of unbalanced data appearing in 

emotional classification is solved. Then, Support Vector 

Machine is adopted to classify the emotion categories such 

as neutral, happy, sad, surprise and angry. 

2.2 Imbalance data processing based on ISMOTE 

Emotional corpora that are commonly used to train SER 

models are standard, but it is difficult to collect 

data-balanced speech samples in real environments. For 

imbalanced data sets, samples of minority class are 

sparsely distributed in sample space compared with the 

overwhelming amount of majority class, which the 

recognition process is more difficult. Therefore, it is very 

important to improve the recognition rate of minority class 

samples. 

Synthetic minority over-sampling technique (SMOTE) is a 

classical oversampling algorithm that constructs 

corresponding new samples from minority class 

information obtained by neighbor relations, which is a 

scheme based on random oversampling algorithm [19]. 

The implementation of SMOTE is mainly to find k nearest 

neighbors by Euclidean distance for each sample xi in 

minority classes, and generate a random number between 

(0,1) to multiply the difference between x and xi. The new 

synthesized sample xnew = x + rand(0, 1) ∗ (xi − x).

When SMOTE is applied to emotional speech sample 

processing, it needs to be improved to overcome these 

shortcomings. Firstly, it uses all the minority samples in 

the sampling without considering whether there will be 

noise data in these samples [20]. Although the sampling 

space can be expanded to increase the recognition rate of 

the minority class after completing the sampling process, it 

will affect the decision space and recognition rate of 

majority class. Secondly, it is considered as an 

interpolation method. If the feature dimension of the 

sample is two, the new sample xij synthesized by the 

algorithm is limited to the line xi is connected to its 

neighbor point xnn. This interpolation method is limited in 

the way of extension of minority samples. 

Fig.2 Diagram of the ISMOTE algorithm. 

In view of above analysis, an improved synthetic minority 

over-sampling technique (ISMOTE) is proposed to solve 

the problem of data imbalance in SER, for which not all 

the minority samples need to be upsampled, but only the 

corresponding target points are interpolated. What’s more, 

the interpolation method is different from SMOTE, by 
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which the decision space of minority class is expanded as 

much as possible while reducing the influence of the 

synthetic samples on the decision space of majority class. 

Fig. 2 is the schematic diagram of ISMOTE algorithm for 

two-dimensional feature set. 

Combined with the schematic diagram in Fig. 2, the 

ISMOTE can be divided into the following steps. 

Step 1: For each speech sample of minority emotional 

classes xi, k nearest neighbors in the speech samples of 

minority emotional class are calculated based on 

Euclidean distance and the set of neighbors is denoted as 

Si1. Besides, k nearest neighbors in all speech samples for 

xi are obtained and its neighbor set is denoted as Si2. 

Step 2: Let numi = count(Si1 ∩ Si2). If numi = 0, xi is marked 

as a noise point, eliminate it without participating in any 

subsequent sampling operations. If 0 < numi <= k/2 + t, t is 

the regulatory factor, xi is marked as a target point. If k/2 + 

t < numi <= k, xi is marked as a nontarget point, and mark 

the numi neighbors of xi as points in the security domain Q. 

Step 3: Count the number of target points n, and determine 

the sampling magnification of the algorithm N according 

to the imbalance ratio of the emotional sample and the 

number of target points. 

Step 4: Interpolate all target points to construct a new 

sample. If the target point xo belongs to the security 

domain, i.e., xo ∈  Q, randomly select two neighbors

points �̃�1  and �̃�2 from the set of neighbors of xo in

minority class samples for one interpolation, i.e., xnew = xo 

+rand(0, 1)∗(�̃�1 −xo)+ rand(0, 1)∗( �̃�2−xo), as shown in the

dotted line area in Fig. 3. On the other hand, randomly 

select one neighbor point �̃�1 from the set of neighbors of

xo in minority class samples for one interpolation, i.e., xnew 

= xo + rand(0, 1) ∗ (�̃�1 − xo).

As shown in Fig. 2, sample point “a” chooses the nearest 

neighbor points to interpolate and construct a few new 

samples. Sample point “b” is directly judged as noise 

sample points and no longer participates in any postorder 

interpolation operations. This helps avoid the influence on 

decision space of most speech samples. In view of the 

different neighbor distributions of sample points “a” and 

“c”, the interpolation space between sample point “a” and 

nearest neighbor points is no longer available in 

two-dimensional speech feature space. Limited to the 

connection line, the region expands to a triangular region, 

while the sample point “c” still adopts linear interpolation 

method, i.e., interpolation in the connection area between 

the sample point “c” and its nearest neighbors due to the 

small number of neighbors. 

3. EXPERIMENTS

The experiment was designed with the following steps. 

First of all, openSMILE toolkit and MATLAB R2012b 

were used to extract of speech emotional features, in 

which multidimensional features are extracted separately. 

And the pro-posed ISMOTE was carried out in data 

imbalance processing, in which the unbalanced emotional 

data reaches equilibrium. Then, Support Vector Machine 

(SVM) [21] was adopted for speech emotion classification 

an a Radial Basis Function (RBF) was used as kernel 

function, in which penalty coefficient C and kernel 

parameter gamma are obtained based on grid search. 

Two sets of experiments rely on the extracted speech 

emotional features were conducted respectively. Firstly, 

using the same initial feature set, the experiments by 

different data imbalance processing methods were 

performed to verify the effectiveness of ISMOTE on 

Emo-DB and SAVEE. Then, speaker-dependent SER on 

SAVEE and Emo-DB databases was carried out, in which 

our method is compared with some state-of-the-arts 

works. 

3.1 Speech database 

3.1.1 Surrey Audio-Visual Expressed Emotion 

(SAVEE) Database 

It consists of 480 short English utterances recorded by 

four speakers in seven basic emotions (i.e., angry, fear, 

dis-gust, surprise, happy, sad, and neutral), in which the 

speech samples are picked from the standard TIMIT 

corpus and each emotion is phonetically-balanced [23]. 

3.1.2 Berlin Database of Emotional Speech (Emo-DB) 

It is a German emotional speech database recorded by the 

Technical University of Berlin, by the 10 actors (5 males 

and 5 females) of 10 statements (5 long 5 short) of seven 

emotions (i.e., happy, angry, anxious, fearful, bored, 

disgusted, and neutral) simulation, contains a total of 800 

sentence corpus, sampling rate of 48kHz (16kHz, 16bit 

after compression) [22]. The speech recorded in a 

professional studio, requirements in the interpretation of a 

particular emotional actor before through the memories of 

their true experience or experience of mood brewing, to 

enhance the sense of reality of emotions. 

3.2 Emotional data imbalance processing 

The ISMOTE was tested using standard feature set 

IN-TERSPECH 2010 [18] on the Emo-DB and SAVEE 

database because 2-5 times imbalance in the data of each 

emotional category exist, in which five sets of 

experiments are per-formed based on different kinds of 

data imbalance processing method in total (i.e., None, 

Subsampling, Random Oversampling, SMOTE, and 
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ISMOTE). The original sample feature set and the feature 

set processed by different kinds of data imbalance 

processing method are used in SD SER experiment 

respectively. SVM is used for emotion classification. 

All samples of each individual are used, in which 

70%samples are randomly used for training and the 

remaining 30% samples were used for testing. The 

experiment is di-vided into two groups based on different 

databases. The first group, i.e., 535 emotional speech 

samples in Emo-DB were randomly divided into training 

set and testing set in proportion (7:3), in which the 

emotional samples in training set are divided into 90 

“anger” samples, 58 “boredom” samples, 30 “disgust” 

samples, 56 “anxiety” samples, 56 “happiness” samples, 

36 “sadness” samples, and 36 “neutral” samples. After 

these unbalanced training samples were processed in 

different ways and training the SVM classifier, 161 

testing sets were used to test the classifier. The second 

group, i.e, 480 emotional speech samples from SAVEE 

were randomly divided into 336 speech samples in 

training set and 144 speech samples in testing set, in 

which the training set consists of 43 “anger” samples, 44 

“disgust” samples, 38 “fear” samples, 42 “happiness” 

samples, 79 “neutral” samples, 48 “sadness” samples, and 

42 “surprise” samples. Table 1 shows the contrast results 

in the initial samples and the samples after using 

ISMOTE on Emo-DB. Table 2 gives the contrast results 

in the initial samples and the samples after using 

ISMOTE on SAVEE. As shown in Table 1, through the 

unbalanced data processing, the accuracy and recall rate 

of the category are 0.76 and 0.95, respectively. The 

former represents 76% of all the samples identified by the 

learner as the category, 24% is actually other categories; 

the latter shows that 95% of the test samples in this 

category are correctly classified, and 5% of the samples 

are misclassified into other emotional categories. 

Table 1. Contrast results in the initial samples and the 

samples after using ISMOTE on Emo-DB. 

Categor

y 

None ISMOTE Num

ber Prec

ision 

Rec-

all 

F1 Precis

ion 

Rec

all 

F1 

Anger 0.76 0.95 0.84 0.76 0.95 0.84 37 

Boredo

m 

0.70 1.00 0.82 0.77 1.00 0.87 23 

Disgust 0.92 0.75 0.83 1.00 0.75 0.86 16 

Anxiety 0.64 0.69 0.67 0.75 0.69 0.72 13 

Happin

ess 

0.87 0.52 0.65 0.94 0.64 0.76 25 

Sadness 0.86 0.83 0.84 0.84 0.91 0.87 23 

Neutral 0.83 0.62 0.71 0.89 0.71 0.79 24 

Avg/To

tal 

0.80 0.78 0.78 0.84 0.83 0.82 161 

Table 2. Contrast results in the initial samples and the 

samples after using ISMOTE on SAVEE. 

Categor

y 

None ISMOTE Num

ber Prec

ision 

Rec-

all 

F1 Precis

ion 

Rec

all 

F1 

Anger 0.50 0.65 0.56 0.57 0.71 0.63 17 

Boredo

m 

1.00 0.31 0.48 1.00 0.38 0.55 16 

Disgust 0.82 0.41 0.55 0.81 0.59 0.68 22 

Anxiety 0.50 0.50 0.50 0.71 0.56 0.63 18 

Happin

ess 

0.74 0.98 0.84 0.82 0.98 0.89 41 

Sadness 0.69 0.75 0.72 0.60 0.75 0.67 12 

Neutral 0.62 0.72 0.67 0.65 0.83 0.73 16 

Avg/To

tal 

0.70 0.67 0.65 0.76 0.73 0.72 144 

The Emo-DB’s 374-sentence training set samples were 

processed in five different ways for unbalanced emotional 

speech. After using up-sampling method, the training set 

samples included 210 sentences. The training set samples 

were expanded to 630 sentences after other 

over-sampling methods and the speech samples was 

balanced among emotional classes. In the same way, 

SAVEE’s 336 speech samples were processed by 

different methods. The training set samples were reduced 

to 266 sentences after using up-sampling method and the 

training set samples were expanded to 553 sentences after 

other over-sampling methods. 

The classification model was trained using the processed 

data, and the test was performed using the same testing 

set. Contrast results using different data imbalance 

methods on Emo-DB and SAVEE are shown in Table 3. 

Table 3. Contrast results using different imbalance 

processing methods on Emo-DB and SAVEE 

Databa

se 

Recognition Rate(%) 

None Subsamp

ling 

Random 

Over- 

samplin

g 

SMOT

E 

ISMOT

E 

Emo-D

B 

78.26% 74.53% 81.75% 81.99% 82.61% 

SAVE

E 

66.67% 57.64% 70.14% 72.22% 72.92% 

Table 1 shows the emotion recognition results when no 

data imbalance is processed including the accuracy of 

each emotion category in the two sets of data. Both the 

precision and the recall are greatly offset, and the 

corresponding F1 value is lower, e.g., the precision of 

“happy” category on Emo-DB is 0.87, which represents 

87% of the results are correctly classified, and the recall 

rate is only 0.52, which means that the classifier only 
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classifies 52% of the test samples of the category 

correctly, which results in an overall F1 value is only 0.62. 

This shows that the data imbalance between the 

categories of speech data extremely affects the learning 

of sentiment classifiers. Excessive attention to most types 

of speech samples leads to higher recall rates and 

relatively lower accuracy in most emotional categories, 

such as “angry” and “neutral” in Table 1, while the 

under-learning of a few categories led to a lower recall 

rate and a higher ac-curacy rate, which affects the overall 

emotional recognition accuracy. 

As shown in Table 1 and Table 2, the precision and the 

re-call rate of each emotional category is lower than that 

of the data unbalanced processing, and the F1 values of 

each category are given, from which the data imbalance 

processing method improves recognition results 

obviously. The degree of improvement indicates that data 

for different emotion categories in the training set is 

balanced and supplemented, and the learner’s degree of 

over-learning for most types of emotion categories and 

the degree of under-learning for a few classes are greatly 

reduced. 

At the same time, the recognition rate of the learning 

model by different data imbalance processing methods in 

Table 3 demonstrates the effectiveness of the ISMOTE 

algorithm in the unbalanced emotional speech processing 

com-pared with other methods. The emotional data 

imbalance processing method can extend the decision 

space of a few sentiment categories to achieve the 

inter-class balance while reducing the influence of the 

synthesis of minority speech samples on the decision 

space of most emotional classes. 

4. CONCLUSION

In this paper, a new SER method based on ISMOTE 

algorithm was put forward. The effectiveness of the 

proposal was validated in multiple contrast experiments 

with different experimental conditions. The ISMOTE was 

demonstrated to be more suitable for solving data 

imbalance in speech emotional recognition than the 

traditional SMOTE. 

In future work, this model will be further optimized. For 

example,feature selection can eliminate emotion-

independent features in the initial feature set and minimize 

the number of emotional redundant features, therefore 

adding feature selection can further improve the accuracy 

of recognition. 
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Abstract 

In recent years, many systems embedding deep learning in 

robots have been developed. Some use multimodal 

information to achieve higher accuracy. In this paper, we 

point out three problems of such systems, high cost, 

robustness, and system optimization. First, the 

optimization of huge architectures using real 

environments is computationally expensive, so it is not 

easy to develop such architectures. Second, in a real 

environment, noise such as changes in lighting is often 

contained in inputs, so the architecture should be robust 

against noise. Finally, a system composed of individually 

optimized modules may find it difficult to coordinate 

them, so the system is better optimized as one 

architecture. To address these problems, a simple 

and highly robust architecture named Memorizing 

and Associating Converted Multimodal Signal 

Architecture (MACMSA) is proposed. Verification 

experiments are conducted and the potential of the 

proposed architecture is also discussed. The results of 

the experiments show that MACMSA decreases the 

effects of noise and obtains much better robustness 

than a simple autoencoder. MACMSA takes us a step 

closer to building robots that can truly interact with 

humans. 

Keywords: Deep-learning architecture, Robot control, 

Multimodal input, Feasibility architecture, Robust 

architecture. 

1. Introduction

The purpose of this paper is proposing a feasibility 

architecture for a robot, such as humanoid robots, control 

system. As robotics has progressed, robots that have the 

ability to interact with human have been developed. 

ASIMO [1]and Pepper [2] are examples of such robots. 

However, these robots interact with humans only under 

limited conditions. There is no robot that interacts with 

humans perfectly under any conditions. 

Traditional mainstream controlling systems for robots 

consist of classical programs that are adopted and 

extended by programmers. However, these systems are not 

always able to adapt to well-discussed problems such as 

the frame problem nor can they take complex actions [3]. 

In recent years, system design using machine learning 

such as deep-learning has become mainstream [4-6]. 

Using deep-learning and machine learning techniques, 

highly accurate recognition has become possible in 

computer vision [5-12]. Given the achievements in 

computer vision, these techniques have also been adapted 

to robot systems [13-16]. In addition, there are some 

systems that use multimodal information, e.g., a 

combination of picture and audio, as input to obtain higher 

accuracy [16-19]. However, the studies that use deep 

learning with multimodal information as input have three 

big challenges. The first is the increasing cost of 

optimizing networks. This cost is not only a computational 

cost but also a cost to design an architecture. If multimodal 

information is simply used as input to one neural network, 

bloated network structures cause computational costs to 

increase [6, 7, 16]. On some systems, restricted network 

structures are used, but it is not obvious how networks 

should be restricted [15]. Thus, it is a burden on the system 

designer to restrict the network structure. In addition, it is 

important that how networks connect to the other networks 

when an architecture consisted of some types of networks 

are designed. Ramachandram and Taylor [5] mentioned 

“architecture design has been more an art than a science.” 

because the designers have to pay so much attentions to 

the structure. However, the architecture design should be a 

science because, without reasons, the architecture is no 

able to be expanded and adapted to other tasks. The second 

is robustness. There is a system that processes time-series 

data as input by treating several frames of information as 

one input [17]. However, the system is unstable at the 

beginning of a motion or until all inputs include 

environmental changes such as lighting changes that 

should be treated as the noise. The methods in the state of 

the art only use the function approximating of neural 

network and outputs based on the features. These methods 

solved the problem to earn high accuracy for the specified 

tasks in experiments. However, it is more important for 

communicating with humans that the researches pay 

attentions to the way to reduce the noise in real 

environment and adapt unknown situations. The third is 

system optimization. On some system, deep learning is 
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used only for object recognition and the dedicated 

software for a specific robot is used to control it [18]. If 

sensor and drive modules are optimized individually and 

either modules’ specifications are changed, the system 

immediately becomes unstable. It is also obvious that if 

sensor modules are optimized but drive modules are not, 

the robots may not take the action that the programmer 

expected. Therefore, it would be best for a robotics system 

to be optimized as one architecture that includes all 

modules.  

In this research, considering three problems above (cost, 

robustness, and system optimization), the Memorizing and 

Associating Converted Multimodal Signal Architecture 

(MACMSA) is proposed. The proposed architecture is 

new in terms of the combination of components. The 

experiments are conducted to focus on investigating the 

performances and the limits of the proposed architecture. 

The validity of MACMSA is also discussed with respect to 

the three points above when the architecture is used on 

robots. 

2. Materials and Methods

2.1 Outline of the Architecture 

The architecture is composed of three modules (Figure 1). 

The associator, that is most important module, is a 

memory device that behaves as an associative memory. By 

employing a sparse Hopfield network [19] as the 

associator, the robots store and recall strongly denoised 

signals. The examples of previous works related the 

implemented associative memory on robots are [20-21]. 

The encoders are address translators that convert a real 

number, that is an input from sensors, to a binary value. 

The reason why the encoders output a binary value is that 

Hopfield network obtains a binary value as an input and 

processes a binary value. The decoders are also address 

translators that convert a binary value, which is an output 

from Hopfield network, into a real number. The reason 

why the encoders output a real number is that the inputs 

for many types of sensors are real numbers. The encoder 

and the decoder are independently implemented as 

three-layer feedforward neural network for each mode of 

information. In this study, it is assumed that three modes 

of information, visual information, audio information that 

has been transformed using a Fourier transform, and 

actuator states including angle, angular velocity, and 

angular acceleration are fused.  

2.2 Optimization Procedure 

MACMSA is optimized by the following three steps. First, 

the encoder and decoder are optimized. Second, all 

training data are encoded into the binary patterns by the 

optimized encoders. Third, the associator stores all the 

encoded training data. The details of each step are below.  

Step 1 is optimization of the encoder and decoder. The 

encoder and decoder of each mode of information are 

optimized as a sparse autoencoder [22]. There are many 

systems implemented autoencoders in robotics 

[16][17][23]. It is typical for only half of the network 

structure to be used to detect the features of the data or 

compress the dimensions of the data after optimizing the 

autoencoder [24]. In this study, half of the network 

structure is used as an encoder and the other half of the 

network structure is used as the decoder. The output layer 

of the encoder and the input layer of the decoder share the 

same layer. Thus, the encoder and decoder can be 

optimized as five-layer autoencoder (Figure 2). All layers 

use the sigmoid function as the activation function and 

have the same value of gain except for the output layer of 

the encoder. It is necessary for the output of the encoder to 

approximate a binary value because the Hopfield network, 

which is used as the associator, processes binary values. 

Backpropagation with stochastic gradient descent 

optimizes the autoencoder. The cost function used to 

optimize the sparse autoencoder which is given by 

Equation 1 is the squared error with a sparse regularization 

term, which is Kullback–Leibler divergence (𝐾𝐿), added 

[25]. 𝐸(𝑤) is the cost function for weights, 𝑤. 𝑛 is an 

index of data. 𝑦𝑛 is 𝑛th output from the autoencoder. 𝑡𝑛 

is an answer signal for 𝑛th  input. 𝛽  is the 

hyperparameter to control the effect of the sparse 

regularization term on the cost function. 𝑗 is the index of 

neuron composing the network. 𝜌 is the target value for 

the sparseness and �̂� is the actual measured value.  

Figure 1: The architecture is composed of three 

modules, the encoders, the associator and the decoders. 

Each mode information is input to each encoder. Then, 

the encoders output information converted to binary. 

The outputs from the encoders are concatenated to one 

vector to be the input for associator unit. The vector 

obtained as the output from associator are divided to be 

the inputs to decoders. The system outputs each mode 

information again at each decoder. 
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Figure 2: One autoencoder are divided at layer 3 to 

be encoder and decoder. At output layer of the 

encoder, a part of vector to be an input of associator 

is obtained as an output from the encoder. The input 

layer of the decoder obtains a part of vector as an 

input. 

𝐸(𝑤) = ∑‖𝒚𝑛 − 𝒕𝑛‖

𝑛

2

+ 𝛽 ∑ 𝐾𝐿(𝜌||𝜌�̂�)

𝑗
(1) 

As a result, the derivative form for updating the weights 

becomes Equation 2 [25]. 

𝑗 and 𝑘 are an index of neuron. Thus, 𝑢𝑘  is the error

from 𝑘th neuron and 𝑢𝑗 is also the error from 𝑗th neuron.

𝑙 is the index of layer. 𝑓′ is the derivative of the activation 

function. 

As previously noted, the gain at output layer of the 

encoder is increased. To increase the value of the gain, 

the optimization and setting the gain are repeated 

followed the flowchart indicated Figure 3. 

Step 2 is generation of the encoded patterns for associator. 

The encoders optimized in step 1 are given all the 

training data as input and output the encoded patterns. 

These patterns are approximately binary but are still real 

numbers at this point. Therefore, by the operation 

indicated Figure 4, all patterns stored by associator are 

replaced to binary pattern. The system adopts this 

replacement even when the system is operating. 

Step 3 is storing the patterns on associator. Each weight 

for Hopfield network is determined by Equation 3 as 𝐽𝑖𝑗

[19]. Here, 𝑀  is the number of stored patterns, 

Figure 3: First, the encoders adopt a low initial gain 

(𝑔𝑖𝑛𝑖𝑡𝑖𝑎𝑙) and update the weight for 𝑏𝑝_𝑙𝑜𝑜𝑝1 iterations 

using backpropagation. Then, the encoders adopt a new 

gain by adding 𝑔𝑠𝑡𝑒𝑝 to the old gain and update the 

weights for 𝑏𝑝_𝑙𝑜𝑜𝑝2 iterations. Hereafter, the encoders 

increase the gain by 𝑔𝑠𝑡𝑒𝑝 every 𝑏𝑝_𝑙𝑜𝑜𝑝2 iterations 

and update weight until the gain reach 𝑔𝑟𝑒𝑎𝑐ℎ. 

Figure 4: Firstly, all training data are encoded by encoder. 

Then, all outputs are replaced with 0s or 1s using 0.5 as 

the threshold. In addition, 0 is replaced with −1 as a 

matter of programming convenience. This patterns with -1 

or 1 are stored at associator.  

and 𝜇 is an index of stored patterns. 𝑎 is an average 

pattern. 𝜁𝑖  is a signal for 𝑖th neuron and obtained from

the output layers of the encoders. Note that these 𝑖 and 𝑗 

are the index of neuron for Hopfield network and this 𝑗 

is different from 𝑗 for the autoencoder in step 1. 

𝐽𝑖𝑗 =
1

𝑀
∑(𝜁𝑖

𝜇
− 𝑎)(𝜁𝑗

𝜇
− 𝑎)

𝑀

𝜇=1

(3) 

For the sparse Hopfield network, the recall function is 

given by Equation 4 and Equation 5 [19].  
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𝑥𝑖
𝑡+1 = 𝐹 (∑ 𝐽𝑖𝑗

𝑁

𝑗≠𝑖

𝑥𝑗
𝑡 + ℎ) (4) 

𝐹(𝑢) = 𝑠𝑔𝑛(𝑢) − 𝑏 (5) 

In Equation 4, 𝑁 is the number of neurons. 𝑥𝑗
𝑡 is the

state of each neuron when the time is 𝑡. ℎ describes the 

shift, and the signal is maximized when ℎ = 𝑎(1 − 𝑎2).

In Equation 5, b is the bias and cross-talk noise is 

minimized when 𝑏 = 𝑎 . When the system works, 

Hopfield network obtains the input as initial state from 

the encoders and output a pattern as steady state by 

following Equation 4. In addition, the theoretical storage 

capacity is calculated by Equation 6 and approximated 

using signal-to-noise (S/N) analysis [19].  

𝛼𝐶(𝑎) =
𝛼𝐶(0)

(1 − 𝑎2)
(6) 

Here, 𝛂𝐂(𝟎) = 𝟎. 𝟏𝟑𝟖𝑵 and 𝑵 is the number of 
neurons.  

2.3 Experiments conditions 

 Three experiments were conducted, the verification of 

concept, the observation of performances and limits and a 

comparison with a simple autoencoder. In the verification 

of concept, four experiments with pseudo data were 

conducted to show MACMSA performs in accordance 

with the concept. In the observation of performances and 

limits, three experiments were conducted, in which the 

sizes of the encoder, associator, and decoder directly 

affecting the storage capacity were varied, to indicate the 

relationship between accuracy and storage capacity. In a 

comparison with a simple autoencoder, a comparison with 

the simple autoencoder which processes three modalities 

concurrently was conducted. 

2.3.1The verification of concept 

Experiment 1-1: This test demonstrates the optimization 

of the three autoencoders. In this experiment, to prove that 

the proposed architecture is able to treat different 

dimensions data, the input layer size of the largest encoder 

and the input layer size of the smallest encoder were set to 

1,000 and 100, respectively. One function of decoders is 

the dimension reduction. Thus, the size of hidden layers 

may be smaller than the size of input layers. However, the 

sum of neurons in all hidden layer 3s is the number of 

neurons in Hopfield network and the number of neurons 

directly affects the storage capacity of Hopfield network. 

Therefore, not to consider the storage capacity, the size of 

hidden layer 3s should not be too small in this experiment. 

Considering these reasons, the number of neurons in 

hidden layers 3s was half of input layers and the number of 

neurons in hidden layers 2s was three quarter of input 

layers. The input layer size of the middle size network was 

set to 500 which is almost intermediate size. To indicate 

that the encoders and the decoders have the ability to 

process data with various averages and variances, the 

training data are pseudo data composed of a combination 

of three averages, 0.25, 0.5, 0.75, and three standard 

deviations, 0.25, 0.28, 0.31. Hence, 729 combinations are 

possible, all of which were tested. Three average and 

three standard deviations reproduces the case that each 

encoder obtains inputs from different type of sensor 

which outputs data having different averages and 

standard deviations. Ten pseudo data were generated 

from normally distributed random numbers. Note that the 

range of possible values was [0.0,1.0]. Not to consider the 

storage capacity of Hopfield network, the number of 

pseudo data should be small because the number of 

training data is the number of patterns to be stored. For 

each combination, 10 trials were tested with different 

seeds. Thus, 7,920 conditions were tested. Table 2 shows 

the number of neurons in the autoencoder. All the weighs 

of the three autoencoders were initialized with normally 

distributed random number with an average of 0.0 and a 

standard deviation of 0.3. 𝑔𝑖𝑛𝑖𝑡𝑖𝑎𝑙 was 1.0 to make the 

activation function the standard sigmoid function. 

𝑔𝑟𝑒𝑎𝑐ℎ  was 10 so that the encoders output 

approximately binary values. Setting high 𝑔𝑠𝑡𝑒𝑝 causes 

an optimization failure because the network structure is 

changed dramatically.  𝑏𝑝_𝑙𝑜𝑜𝑝1  and 𝑏𝑝_𝑙𝑜𝑜𝑝2  should 

be set with 𝛼, learning rare, to optimize the autoencoder 

properly. Sparseness of patterns for associator is able to 

be controlled by 𝜌 . If 𝛽  is big, such as 3, the 

autoencoder extracts the input data directly as feature. 

However, if 𝛽  is too small, such as 0.001, the 

autoencoder expresses all data by one feature [46]. Thus, 

𝛽 should be set carefully. Considering reasons, 𝑔𝑠𝑡𝑒𝑝 

𝑏𝑝_𝑙𝑜𝑜𝑝1, 𝑏𝑝_𝑙𝑜𝑜𝑝2, α, 𝜌, and 𝛽 were fine-tuned by 

supplementary experiments. Table 3 shows the 

hyperparameters used to optimize the three autoencoders. 

Experiment 1-2: The three autoencoders optimized in 

Experiment 1-1 were given input with noise and the 

amount of error in the output was measured. The input 

consisted of training data with noise levels of 0% to 50% 

in steps of 2%. The noise level of 50% indicates half of 

dimensions of all training data is changed and it is hard to 

assume that half of input data are changed in the situation 

exactly same. Thus, in this experiment, the maximum 

noise level was set to 50%. In this experiment, it should 

be observed that how outputs will be changed against tiny 

changes of inputs. Therefore, 2% was set as the small 

change. The noise was added by replacing a portion of 

the training data with a uniform random number from the 

range [−1.0,1.0] for each mode of information. The 

reason why the minimum value of noise was -1.0 was 

that some types of sensors work as analog devices and 

they should output the values outside the defined range as 

noises. It seems that the probability distribution of data 

and the probability distribution of noises are different in 

real environment. Therefore, the noises were generated 

with a uniform random number. If the noise level of 25% 

is set, all training data are set to baseline and 25% of all 
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Table 1: Number of neurons in each autoencoder and loop values. 

Autoencoder 

structure 

Input 

layer 

Hidden 

layer 1 

Hidden 

layer 2 

Hidden 

layer 3 

Output 

layer 
𝑏𝑝_𝑙𝑜𝑜𝑝1 𝑏𝑝_𝑙𝑜𝑜𝑝2 

Structure 1 1,000 750 500 750 1000 15,000 7,500 

Structure 2 500 375 250 375 250 10,000 5,000 

Structure 3 100 75 50 75 100 7,500 3,750 

training data of all modality are replaced to uniform 

random numbers. For instance, for the first modality, 250 

dimensions which is 25% of training data, are chosen at 

random for each training data, and then replaced to 

uniformly distributed random number. Slimily, for 

second modality, 125 dimensions are chosen at random 

for each training data, and replaced to uniformly 

distributed random numbers. For third modality, 25 

dimensions are chosen at random for each training data, 

and replaced to a uniformly distributed random number. 

When the noise is 0%, the input is exactly same as the 

training data. Each combination of training data and noise 

rates were tested 10 times. Thus, 72,900 conditions were 

tested in one noise level and 1,895,400 conditions was 

tested in total because there are 26 steps noise level.  

Experiment 1-3: To test robustness, the encoders and 

associator were given input with noise and how much the 

associator can recall correctly was measured. The 

autoencoders optimized in Experiment 1-1 were used as 

the encoders. The associator was initialized using the 

patterns generated by the methods in steps 2 and 3 in 

Section 2.2. The encoders were given the input with noise 

levels ranging from 0% to 50% in intervals of 2%, just as 

in experiment 1-2. This test was also performed 10 times 

for all combinations and with all noise rate. Thus, 

1,895,400 conditions were tested in total.  

Experiment 1-4: To test how much the system was robust 

against noise, the whole system was tested in this 

experiment. The encoders optimized in Experiment1-1 

encoded the input with the noise just as in the other 

experiments. The associator was given the pattern from 

the encoders then recalled the output pattern. The 

decoders decoded the pattern to the original formatted 

data. If the system operates properly, even if the input 

contains noise, the output from system should be close to 

the original training data. Just as in the other experiments, 

the system obtained the input with noise levels from 0% 

to 50% in increments of 2% and was tested 10 times for 

each noise level and all training data. Thus, 1,895,400 

conditions were tested in total just as in the other 

experiments. 

Figure 5 shows the networks focused on each experiment 

and what to measure. 

Figure 5: Experiment 1-1 evaluates the performance of three 

autoencoders for the optimization of the encoders and 

decoders. Experiment1-2 measures the error of the three 

autoencoders. Experiment1-3 tests the associator with input 

from the encoder. Experiment1-4 measures the error of the 

system. 

2.3.2 The observation of performances and limits 

Three experiments that correspond to Experiments 1-2, 

1-3, and 1-4 in the verification of concept were conducted.

In these experiments, four architecture sizes were tested

for a fixed number of training data of 10. It seems that 10

data may be few to be training data but the smallest

architecture which is the minimum size of proposed

architecture is able to store up to only fourteen patterns

when patterns are not sparse patterns because of the

storage capacity. Experiment 2-1 was an operating

experiment with simple three autoencoders, Experiment

2-2 was an associator experiment with the encoders and

associator, and Experiment 2-3 was an operating

experiment with the total system. Table 3 shows the

number of neurons for each architecture as well as the

values for bp_loop1  and bp_loop2 . The number of

neurons was determined by considering the storage

capacity of the Hopfield network and the size of

autoencoder that can be optimized. Note that

autoencoders smaller than structure 3 of architecture Arch

1 could not be optimized by the proposed method. The

number of training data was fixed and the number of

neurons for the Hopfield network was decreased to

control the loading rate, which is the amount of storage

used for patterns with respect to the storage capacity.

Three average, 0.25, 0.5,0.75, and one standard deviation,

0.28, were used to generate the training pseudo data.

Unlike Experiment 1, a combination of averages was not

considered, so training data with the same averages were

used for the optimizations of structures 1, 2, and 3. For all

Associator

E1 E2 E3

D1 D3D2

Associator

E1 E2 E3

Experiments

1-1 and 1-2

Experiment 1-3 Experiment 4

3 autoencoders

Table 2: Hyperparameters and their settings 

𝑔𝑖𝑛𝑖𝑡𝑖𝑎𝑙 𝑔𝑟𝑒𝑎𝑐ℎ 𝑔𝑠𝑡𝑒𝑝 𝛼 𝜌 𝛽 

1.0 10.0 0.5 0.001 0.4 0.2 
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average values of the training data, 10 trials were 

performed with different seeds. Thus, 900 conditions 

were tested in one noise level and 23,400 conditions was 

tested in total. The hyperparameters (Table 2) and other 

conditions were the same as in Experiment 1. 

2.3.3 A comparison with a simple autoencoder 

The proposed architecture which had the same size of 

neurons as the verification of concept (Table 2) was 

compared with a simple autoencoder which processed 

three modalities concurrently. It is assumed that the three 

sensors output data which has different averages. An 

average of the mode 1 was 0.25. an average of the mode 

2 was 0.5. an average of the mode 3 was 0.75. All modes 

of the standard deviations were 0.28. For proposed 

architecture, the encoder 1 was obtained the mode 1, the 

encoder 2 was obtained the mode 2 and the encoder 3 was 

obtained the mode 3. The number of training data was 10. 

All hyperparameters to optimize the proposed 

architecture was the same as the hyperparameters in the 

verification of concept (Table 3). The five layers 

autoencoder was obtained the simply concatenated three 

modal information as inputs (Figure 6). The number of 

neurons in input layer for the autoencoder was 1,600, 

which was the sum of neurons in input layers in the 

encoders for the proposed architecture. Similarly, the 

number of neurons in each layer had the sum of neurons 

in each layer of the encoders and the decoders for the 

proposed architecture. Thus, the layer 2 had 1,200 

neurons and the layer 3 had 800 neurons. The total 

number of neurons for the autoencoder were the same as 

the total number of neurons in the encoders and the 

decoders for the proposed architecture. The first parts of 

input layer, which were 1,000 neurons, obtained the mode 

1 as inputs. The second parts of input layer, which were 

500 neurons, obtained the mode 2. The third parts of 

input layer, which were 100 neurons, obtained the mode 3. 

The loss function was simply the sum of squares. The 

number of backpropagation iterations with SGD was 

Figure 6: The simple autoencoder consisted of five layers. 

The autoencoder obtained three modality inputs. The average 

of mode 1 was 0.25. the average of mode 2 was 0.5. The 

average of 3 was 0.75. The total number of neurons was the 

same as the total number of neurons of the encoder and the 

decoder in the proposed architecture. 

75,000 to converge completely the loss function. The gain 

for sigmoid function was 1.0 to make the activate 

function the standard sigmoid function. The learning rate 

α was 0.001, which was the same as α for the proposed 

architecture. Both the propose architecture and the 

autoencoder were tested 10 trials with different seeds. 10 

times were tested in one noise level for both. Thus, 2,600 

times were tested in total. 

3. Results

3.1 The verification of concept 

Experiment 1-1: The average of evaluation of all 

autoencoders was shown to converge (Figure 6). The 

evaluation value degraded periodically because the 

network was slightly modified by the gain resetting. 

Experiment 1-2: As the network structure increases, the 

error at noise level 0% increased but quite low (Figure 8). 

At the noise level of 2%, the error for structure 1 was 

5

4

3

1

2

Mode1 Mode2 Mode3

Table 3: the components of each systems 

Archit-ecture Autoencoder 

Structure 

Input 

layer 

Hidden 

layer 1 

Hidden 

layer 2 

Hidden 

layer 3 

Output 

layer 
𝑏𝑝_𝑙𝑜𝑜𝑝1 𝑏𝑝_𝑙𝑜𝑜𝑝2 

Arch 1 

Structure 1 100 75 50 75 100 7,500 3,750 

Structure 2 70 53 35 53 70 7,500 3,750 

Structure 3 40 30 20 30 40 7,500 3,750 

Arch 2 

Structure 1 180 135 90 135 180 7,500 3,750 

Structure 2 120 90 60 90 120 7,500 3,750 

Structure 3 60 45 30 45 60 7,500 3,750 

Arch 3 

Structure1 360 270 180 270 360 7,500 3,750 

Strucure2 240 180 120 180 240 7,500 3,750 

Structure3 120 90 60 90 120 7,500 3,750 

Arch 4 

Structure1 1,000 750 500 750 1,000 15,000 7,500 

Strucure2 500 375 250 375 250 10,000 5,000 

Structure3 100 75 50 75 100 7,500 3,750 
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Figure 7: It shows the result of optimizing of each 

autoencoder. The X-axis is the number of iterations of 

backpropagation, and the Y-axis is the value of sum of squares 

+ sparse regularization term (Eq. 1).

Figure 8: It shows the error on the output from the 

autoencoders when the input contains noise. The X-axis is 

the noise rate, the Y-axis is the root mean squared error, and 

the error bars indicate the standard deviation. 

about 0.23, the error for structure 2 was about 0.2, and the 

error for structure 3 was about 0.07. The error increased 

sharply up at noise levels of 2%, considering quite low 

errors at noise level 0%. A tendency that the error 

increased gradually after the error increased sharply up 

were regardless of the structure size. 

Experiment 1-3: When the noise rates were from 0% to 

12%, the accuracy was 100%. It means that the correct 

pattern was recalled (Figure 9). Thereafter, the percentage 

of correct outputs gradually decreased. As the noise level 

increased and the percentage of correct outputs decreased, 

the standard deviation increased. 

If the correct pattern was not recalled, an incorrect pattern 

was recalled, or the system was in an unstable state. 

When the level of noise was low and the accuracy was 

not 100%, it is assumed that the input pattern was not 

sufficiently close to recall the correct pattern, but a 

pattern that was relatively similar to the correct pattern 

Figure. 9: It show the percentage of correct numbers when 

the associator is given input including noise from the 

encoder. The X-axis is the noise rate, the Y-axis is the 

percentage of correct output measured as the normalized 

Hamming distance. The error bars indicate the standard 

deviation. 

was recalled because the input was not enough close to 

recall the correct pattern and that the accuracy was not 

low indicates that the Hamming distance between the 

correct pattern and output pattern was short. When the 

level of noise was high, it is assumed that the input 

pattern was so far from the correct pattern that a totally 

different pattern was recalled. Depending on the stored 

patterns, even if the noise rate was high, there were cases 

in which the correct pattern was recalled. As a result, 

when the level of noise was low, the standard deviation 

was small, and when the level of noise was high, the 

standard deviation increased. 

Experiment 1-4: Up to 30% noise, the system maintained 

extremely low levels of error (Figure 10). After 

exceeding a level of 30% noise, the errors from the 

system increased closely linear. At 50% noise, the error 

from structure 1, which had the worst accuracy in this 

experiment, was about 0.1. In contrast, in Experiment 1-2, 

the error from structure 3, which had the best accuracy at 

50% noise rate, was over 0.2.  

The results of Experiment 1-2 and this experiment 

suggest that a system including an associator decreased 

the error and obtained much better robustness than a 

simple autoencoder. 

3.2 The observation of performances and limits 

Experiment 2-1: When the noise level is 0%, the error 

was quite low (Figure 11). As the noise rate increased, 

the error also increased. As same as experiment 1-2, there 

was a tendency that the error sharply increased at first 

then the error increased gradually as the noise increased. 

The tendency was regardless of the structure size. 
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Figure 10: It shows the error on the output from the system 

when the input contains noise. The X-axis is the noise rate, 

the Y-axis is the root mean squared error, and the error bars 

indicate the standard deviation. 

Figure 11: It shows the error on the output from autoencoders 

each architecture when the input contains noise. The X-axis is 

the noise rate, and the Y-axis is the root mean squared error. 

The error bars indicate standard deviations. 

Experiment 2-2: Table 4 shows the measured 𝑎 which 

was the average of pattern, theoretical storage capacity of 

the Hopfield network, and loading rate. On Arch 2, Arch 

3, and Arch 4, the correct pattern was recalled even if the 

input to the encoders contained noise (Figure 12). The 

ability to recall the correct pattern even with high levels 

of noise depended on the size of the associator. As the 

associator increases, this ability also increased. 

Table 4: Results for a, storage capacity, and loading rate 

for each architecture. 

Architecture 𝑎 Storage 

capacity 

Loading rate 

Arch 1 0.211 0.144N 66.1% 

Arch 2 0.206 0.144N 38.6% 

Arch 3 0.203 0.144N 19.4% 

Arch 4 0.205 0.144N 8.7% 

Figure 12: It shows the percentage of correct outputs from the 

associator of each architecture. The X-axis is the noise rate, 

and the Y-axis is a percentage of correct number, which is 

measured using the normalized Hamming distance. The error 

bars indicate standard deviations. 

Figure 13: It shows the error on the output from the system of 

each architecture. The X-axis is the level of noise, and the 

Y-axis is the root mean squared error. The error bars indicate

standard deviations.

Experiment 2-3: The robustness of the total system 

against the noise increased as the loading rate decreased 

(Figure 12). In particular, the total system of Arch 4, 

loaded under 10% of the storage capacity, maintained 

extremely low error even if the inputs contained up to 

30% noise. As the loading rate increased, the total system 

was not able to keep the error extremely low when the 

noise also increased. After the point at which the total 

system was able to keep the error low, the error increased 

linearly. Storage capacities were about 4% up setting by 

lower 𝜌, which was the term about sparse, than 0.5. 

3.3 A comparison with a simple autoencoder 

At the noise level of 20%, the errors of the proposed 

architecture were over six times less than the errors of the 

autoencoder (Figure 14). The shape of increasing the 

errors for the proposed architecture was the same as the 

shape in the verification of concept and the architecture 

output quite low errors up to 30%. The autoencoder which 

processed three modalities output higher errors when 

59



Figure 14: It shows the error on the output from the proposed 

architecture and an autoencoder when the input contains 

noise. The X-axis is the noise rate, the Y-axis is the root 

mean squared error, and the error bars indicate the standard 

deviation. 

inputs contained errors. The shape of increasing the errors 

for the autoencoder was similar to the shape of logarithmic 

function. 

Remark that it is obviously that the shapes of increasing 

the errors for the proposed architecture and the 

autoencoder are different greatly. 

4. Discussion

Given these results, the validity of MACMSA as robot 

system in terms of cost, robustness, and system 

optimization are discussed, as mentioned in the 

introduction. Five conclusions can be drawn from results 

of the four experiments in the verification of concept, 

three experiments in the observation of performances and 

limits and the experiment in a comparison with a simple 

autoencoder: i) The proposed architecture MACMSA 

performs correctly based on the system design concept. ii) 

The encoder and decoder can be optimized with data with 

various averages and standard deviations. iii) The 

associator is able to store and recall the patterns encoded 

by the encoder. iv) The system composed of encoders, 

decoders, and associator can decrease the error better than 

a simple autoencoder. v) The attributes are maintained 

even if the module sizes in the system are different. 

Cost: If a simple autoencoder processes multimodal 

information, the number of neurons in the input layer is 

multiplied dimensions of modalities by the number of 

modalities. For instance, in the experiment for a 

comparison with the simple autoencoder, the number of 

optimized weights between the input layer and the hidden 

layer 2 is 1,600 ×1,200=1,920,000 and the total number of 

optimized weights for the autoencoder is 5,760,000. On 

the other hand, for proposed architecture, the total number 

of optimized weights for the structure 1 is 2,250,000, the 

total number of optimized weights for the structure 2 is 

562,500, and the total number of optimized weights for the 

structure 3 is 22,500. Thus, the number of optimized 

weights for the proposed architecture is 2,835,000. The 

number of neurons consisted for the simple autoencoder 

and the proposed architecture is same. However, the total 

number of weights for the simple autoencoder is twice 

bigger than the total number of weights for the proposed 

architecture. According to this difference, the 

computational cost for the proposed architecture is smaller 

than the computational cost for the simple autoencoder. 

The computational cost to store the pattern to Hopfield 

network is much smaller than the computational cost to 

optimize the encoders and the decoder. Hence, it is able to 

ignored. In addition, the computational cost to optimize 

the network increases exponentially due to the added 

modalities. For example, to add new modality which has 

100 dimensions to the autoencoder in the experiment for a 

comparison with a simple autoencoder, 247,500 

connections are added to between the input layer and the 

hidden layer 2. On the other hand, to add new modality 

which has 100 dimensions to the proposed architecture, 

only 7,500 connections are added to between the input 

layer and the hidden layer 2 because just one more 

independent autoencoder is optimized as encoder and 

decoder. The computational cost is only a constant 

multiple to add new modality on MACMSA. 

In this research, offline learning and batch learning were 

used to reduce computational cost. Usually, it is 

considered that online learning is necessary to optimize a 

robot system because a robot is forced to continue working 

once it starts working. However, it is considered that 

offline learning should be sufficiently practical by giving 

the robots times to optimize the system. Humans also take 

time to sort out information in the brain. This time should 

be such as sleeping. 

As similar method, there is Deep Boltzmann Machine 

(DBM) [26]. Srivastave and Salakhutdinov [26] used 

DBM as a generative model. Boltzmann Machine has 

potentially a function of denoise. The difference between 

Boltzmann Machine and Hopfield network is that 

Boltzmann Machine has a stochastic behavior while 

Hopfield network has a deterministic behavior. It seems 

that there is a benefit to use Hopfield network because a 

cost to implement Hopfield network is smaller than a cost 

to implement Boltzmann Machine. 

Robustness: In an actual environment, it is assumed that 

noise is often added to the data due to changes in the 

environment or the state of the sensor. To consider such 

situations, some of the data were replaced by up to 50% 

noise in the experiments. The results of Experiment 2-3 
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show that as the loading rate decreased, the range of noise 

levels over which extremely low errors can be maintained 

was wider. Moreover, above that range, the errors 

increased linearly not non-linearly. It is assumed that the 

ability to reduce noise comes from the associator because 

the encoders do not have a strong ability to reduce noise. 

According to the results of Experiments 1-4 and 2-3, the 

decoders were able to output values close to those of the 

training data if input was close to the stored pattern. 

Hence, if the encoder has a strong ability to reduce noise, 

the number of errors in Experiments 1-2 and 2-1 should 

be low. However, in Experiments 1-2 and 2-1, which 

used only autoencoders, the number of errors was not 

negligible and increased non-linearly with respect to the 

noise levels of the input. In addition, at the point of 50% 

noise, if the network size is small, the errors of the 

autoencoders and proposed architecture are comparable. 

In contrast, if the network size is large, errors of the 

proposed architecture were much lower than those of the 

autoencoders. In real environments, the number of 

dimensions of the input from sensors is larger than the 

number of dimensions of the inputs considered in this 

study. Thus, it is easier to keep errors low. For example, if 

the inputs are 64×64-pixel pictures, the network size of 

the encoder and decoder for these inputs are four times 

larger than the network size of the largest encoder and 

decoder used in this study. Focusing on the Hopfield 

network as an associator, the robustness against noise 

seems to be lower than the theoretical robustness. It is 

assumed that the stored patterns are not ideal patterns 

because they are generated by encoders. Therefore, it is 

important that the pattern formatted by an encoder be 

linearly independent. By improving the linear 

independence of the pattern, the associator can recall the 

correct pattern at a higher accuracy. Then, it is assumed 

that the error at the decoder can also be decreased against 

higher noise rates. In addition, in situations in which the 

input includes a high level of noise (such as 50%), the 

input should be treated as another input derived from a 

different situation because it is seems unlikely that half of 

the input would be replaced with the noise, even though it 

is true that the noise often occurs in actual environments. 

Thus, inputs including high levels of noise should be 

added to training data as new data. The scale of the 

Hopfield network used in Experiments 1-1 to 1-4 had the 

capacity to store about 100 patterns without sparse coding. 

Moreover, by controlling sparseness precisely, the storage 

capacity substantially increases so that it is easy to add 

new training data. Note that 𝜌 was set as the target value 

of the firing rate for all the autoencoders but the 

sparseness was not otherwise controlled in this study. 

System optimization: MACMSA is a simple architecture. 

It is composed of three blocks of encoder, associator, and 

decoder units. The encoders and decoders are optimized 

simultaneously as a single autoencoder for each mode. 

Moreover, when the autoencoders have been optimized, 

the pattern stored by the associator is determined uniquely. 

In other words, the whole system should be optimized 

when the autoencoders have been optimized. We have not 

found published research on the importance of system 

optimization for robotics control systems. However, 

things composed of individually best parts are not always 

the best themselves. Likewise, it is also not always true 

that a system composed of the individually best modules is 

the best system. We believe that it is most important to 

optimize the combination of structures and modules. It is 

not necessary for structures and module to be state of the 

art. In fact, the proposed architecture is composed by no 

state of the art components but the experiments indicates 

that the proposed architecture withstands in practical use 

in terms of robustness against noises. System optimization 

is also important for processing speed under the real world. 

When a robot works in an actual environment, the system 

has to output a control signal in real time. Even if modules 

can process inputs very fast, if a system composed of a 

combination of these modules takes time to output a 

control signal for the robot, it is useless. By considering 

system optimization, it becomes possible to build a robot 

that works in a real environment and real time. 

Finally, if it is necessary to add developmental functions in 

the next step, the following two functions would be 

appropriate. The first function is one that outputs a signal 

for time t + 1 at time t. To control a robot, a system obtains 

the state at time t as inputs and outputs a signal to move a 

part of the robot’s body to a position at time t+1. Storing 

the state of time t+1 as a pattern and recalling it using the 

associator is one potential way to output a signal that 

specifies the state at time t + 1. The second potential 

function is precise control of the sparseness. A 

maximization of the storage capacity is important to cover 

a wide variety of possible states and allowable actions in a 

real environment. Therefore, controlling the sparseness at 

least in an internal hidden layer that is the output layer of 

an encoder instead of the whole autoencoder is desirable. 

The proposed method was implemented using two 

different approaches. One consisted of writing original 

programs in C. In the programs, Equation 2 is simply 

iterated for a fixed number of times to optimize the 

networks. The other employed Pytorch version 1.4.0, 

which calculates the gradients from Equation 1 using 

automatic differentiation. Stable results were obtained by 

using the C programs, but could not be obtained with 

Pytorch. Therefore, all the results in this paper were 

obtained with the programs implemented in C.  

5. Conclusion

MACMSA was proposed to consider cost, robustness, 

and system optimization. MACMSA is intended for robot 
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control systems that process multimodal information. The 

robustness of MACMSA was evaluated by adding the 

noise to the input. The results showed that MACMSA 

which is designed according to the system optimization is 

a suitable architecture, even when the input includes high 

levels of noise. The cost was discussed with a specific 

example and the system optimization were also discussed. 

The design cost of the proposed architecture is smaller 

than the cost of state of the art. The calculation cost of 

proposed architecture is also smaller than a simple 

autoencoder which processes multimodal information 

concurrently. Implementing MACMSA with the functions 

mentioned in the discussion will take us a step closer to 

building robots that can truly interact with humans. 
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Abstract 

In this paper, we present a big data system architecture 

based on Hadoop. The proposed system integrates various 

elements such as parts, assemblies, jigs, inspection tools, 

and various forms of measurement resources, and meas-

urement data into a big data platform. Utilizing the method 

of big data analysis, we then devise algorithms to improve 

the efficiency and accuracy of body precision monitoring. 

Using correlation analysis method, principal component 

analysis (PCA), and improved PCA method, we developed 

techniques to analyse complex dimension deviation 

problems. We further established failure modes and devise 

monitoring and diagnosis models based on time series 

analysis. 

Keywords: Big Data, PCA, Precision Monitoring, Intel-

ligent Manufacturing, automobile industry. 

1. INTRODUCTION

Dimensional precision is an important indicator of body 

welding quality. It determines the precision and reliability 

of the vehicle assembly, and further affects the stability 

and smoothness of the chassis, the handling of the car and 

the matching quality of the interior and exterior trims. 

Nevertheless, improvements made on the flexibility of the 

body production line which enable production of mixed 

lines of multiple models, cause difficulties in debugging 

and controlling the dimensional precision. 

Usually, the influencing factors of car body dimensional 

precision include the precision of stamping and small parts, 

precision and stability of welding fixtures, the trolley of 

automated production lines, precise positioning of the 

material frame, personnel operation, and the stability of 

the robot welding system. Therefore, multiple factors 

affect the dimensional precision which are also themselves 

interrelated and influencing each other. Hence it is difficult 

to analyse and control the cause of deviations. 

To investigate this problem, in early 1990s, General Mo-

tors, Chrysler, and the University of Michigan jointly 

launched "2mm Project" [1]. In China, the research and 

development of automobile dimensional engineering 

mainly started with the introduction of technology by 

joint-venture automobile companies. Systematic research 

on dimension control in body welding is presented in Lin 

et al. [2]. Jiang et al. also proposes a system optimization 

method for body parts and fixture design [3]. Yang et al. 

study an automatic alarm method for body dimension 

online detection data [4]. The concept of precision quality 

system for the RPS positioning reference point of car body 

is proposed by Chen et al. [5].  

As it is seen in the above, various aspects of body dimen-

sional precision control are investigated in the current 

literature. Nevertheless, the complexity of influencing 

factors of body dimensional precision and their multiple 

sources causes practical issues in dimensional control. The 

development of intelligent manufacturing and big data 

technology provides new methods and means for control-

ling and improving the body precision. In the paper we 

establish a big data system and use the methods of big data 

analysis to carry out body dimensional precision moni-

toring and analyse the influencing factors. 

2. DIMENSION CORRELATION ANALY-
SIS OF MULTIPLE DEVIATION 

SOURCES 

The change of body dimension generally follows a nor-

mal distribution. Hence the dimensional precision control 

is conventionally built upon the principle of normal dis-

tribution. The CMM measuring method is then used to 

control and improve the dimensional precision according 

to the actual measurements. Such a method is suitable for 

simple troubleshooting and improvement. For the mul-

ti-factor dimension problem however, it is often difficult 

to determine the causes of the deviation and to quantita-

tively analyse the degree of influence of a given deviation 

source. To address this issue, here we introduce a correla-

tion analysis technique to quantitatively analyse multiple 

deviation sources and to quickly determine the main fac-

tors of deviation sources. 

The 13th China-Japan International Workshop on Information Technology & Control Applications (ITCA2020) 
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2.1 Principle of dimension correlation analysis 

Correlation coefficient quantifies the degree of correlation 

between variables. Correlation analysis is statistical 

method to discover if there is a relationship between var-

iables and the level of such a relationship [6]. Covariance 

is often used to quantify the linear correlation between two 

random variables. For two variables X and Y the covari-

ance is defined as [7]: 

cov(𝑋, 𝑌) =
∑ (𝑋𝑖−𝑋)(𝑌𝑖−𝑌)𝑛

𝑖=1

𝑛−1


The correlation coefficient is defined as: 

γ =
∑ (𝑥1𝑖−𝑥1̅̅̅̅ )𝑛

𝑖=1 (𝑥2𝑖−𝑥2̅̅̅̅ )

√∑ (𝑥1𝑖−𝑥1̅̅̅̅ )2𝑛
𝑖=1 ∑ (𝑥2𝑖−𝑥2̅̅̅̅ )2𝑛

𝑖=1

 =  
∑ (𝑥1𝑖−𝑥1̅̅̅̅ )(𝑥2𝑖−𝑥2̅̅̅̅ )𝑛

𝑖=1

(𝑛−1)𝑆1𝑆2


where x1i is the i-th measurement value of the first varia-

ble, x2i is the i-th measurement value of the second varia-

ble; 𝑥1̅̅̅  is the average of the first variable; 𝑥2̅̅ ̅ is the

average of the second variable, n is the total number of 

measurements, S1 is the standard deviation of the first 

variable and S2 is the standard deviation of the second 

variable.  

To normalize the correlation coefficient as defined in (2), 

we further set 𝑍1𝑖 =
𝑥1𝑖−𝑥1̅̅̅̅

𝑆1
and 𝑍2𝑖 =

𝑥2𝑖−𝑥2̅̅̅̅

𝑆2
, therefore 

the correlation coefficient γ becomes: 

γ =
∑ 𝑍1𝑖𝑍2𝑖

𝑛
𝑖=1

𝑛−1


2.2 Dimension correlation analysis 

As shown in Figure 1, the part is positioned with a round 

and a kidney-shaped hole on the plane. The two measuring 

points on the part are n1 and n2. If n1 and n2 move hori-

zontally at the same time and with the same magnitude, it 

means that the wear of round pin A becomes smaller. 

Similarly, if the movement amplitudes of n1 and n2 are not 

the same and n2 moves up and down, then round pin B 

becomes smaller or gets lost. Here we propose to utilise 

correlation analysis to determine the type of measurement 

point fluctuations. In the experiment, CMM is used to 

mesure the dimension. For convenience of measurement, 

holes were drilled at n1 and n2 positions. The diameter of 

pins are measured by micrometer. The deviation value is 

obtained by calculating the deviation between the meas-

ured point position and the theoretical position of multiple 

random clamping measurements. 

As shown in Figure 1(b), pin A is worn and the deviations 

of measuring points n1 and n2 are （x1i, y1i）（x2i, y2i). The

measuring points are shown in Table 1,2. The correlation 

coefficient between X1, X2, Y1, Y2 are: 

 γ(X1，X2) = 0.999，γ(X1，Y1) = 0.089， 

Table 1. Measuring points deviation (n1 and n2) under wearing condition of round pin A.  Unit:mm 

1 2 3 4 5 6 7 8 9 10 

X1 0.45 0.35 0.25 -0.3 -0.21 0.11 0.22 0.35 -0.36 -0.23 

Y1 0.23 0.12 0.22 0.31 -0.15 -0.13 -0.26 0.18 0.25 -0.21 

X2 0.42 0.34 0.24 -0.28 -0.22 0.12 0.23 0.33 -0.35 -0.23 

Y2 0.01 0.11 -0.05 0.09 0.07 -0.11 -0.06 0.13 0.05 -0.04 

Table 2. Measuring points deviation (n1 and n2) under wearing condition of round pin B.  Unit:mm 

1 2 3 4 5 6 7 8 9 10 

X1 0.12 0.06 -0.1 0.08 0.02 0.11 -0.11 -0.07 0.09 0.08 

Y1 0.06 0.08 0.1 -0.06 -0.05 -0.13 0.07 0.1 0.12 0.05 

X2 0.1 0.09 -0.08 0.06 -0.12 0.12 -0.05 0.05 0.05 -0.12 

Y2 0.36 0.25 0.45 -0.23 -0.19 0.33 -0.48 0.36 0.25 0.33 

Fig.1 Parts positioning and wear mode of locating pins. 
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 γ(X1，Y2) = -0.055 

 γ(X2，Y1) = 0.082，γ(X2，Y2) = -0.007， 

 γ(Y2，Y1) = 0.529 

Note that the value of the correlation coefficient indicates 

the strength of the linear correlation between the two 

variables. As it is seen in Figure 2, γ = 1 indicates that the 

two variables have a clear linear relationship; 0 < γ < 1, 

indicating that the two variables are positively correlated; 

γ = 0, indicating that the two variables are not related in a 

linear form; -1<γ<0, indicating that the two variables are 

negatively correlated; γ=-1, indicating that the two varia-

bles have a linear relationship with a negative slope. 

Obtaining correlation coefficient between mul-

tiple variables is usually done through a com-

puter programme. The correlation coefficient 

matrix corresponding to X1, X2, Y1, Y2 is shown 

in Table 3. It can be seen from the correlation 

coefficient matrix that the correlation coeffi-

cients of X1 and X2 measurement points are 

close to 1> this means that the changes in these 

two measurement are linearly related. when 

pin A is worn, n1 and n2 move in X direction 

syn-chronously, and the two points have strong  

Table 3. Correlation matrix of measuring points, n1, 

and n2, under wearing condition of round pin A. 

Correlation matrix 

Correlation 

X1 Y1 X2 Y2 

X1 1.000 0.089 0.999 -0.055 

Y1 0.089 1.000 0.082 0.529 

X2 0.999 0.082 1.000 -0.07 

Y2 -0.055 0.529 -0.07 1.000 

Table 4. Correlation matrix of measuring points, n1, 

and n2, under wearing condition of round pin B. 

Correlation matrix 

Correlation 
X1 Y1 X2 Y2 

X1 1.000 -0.412 0.474 0.250 

Y1 -0.412 1.000 -0.141 0.279 

X2 0.474 -0.141 1.000 0.268 

Y2 0.250 0.279 0.268 1.000 

correlation in X direction. We also note that correlation 

coefficients in other directions are very small, due to the 

limitation of pin B, the movement of n2 is limited ,hence 

there is no obvious correlation between them. Based on 

the correlation coefficient and measuring point data, the 

wear of pin A can be then inferred.  

For the cases where the correlation coefficient is γ=0, see 

Figure 2(f), one may conclude that there is no linear rela-

tionship between the two variables. It is however seen 

that there is a certain relationship between the two varia-

bles, which can be described by a non-linear curve.  

In Figure 1(c), pin B is worn, and points n1, n2 rotate 

around pin A. The correlation coefficient matrix is shown 

in Figure 4. The correlation coefficient is small.There is 

no obvious correlation in the XY direction. In this case, 

the correlation analysis cannot effectively indicate the 

root cause of the changes of the measuring point, and a 

new methods need to be utilized for analyzing such 

changes. Instances of such changes are: the rotation mode 

and multiple parts, multiple processes, and multiple jigs 

for multiple sources of analysis. 

3. DIMENSION ANALYSIS BASED ON
PCA AND KPCA 

The correlation coefficient analysis is suitable for deter-

mining linear correlation between multivariate pairs. For 

more complex analysis Principal Component Analysis 

(PCA) and Kernel Principle Component Analysis 

(KPCA) based on kernel function [8] are often used. 

3.1 Analysis of dimension deviation sources based on 

PCA 

For non-random variables, K, Pearson introduces the 

principal component analysis (PCA). The concept is fur-

ther extended by H. Hotellin to the random vectors [9]. 

Fig.2 Scatter diagrams of two variables with different correlation coefficients. 
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The PCA is a statistical method for dimensionality reduc-

tion. In body dimension analysis, the PCA is usually called 

principal vector analysis, by finding a combination of the 

relevant variables, several irrelevant variables, i.e. the 

principal vector, are derived and represented by Zi. The 

principal vector Zi can be interpreted as a linear combina-

tion of N original correlation variables, Xi: 

(
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The purpose of principal vector analysis is to determine 

the eigenvalues and eigenvectors of the correlation coef-

ficient matrix. The eigenvalues are the variance of the 

principal vectors, Var（Zi） = λi. The elements of the 

eigenvector are, 𝑎𝑖1 , 𝑎𝑖2, … , 𝑎𝑖n. The equation that repre-

sents the changes is: 

[𝜆𝐼 − 𝐶]𝑉 = 0 

where λ represents the eigenvalue, i.e., the variance of the 

principal vector, I is the identity matrix, C is the covari-

ance matrix, and V is the eigenvector. The eigenvectors 

characterise the fluctuation via the values and signs of 

their elements. This can be used to find out the source of 

dimension fluctuation and point out the direction. The 

original n related variables, 𝑥1, 𝑥2, … , 𝑥n, is used with n

master vectors 𝑍1, 𝑍2, … , 𝑍n, as
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Therefore, each original variable is described as a linear 

combination of multiple principal vectors: 

𝑥𝑖 = 𝑏𝑖1𝑍1 + 𝑏𝑖2𝑍2 + ⋯+ 𝑏𝑖𝑛𝑍𝑛 

The variance of the original variable is expressed as： 

𝑉𝑎𝑟[𝑥𝑖] = 𝑏𝑖1
2 𝑣𝑎𝑟[𝑍1] + 𝑏𝑖1

2 𝑣𝑎𝑟[𝑍1] + ⋯ + 𝑏𝑖𝑛
2 𝑣𝑎𝑟[𝑍𝑛]  

𝑉𝑎𝑟[𝑥𝑖] = 𝑏𝑖1
2 𝜆1 + 𝑏𝑖1

2 𝜆2 + ⋯+ 𝑏𝑖𝑛
2 𝜆𝑛 

As mentioned earlier, the correlation matrix is symmet-

rical, and the number of matrix rows is equal to the number 

of eigenvalues and eigenvectors. 

Here we used PCA to investigate the causes of deviations 

for analysing the fluctuation of the window frame size 

during the welding of the door assembly. As shown in 

Figure 3, gate frame measuring points 1, 2, 3, 13, 14, 15 

and 16 fluctuate greatly in X and Z directions, therefore, it 

is not straightforward to find the rule. It is also difficult to 

determine the source of deviation of part dimension fluc-

tuation only by using correlation coefficient method. 

To address this issue, we use the PCA method to analyse 

the above measurement points. The measured data of the 

selected points are presented in Table 5 including 20 

groups. The PCA analysis results are shown in Table 6. 

There are 5 principal vectors greater over 1. The charac-

teristic value of the first principal vector is 11.537, and the 

Table 5. Deviation data of door frame measuring points. Unit: mm 

P1 P2 P3 P4 P5 P6 P7 

X Y Z X Y Z X Y Z X Y Z X Y Z X Y Z X Y Z 

1 0.60 0.07 0.24 0.35 -.016 0.27 0.14 0.23 0.19 0.03 0.01 1.12 0.15 0.04 0.99 0.13 -0.11 0.50 0.18 -0.13 -0.35 

2 0.25 0.28 0.13 0.03 -0.34 0.09 0.08 0.60 0.05 0.18 0.79 0.56 -0.01 0.41 0.50 -0.07 0.62 0.39 -0.01 0.26 0.03 

3 0.30 -0.19 0.20 0.10 0.19 0.08 0.08 0.19 0.15 0.17 0.28 0.50 0.19 -0.14 0.40 0.12 -0.13 0.37 0.23 0.17 -0.08 

4 -0.50 0.50 -0.07 -0.43 -0.10 -0.19 -0.23 -0.27 0.06 0.18 0.59 -0.70 -0.35 0.33 -0.56 -0.35 0.01 -0.16 -0.36 0.12 0.64 

… … … … … … … … … … … … … … … … … … … … … … 

20 

Table 6. PCA results of the doorframe measuring 

points deviation. 

Component Component Component Component 

1 11.537 54.939 52.939 

2 2.296 10.934 65.873 

3 1.902 9.055 74.928 

4 1.287 6.128 81.057 

5 1.116 5.316 86.373 

6 0.933 4.443 90.815 

… … … … 

Extraction method: Principal Component Analysis 

Fig.3 Measuring points of door sub assembly and 

assembly. 
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contribution rate is 54.9%. These explain that the source of 

dimension deviation is relatively single. 

In the process of applying the PCA method, the data 

should be analysed in three directions of xyz. However, 

due to the high computational complexity in determining 

the main factors, it is more efficient to analyse the meas-

uring point data with normal or Y direction deviation 

instead of three-direction. As shown in Figure 3, the door 

fluctuations in Y direction are unstable. Only Y-direction 

measuring points deviation and normal measuring point 

deviation data orthogonal to the outer plate are considered. 

Table 7. Comparison of PCA results of three data 

deviation（a/b/c）. 

a. Explanation of deviation variance in Y direction

Initial Eigenvalue 

Component 
characteristic 

value 
Contribution rate Cumulative% 

1 6.291 39.321 39.321 

2 4.864 30.402 69.724 

3 2.107 13.169 82.892 

4 1.166 7.286 90.178 

5 0.814 5.087 95.265 

6 0.295 1.845 97.110 

… … … … 

b. Explanation of deviation variance in T normal direc-

tion 

Initial Eigenvalue 

Component 
characteristic 

value 
Contribution rate Cumulative% 

1 7.570 47.312 47.312 

2 3.667 22.920 70.233 

3 1.929 12.057 82.289 

4 1.363 8.518 90.808 

5 0.604 3.776 94.583 

6 0.243 1.519 96.103 

… … … … 

c. Explanation of total variance of PCA in three direc-

tions of XYZ 

Initial Eigenvalue 

Component 
characteristic 

value 
Contribution rate Cumulative% 

1 5.375 37.092 37.092 

2 2.886 19.916 57.008 

3 2.237 15.437 72.445 

4 1.896 13.084 85.529 

5 1.230 8.488 94.017 

6 0.243 1.678 95.695 

… … … … 

We use three methods to measurement and take PCA 

analysis. The PCA results are presented in Table 7. 

Table 7 shows that the first three principal components 

account for 72.4% of the PCA in three directions of XYZ. 

The three principal vectors are relatively dispersed, and in 

the analysis using Y and T normal deviations, the contri-

bution of the first three principal components reached to 

82.9%, and 82.3% respectively. The contribution rate of 

the first principal vector calculated with T normal devia-

tion is 47.3%, which is greater than the contribution rate of 

the first principal vector calculated in Y where deviation is 

39.3%. This indicates that the principal component anal-

ysis using T normal deviation is not only efficient in cal-

culation, but also provides a good reference value in de-

termining the principal mode of deviation source. 

3.2 Analysis of the dimension deviation source based 

on KPCA method 

The PCA only decouples data thus unable to analyze non-

linear problems. To address this issue, we utilize a kernel 

function and apply the KPCA to extract data deviation 

sources with nonlinear features. The KPCA method maps 

the input space variables from a low-dimensional space to 

a high-dimensional space through a nonlinear function 

and then applies the principal component analysis on the 

variables. 

In the KPCA, the key is to transform the inner product of 

the characteristic space, to the core function of the origi-

nal space after a non-linear transformation, by introduc-

ing the core function. This greatly simplifies the calcula-

tion. Here we use the core technology of the SVM sup-

port vector machine, to avoid "dimensional disaster". In 

other words, the inner product operation of samples in the 

feature space is replaced by a core function satisfying 

Mercer condition, i.e., the core function must be a 

semi-positive definite function [10]. 

The corresponding mapping, Φ:𝑥  → F， maps the point 

x to F, by_. In the corresponding high-dimensional fea-

ture space, the variables also meet the condition of 

de-centralization, i.e. 

∑ Φ(𝑥𝑢)𝑀
𝜇=1 = 0

The covariance matrix of the feature space is then given 

by 

C =
1

𝑀
∑ Φ(𝑥𝑢)Φ(𝑥𝑢)𝑇𝑀

𝑢=1 

and the eigenvalues and eigenvectors of C are obtained 

from 

𝑉𝜖𝐹\{0}, 𝐶𝑣 = 𝜆𝑣
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The eigenvector can be expressed as a linear combination 

of Φ(𝑥1)，Φ(𝑥2)，…，Φ(𝑥𝑀), where 𝑣 = 1,2, … ,𝑀 .

Define an 𝑀 × 𝑀 matrix 𝐾, the eigenvalues and eigen-

vectors are obtained by solving. From this, the projection 

of the test variables in the new eigenvector space 𝑣𝑘  is:

(𝑣𝑘 ⋅ Φ(𝑥 )) = ∑ (𝛼𝑖)
𝑘𝑀

𝑖=1 (Φ(𝑥𝑖), Φ(𝑥 ))  

Here we then replace the inner product with the kernel 

function, therefore, 

(𝑣𝑘 ⋅ Φ(𝑥 )) = ∑ (𝛼𝑖)
𝑘𝑀

𝑖=1 𝐾(𝑥𝑖 , 𝑥 )

If (14) is not established, then it is adjusted as the fol-

lowing: 

Φ(𝑥𝑢) → Φ(𝑥𝑢) −
1

𝑀
∑ Φ(𝑥𝑣)

𝑀
𝑖=1 𝑢 = 1,2, … ,𝑀

The kernel matrix is then modified to: 

𝐾𝑢𝑣 → 𝐾𝑢𝑣 −
1

𝑀
(∑ 𝐾𝑢𝑤

𝑀
𝑤=1 + ∑ 𝐾𝑤𝑣

𝑀
𝑤=1 ) +

1

𝑀2
∑ 𝐾𝑤𝜏

𝑀
𝑤,𝜏=1  

Based on the principle of KPCA, the relevant calculation 

process is as the following. 

① The 𝑛  indexes obtained are written into 𝑚 ×

𝑛-dimensional matrix (each index has 𝑚 samples).

A = [

𝑎11 … 𝑎1𝑛

… ⋱ …
𝑎𝑚1 … 𝑎𝑚𝑛

] 

② Standardizing the matrix, and set X = (𝑥𝑖𝑗)𝑚×𝑛

③ Calculating the correlation coefficient matrix,

R =
1

𝑚−1
𝑋𝑇 ∙ 𝑋 = (𝑟𝑖𝑗)𝑛×𝑛

④ Using Jacobian iterative method to obtain the eigen-

values, 𝜆1, 𝜆2, … , 𝜆𝑛, and the corresponding eigenvectors,

𝑣1, 𝑣2, … , 𝑣𝑛.

⑤ The strong eigenvalues are then sorted in descending

order to get 𝜆1
‘ > 𝜆2

‘ > ⋯ > 𝜆𝑛
‘ , and the corresponding

adjusted eigenvectors are 𝜈1
‘ , 𝜈2

‘ , … 𝜈𝑛
‘ .

⑥ Unit orthogonalization of the eigenvectors is then

conducted using Schmidt orthogonalization to obtain

𝛼1,𝛼2, … 𝛼𝑛.

⑦ The cumulative contribution rate of eigenvalues are

then acquired through calculating {𝐵1,𝐵2, … 𝐵𝑛}. We then

set the extraction efficiency ρ value if 𝐵𝑡≥ρ then t prin-

cipal components 𝛼1,𝛼2, … 𝛼𝑡   are extracted.

⑧ Calculate the projection 𝑌 = 𝑋 ∙ α  of the sample

variable (𝑋 standardized) on the extracted eigenvectors,

where α = 𝛼1,𝛼2, … 𝛼𝑛. 𝑌 is the dimension-reduced data.

The advantage of KPCA over PCA is that the latter is an

algebraic feature analysis method. PCA requires a rather

large memory space and its algorithm is computationally

complex. For an original space with dimension n, PCA 

needs to decompose an 𝑛 × 𝑛 non-sparse matrix. As a

linear mapping method, the dimension-reduced expres-

sion of PCA is generated by a linear mapping. Therefore,

it ignores nonlinear relationship in data samples, hence 

the optimal feature may be overlooked. This is the main 

reason in some cases the PCA method is not effective 

[11]. KPCA uses a nonlinear method to extract the prin-

cipal components, which maps the variables to a 

high-dimensional space F through a mapping function 

and then PCA is used to analysis function space F. 

Here we take the deviation source analysis of the body 

side taillight installation area as an example to compare 

the analysis results of the PCA and KPCA methods. The 

dimension fluctuation in the mounting area of the side 

taillight is an issue in body dimension control (see Figure 

4) as the matching relationship between this area and the

taillights, rear bumper, and rear trunk is rather compli-

cated and the dimension of the rear body side area is the

key to the matching quality of this area.

We use both PCA and KPCA methods to analyze the 

measurement data and compare the results. Several 

commonly used kernel functions are linear kernel func-

tion, P-order polynomial kernel function, Gaussian RBF 

kernel function, multilayer perceptron kernel function. 

Here, noting the characteristics of the analysis of the de-

viation source of the flexible sheet, we adopt a polynomi-

al kernel function as the following 

 𝐾(𝑥 ⋅ 𝑥𝑖
) = [(𝑥 ⋅ 𝑥𝑖

) + 1]𝑝


The comparison of PCA and KPCA analysis is shown in 

Table 8. The contribution rate of the first three principal 

components obtained using PCA is 63.9%, and the con-

tribution rate of the first principal component is 26.9%. 

The contribution rate of the first three principal compo-

nents in KPCA is 80.7%, of which the contribution rate of 

the first principal component is 62.5%. As it is seen, the 

contribution rate of KPCA analysis principal component, 

especially the first principal component, is higher than 

PCA. It’s easier to determine the main mode of deviation. 

According to the on-site analysis, due to the loose clamps 

of the body side tail, and the rebound of the outer plate of 

the body side tail, the rear light assembly area is rotated 

Fig.4 Clamping drawing of the rear area of the body 

side. 
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around a certain axis. After the clump is repaired, the 

measuring points in this area become stable and qualified. 

4. ANALYSIS BASED ON THE SOUTCE
OF MODEL DIMENSION DEVIATION

The deviation of part assemblies is often caused by the 

deviation of sub-assemblies or single parts. In such cases, 

we use the data analyzed to recognize the source of the 

deviation. The data here refers to the corresponding 

measuring point of the assembly and the sub-assembly or 

single parts. Here we study two analysis methods, one is 

based on the failure mode of parts and fixtures, and the 

other is based on time series to identify the source of di-

mension deviation. 

4.1 Principal vector analysis based on failure mode 

Principal component analysis (PCA) is used to extract the 

principal vectors (deviation mode vectors) 𝑝𝑖  and 𝑠𝑗 of

parts or subassemblies and assemblies. The degree of 

vector correlation is expressed by the correlation coeffi-

cient, 

𝜂𝑖𝑗 = |
𝑝𝑖.𝑠𝑗

 |𝑝𝑖||𝑠𝑗|
|

where 𝜂𝑖𝑗 is the correlation coefficient between 𝑝𝑖 and 𝑠𝑗, 

𝑝𝑖 is the 𝑖-th principal component of the part or 

sub-assembly, 𝑝, and 𝑠𝑗 is the 𝑗-th principal component on 

the assembly, 𝑠. In order to eliminate the noise interfer-

ence as much as possible, we set a threshold, 𝑉𝑐𝑜𝑚𝑝, and a 

mapping relationship is formed between part 𝑝 and as-

sembly 𝑠 if the correlation coefficient is greater than 

𝑉𝑐𝑜𝑚𝑝. The contribution rate, γ, represents the strength of 

the mapping relationship: 

γ =
∑ 𝜆𝑗

𝑞
𝑗=1

∑ 𝜆𝑚
𝑚
𝑚=1

,

where 𝜆𝑗 is the eigenvalue of 𝑠𝑗  corresponding to 𝑝𝑖 ;

𝑞 is the number of eigenvectors greater than the thresh-

old 𝑉𝑐𝑜𝑚𝑝 (if 𝑞1), and 𝑚 is the total number of ex-

tracted eigenvectors. The threshold, 𝑉𝑚, of the first fea-

ture principal vector is set to reduce the computational 

complexity of correlation analysis. If the contribution of 

the first principal component extracted by a part is less 

than 𝑉𝑚, then it suggests that the part has no clear impact

on the deviation of the assembly. If the contribution of the 

first principal component is greater than 𝑉𝑚, it is consid-

ered to have a significant influence on the deviation of 

the assembly [12]. 

In addition to the deviation source of the welding assem-

bly caused by the parts, another important factor is the 

fixtures. The analysis of the deviation source generated 

by the fixtures is based on investigating the potential 

failure modes of the direction and the amplitude of the 

movement in each measuring point.  

According to the 3-2-1 positioning principle for parts, the 

failure modes of fixture are divided into failure of main 

positioning pin, failure of secondary positioning pin, and 

failure of positioning and clamping point. The corre-

sponding parts also appear in three modes: translation 

Table 8. Comparison of PCA and KPCA analysis results of rear body side deviation. 

PCA KPCA 

Component 
Characteristic 

value 
Contribution rate Cumulative% Component 

Characteristic 
value 

Contribution rate Cumulative% 

1 2.536 26.921 26.921 1 0.285 62.500 62.500 

2 1.809 19.024 46.125 2 0.062 13.596 76.096 

3 1.678 17.813 63.938 3 0.021 4.605 80.702 

4 1.106 11.741 75.679 4 0.017 3.728 84.430 

5 0.812 8.620 84.299 5 0.012 2.632 87.061 

6 0.678 7.197 91.497 6 0.008 1.754 88.816 

… … … … … … … … 

Fig.5 Three failure modes of fixtures. 
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along the AB direction, rotation in the plane around point 

A, and rotation in space around the axis formed by AB. 

The failure modes are shown in Figure 5. 

For the first failure mode, most of the measuring points in 

Figure 5(a) move along the kidney-shaped hole and 

slightly rotate around B. The deviation mainly appears in 

a specific direction and the deviation is the same. The 

failure mode in this case can be obtained by unitizing the 

column vector composed of all measuring points. For 

Figs. 5(b), (c), the measuring point deviation has mainly a 

fixed axis for rotating motion. Suppose the vector of the 

rotation direction of the measuring point is 𝑒𝑖 =

(𝑥𝑖
′, 𝑦𝑖

′, 𝑧 
 ), the distance from the measuring point to the

center of rotation is 𝑑𝑖
′, and 𝑒𝑖 × 𝑑𝑖

′, the column vector is

[𝑒1∙𝑑1 , 𝑒2 ∙ 𝑑2 , … , 𝑒𝑛 ∙ 𝑑𝑛 , ]𝑇 . After unitization, 𝑒𝑖 × 𝑑𝑖
′,

is the failure mode under rotation. 

For the fixture failure mode, the analysis of the welding 

assembly deviation source is based on calculating the 

correlation coefficient, 𝜂𝑖𝑘 , between the fixture failure

mode, 𝑎𝑖, and the main eigenvector, 𝑣𝑘, of the assembly

measurement point data:  

𝜂𝑖𝑘 = |
𝑎𝑖.𝑠𝑗

 |𝑎𝑖||𝑠𝑗|
|

Here, again to reduce the amount of calculation, a thresh-

old value, 𝑉𝑗𝑖𝑔, is considered and the mapping relation-

ship is determined between all the main eigenvectors 

larger than 𝑉𝑗𝑖𝑔, and the failure modes.  In order to de-

termine the contribution degree of the main eigenvector 

in the assembly deviation, the deviation contribution co-

efficient ω is defined as 

𝜔𝑖 = 𝜂𝑖𝑘 ∙
𝜆𝑘

𝜆1+𝜆2+⋯+𝜆𝑝
∙ 100%

4.2 Discrimination of Dimensional Deviation Source 

Based on Time Series Analysis 

Here we first establish a time series AR model to process 

the continuous measurement data and obtain a stable 

normal distribution with zero mean. The first step is to 

extract the trend term to measure the time series data 

{𝑥𝑡}, (𝑡 = 1,2, … , 𝑁)  and to remove the nonstationary

part 𝑑𝑡：𝑦𝑡 = 𝑥𝑡 − 𝑑𝑡 and form the stationary time se-

ries, {𝑦𝑡}. Then, the time series are zeroed and normal-

ized to obtain the normal distribution {𝑥𝑡},  where

𝑥𝑡~N(0,1). The basic expression of AR(𝑛) is:

𝑥𝑡 = 𝜑1𝑥𝑡−1 + 𝜑2𝑥𝑡−2 + ⋯+ 𝜑𝑛𝑥𝑡−𝑛 +

𝑎𝑡   𝑎𝑡~𝑁𝐼𝐷(0, 𝜎𝑎
2)

Among them: 𝑎𝑡 − {𝑥𝑡}(𝑡 = 1,2, … , 𝑁) residuals corre-

spond to a normal distribution with variance 𝜎 
2 .

𝜑1, 𝜑2, … 𝜑𝑛 and 𝜎𝑎
2 are the parameters estimated by a

certain method for time series {𝑥𝑡}(𝑡 = 1,2, … , 𝑁). Gen-

erally, the least square method is used for parameter es-

timation, which is relatively simple and unbiased. The 

least square estimation of the model is: 

�̂� = (𝑥𝑇𝑥)−1𝑥𝑇𝑦

where 𝜑 = (𝜑1, 𝜑2, … 𝜑𝑛)𝑇 , 𝑦 = [𝑥𝑛+1, 𝑥𝑛+2, … , 𝑥𝑁]𝑇

and 

𝑥 = [

𝑥𝑛 𝑥𝑛−1

𝑥𝑛+1 𝑥𝑛
⋯

𝑥1

𝑥2

⋮ ⋱ ⋮
𝑥𝑁−1 𝑥𝑁−2 ⋯ 𝑥𝑁−𝑛

] 

Principal component analysis is used to extract the fea-

ture roots 𝜆1, 𝜆2, … , 𝜆𝑚 , and eigenvector V from an

n-dimensional pattern vector, 𝜑 = (𝜑1, 𝜑2, … 𝜑𝑛)𝑇. The

vector, V, is a low dimensional eigenvector obtained by

PCA reduction of pattern vector, 𝜑 :

𝑉𝑚×1 = 𝐴𝑚×1𝜑𝑛×1

To construct the discriminant function for a certain part, 

for K dimension deviation sources, 𝐹𝑅1, 𝐹𝑅2, … , 𝐹𝑅𝐾, the

corresponding K reference states are obtained. The con-

structed function is the discriminant function. Then clas-

sify the part to be inspected mode vector 𝜑𝑡, analyze and

judge its deviation mode.  

The discriminant function adopts the distance discrimi-

nant function, and its measurement method is geometric 

Euclidian distance. The geometric distance between 𝜑𝑡

and 𝐹𝑅 in an n-dimensional geometric space which is

expressed as the sum of squares of the coordinate differ-

ence of two points in the space: 

𝐷2(𝑋, 𝑌) = ∑ (𝑥𝑖 − 𝑦𝑖)
2𝑛

𝑖=1 = (𝑋, 𝑌)𝑇(𝑋, 𝑌),

where X = [𝑥1𝑥2 … 𝑥𝑁]𝑇  and Y = [𝑦1𝑦2 …𝑦𝑁]𝑇  are

arbitrary points in space. The time series data {𝑥𝑡}𝑇  to

be checked is formed into a coefficient matrix 𝑋𝑇, which

is substituted in the AR model to form the reference devi-

ation: 

𝑋𝑇∅𝑅 = 𝑎𝑅𝑇   𝑋𝑇∅𝑅𝑇 = 𝑎𝑇

where 𝑎𝑅𝑇  is the calculated residual vector of the coeffi-

cient matrix, XT, to be tested and the reference model 

parameter, ∅𝑅, and 𝑋𝑇∅𝑅𝑇 = 𝑎𝑇  is the AR model to be

tested. The geometric distance between 𝑎𝑇  and

𝑎𝑅𝑇  represents the residual offset distance 𝐷2(𝑎𝑇 , 𝑎𝑅𝑇):

𝐷2(𝑎𝑇 , 𝑎𝑅𝑇) = 𝑁𝑇(∅𝑇 − ∅𝑅)𝑇𝑅𝑇(∅𝑇 − ∅𝑅)

where 𝑅𝑇 is the covariance matrix of the test time series

data {𝑥𝑡}𝑇, and 𝑁𝑇 is the length of the test time series

data {𝑥𝑡}𝑇. Let 𝑁𝑇 be equal to the length of the refer-

ence deviation mode time series data, that is 𝑁𝑇 = 𝑁𝑅 =

𝑁.  

It can be seen from equation (28) that the residual offset 

distance is a function of ∅𝑇 and ∅𝑅, which can be ex-

pressed as a weighted residual offset distance measured 
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in n+1 dimensional space. The offset distance function 

related to the residual 𝜑  is then derived as  

𝐷2(𝑎𝑇 , 𝑎𝑅𝑇) = 𝑁𝑇(𝜑𝑇 − 𝜑𝑅)𝑇𝑟𝑇(𝜑𝑇 − 𝜑𝑅)

where 𝑟𝑇 is the covariance matrix of the time sequence

to be checked {𝑥𝑡}𝑇, which is equivalent to the nth-order

sub-matrix of 𝑅𝑇 minus the first row and the first col-

umn. For the discrimination of K deviation source test 

modes, we take the reference mode with the smallest re-

sidual offset distance value, therefore,  

𝐷𝑎
2(𝜑𝑇 , 𝜑𝑅(𝑗)) = min {𝐷𝑎

2(𝜑𝑇 , 𝜑𝑅(𝑖)) (𝑖 =

1,2, … , 𝐾)} 𝜑𝑇 ∈ 𝐹𝑅𝑗

The reference population where 𝜑𝑇  is located should

satisfy the minimum residual offset distance.  

Geometric distance calculation and deviation diagnosis 

are as follows. First, the deviation source is classified. 

According to the corresponding deviation state of dimen-

sion deviation data, an autoregressive model is then es-

tablished to obtain the mode vector. The principal vector 

is then extracted to obtain the covariance. Using Eq. (29), 

(30) we then evaluate the distance and establish the cor-

responding deviation mode for reference. The next step is

to model the inspection data. The geometric distances

under different deviation states are also obtained and 

compared to determine the source of dimension deviation 

[13]. 

Here we consider the upper edge of the windshield glass 

of the car body roof. Here the normal measurement point 

matching the glass often fluctuates. This is mainly due to 

the wear of the welding electrode cap, or deformation of 

the incoming material. Two deviation modes can be es-

tablished corresponding to the wear of the electrode cap, 

and deformation of the incoming material. We collect 

real-time data of the implementation detection data.  By 

calculating, tracking, and comparing the pre-established 

deviation modes, we automatically identify the deviation 

modes which eliminate the need on manual inspection.  

The data under three states including normal operation, 

incoming material deformation, and electrode cap wear 

are collected and shown in Fig. 6. The time series model 

is then established according to the AR modeling re-

quirements and the feature vector is extracted by the PCA 

method. The AR model under three states is established 

as the following:  

① Normal:

𝑥𝑡 = −0.567𝑥𝑡−1 + 0.112𝑥𝑡−2 − 0.093𝑥𝑡−3

+ 0.112𝑥𝑡−4 − 0.101𝑥𝑡−5 + 𝑎𝑡

② Incoming material deformation：

Fig.6 Deviation data of the body top cover measurement points. 

Table 9. Euclidean distance and Square Euclidean distance. 

Approximation matrix 

Euclidean distance 

Approximation matrix 

squared Euclidean distance 

Normal deviation 

mode 

Part deviation 

mode 

Electrode wear 

mode 

Actual test 

data 

Normal deviation 

mode 

Part deviation 

mode 

Electrode wear 

mode 

Actual test 

data 

Normal deviation 
mode 

0.000 0.300 0.370 0.223 0.000 0.090 0.137 0.050 

Part deviation 
mode 

0.300 0.000 0.234 0.083 0.090 0.000 0.055 0.007 

Electrode wear 

mode 
0.370 0.234 0.000 0.218 0.137 0.055 0.000 0.047 

Actual test 

data 
0.223 0.083 0.218 0.000 0.050 0.007 0.047 0.000 
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𝑥𝑡 = −0.583𝑥𝑡−1 + 0.159𝑥𝑡−2 − 0.065𝑥𝑡−3

− 0.063𝑥𝑡−4 + 0.136𝑥𝑡−5 + 𝑎𝑡

③ Electrode cap wear:

𝑥𝑡 = −0.505𝑥𝑡−1 + 0.012𝑥𝑡−2 + 0.062𝑥𝑡−3 −

0.148𝑥𝑡−4 +Based on the measured data of workshop,

the AR model is established as follows:  

𝑥𝑡 = −0.579𝑥𝑡−1 + 0.131𝑥𝑡−2 − 0.053𝑥𝑡−3

− 0.028𝑥𝑡−4 + 0.067𝑥𝑡−5 + 𝑎𝑡

The measured data in the workshop and the residual de-

viation distance of each failure mode (the Euclidean dis-

tance) are presented in Table 9. As it is seen, the deviation 

mode between the measured data and the reference sam-

ple is the smallest, therefore the deviation mode might be 

the same (or quite similar). Therefore, the deviation mode 

of the measured data is most likely the deviation mode 

caused by part fluctuation. Another distance calculation 

method is Euro-square distance. The calculation results 

are 0.505 (distance normal mode), 0.007 (distance part 

deviation mode), and 0.047 (distance electrode wear 

mode). It can be seen from the data that the Euclidean 

square distance provides a better and more deviation 

mode discrimination. 

5. CONCLUSION

(1) The dimensional precision is affected by the meas-

urement resources, measurement information, and in-

spection data. Understanding the corresponding big data 
improves the efficiency of monitoring and analysis of the 
body dimensional precision.

(2) Big data analysis enriches the means of analyzing the 
precision of body dimension. Correlation analysis, PCA, 
and KPCA analysis method are capable of diagnosis in 
complex dimension deviation problems. The failure 
mode-based principal component analysis model and the 
body dimension deviation source monitoring diagnosis 
model based on time series analysis were also shown to 
be able to effectively improve the efficiency of failure 
mode and deviation source diagnosis.
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Abstract 

Concentrating on the issue of measurement data missing 

caused by complex and changeable working conditions 

during the operation of high-speed trains, this paper pro-

poses a frame for reconstruction of missing measurement 

data based on generative adversarial network. Suitable 

parameters are set for the frame. Discrete measurement 

data are taken as the input of the frame for preprocessing 

of data dimensionality ascending. Then the convolutional 

neural network learns the correlation between different 

characteristic values of each device in unsupervised pat-

tern, and constrains and improves the reconstruction ac-

curacy taking advantage of the context similarity of au-

thenticity. When there are measurement data missing to 

different extents, it is demonstrated by experiments that, 

the model of the paper can still maintain high reconstruc-

tion accuracy. In addition, the reconstruction data also 

conform well to the distribution law of measurement da-

ta. 

Keywords: High-speed train， generative adversarial 

network， data dimensionality ascending， convolutional 

neural network， reconstruction accuracy 

1. INTRODUCTION

High-speed trains may cross through mountain area, con-

tinuous tunnel and a variety of complex environments, 

and there may be network failure, transmission interrup-

tion, harmonic interference, etc. As a consequence, there 

are a lot of data missing, and it is not conducive to train 

state evaluation and system failure judgment. Safe opera-

tion of the train can only be guaranteed by real-time and 

accurate system monitoring achieved through data recon-

struction to the maximum extent for the data missing. 

Incomplete data imputation can be realized by parameter 

estimation result adopting some existing imputation 

methods such as Maximum likelihood estimation (MLE). 

However, it is hard to realize proper imputation adopting 

the method in case of more missing data and noncompli-

ance with observation conditions. Mean imputation
[2]

, 

regression recovery method
[3]

 and other data imputation 

methods using mathematical theory are adopted in other 

papers, but it is hard to realize the imputation of different 

equipment measurement data of high-speed trains. EM 

algorithm 
[4]

 is used extensively in dealing with missing 

data, but the calculation speed will drop in case of a lot of 

missing data in the dataset.  

In fact, the correlation between the data measured and the 

changes under multiple working conditions in high-speed 

train measurement can become important basis for the 

reconstruction of missing data. For example, the recon-

struction of missing values of voltage and power is real-

ized by Miranda et al.
[5]

 using Autoencoders. However, 

the method is the shallowest neural network, and no ef-

fective description for complex equipment relationship 

can be carried out. In recent years, with the rapid develop 

of neural network and the continuous improvement of 

deep learning technology, there are more and more tech-

nical methods for super-resolution reconstruction and 

missing image repair based on deep learning
[6-8]

. The 

missing image repair and resolution reconstruction are 

essentially similar to the reconstruction of the monitoring 

missing data of high-speed train for the issues. For all of 

them, the original historycal data are used to infer the 

missing part complying with the objective law
[9]

. Genera-

tive Adversarial Networks (GAN) which is very popular 

has been proposed recently. The data distribution law and 

characteristics can be learned automatically in unsuper-

vised pattern and the data meet these laws and character-

istics are generated in GAN. Thus the reconstruction of 

missing data is realized. 

GAN is widely used in digital image and computer vision. 

Mudavathu 
[10]

 proposed a method to generate a model 

for generated images by handling auxiliary conditions 

using labels for the expansion of image dataset. Yao 

Naiming et al. 
[11]

 reconstructs partial missing of face 

image using GAN, which improves the discrimination of 

facial expressions. The reconstruction of missing data can 

be analogous to the issue of imputation in image defects 

as abovementioned. Yao et al.
[12]

 restore distorted signal 

by generative adversarial network model so as to improve 

the signal recognition ability. Vanishing gradient and un-

able to generate discrete data distribution and other issues 

occur easily for conventional GAN model when the data 

similarity is small. Wasserstein GANs (WGAN) method 

is proposed in reference
[13]

 to improve the stability of the 
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network. In the method, EM distance is used instead of JS 

distance. In reference
[14]

 WGAN is introduced into the 

electric power system for reconstruction of the measure-

ment data with time sequence. However, WGAN still has 

great limitations in processing 1-D discrete data without 

distribution law, and it cannot learn accurately data char-

acteristics. 

There are many methods for the processing of 1-D dis-

crete data. Kiranyaz et al. 
[15]

 design a one-dimensional 

CNN to detect the damage in a real-time manner. Zhang 

et al. 
[16]

 design a two-dimensional non-negative matrix 

factorization model to extract bearing signal characteris-

tics. Wen
[17]

 converts the signal into two-dimensional 

image and extracts the features of converted 2D image. A 

lot of expert experiences are required to set the parame-

ters when adopting such methods. Therefore, the data 

preprocessing method not requiring setting any parame-

ters is adopted in the paper.  

Inspired by the success processing of discrete data using 

GAN in the image field, the method for reconstruction of 

missing measurement data of generative adversarial net-

work is studied in the paper. The main work in the paper 

is as below: (1) A new data reconstruction frame is pro-

posed based on WGAN. EM distance and context simi-

larity loss between data are used as reconstruction con-

straints in the model, and the reconstruction data con-

forming to the complex rules between measurements are 

generated. (2) Discrete measurement data points are con-

verted into two-dimensional network form, which simpli-

fies effectively the model training time and improves 

reconstruction accuracy. (3) It is demonstrated by exper-

iments that, when there are a lot of data missing, rela-

tively high reconstruction accuracy can be maintained, 

and the data reconstructed are consistent with the real 

data in the distribution law. 

2. BRIEF DESCRIPTION OF RELATED
WORK 

2.1 Generative Adversarial Network 

GAN consists of two convolutional neural networks, i.e. 

generator (G) and discriminator (D). The generator (G) is 

used to learn data distribution characteristics and is 

mapped to be new data. Then the discriminator (D) 

measures the similarity between real data and the data 

generated, and updates continuously the parameters itself 

through the relationship established by connecting two 

seemingly independent deep neural networks based on 

the training relationship of historical data, to generate the 

new data which meet the distribution relationship of 

measurement data
[18]

. The GAN network structure estab-

lished by these mappings is shown in Fig. 1 as below. 

It may be difficult for the traditional GAN to train. 

Smooth Wassersterin distance is used to measure the dis-

tance between two probability distributions, which can 

also improves network training stability. Wassersterin 

distance
[19]

 is defined as below: 
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, ~
,

, inf
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r g x y
p p

W p p E x y



    



   (1) 

Where,  inf refers to the lower bound of expectations

of the function;  ,r gp p means the set of the joint 

distribution (  ) of 
rp and

gp ; unique Kantoto-

vich-Rubinstein dual form
[20]

 is used since it is impossi-

ble to solve directly  ~ ,
inf

r gr p p in Wassersterin distance: 
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Gradient clipping optimization is carried out for the pa-

rameters of the discriminator so that its parameters are 

constrained into a relatively small range and the discrim-

inator network can converge rapidly. 

3. GENERATIVE ADVERSARIAL
NEWORK ORIENTED MISSING DATA 

RECONSTRUTION 

3.1 Generation Adversarial Network Oriented Missing 

Data Reconstruction Network Structure  

Inspired by the work of generative adversarial network in 

2D image field, a generative adversarial network frame 

for repair and completion of missing one-dimensional 

measurement discrete data is established. Please refer to 

Fig. 2 for the overall frame for reconstruction of missing 

data in the paper. Discrete data points acquired are taken 

as the input of the network. For the reconstruction of dis-

crete data points, the neural network training slows down 

when there are too many discrete data features. Therefore, 

1-D data are converted into 2-D matrix as the input of the

generator. Each row of the matrix consists of sampling 

point coordinates  , y, zx . To improve the training

speed of the model, only three convolutional layers and 

fully connected layers are designed for the module gener-

ated in the paper. The first input layer is the 

high-dimensional hidden variable random noise. The 

noise (z) is input into the first convolution kernel by 

converting into 5M   form linearly using a Linear 

function for dimensional reduction and add normalized 

processing for each convolution layer. ReLU is used as 

the activation function in all layers of the generator for 

final output of the data except in output layer where Thnh 

function is used. A data with the number of filter of 5 is 

finally output, i.e. maximum value and minimum value of 

AC positioning voltage, the maximum value and mini-

mum value of DC positioning voltage and the average 

value of DC voltage. The dimensionality of the output is 

kept consistent with the number of inputs through the 

adjustment of the parameters of each layer.  

It is necessary for the discriminator to determine effec-

tively if it is real data or the data generated in the data 

reconstruction network. Therefore, LeakyRelu activation 

function is used for the whole discrimination network to 

improve the model recognition accuracy. The convolu-

tional layer of the discrimination network is generally 

consistent with that of the network generated. 0 or 1 is 

generally output through final sigmoid activation function, 

in which 0 is false and 1 is true. At the time, the parame-

ters of the discriminator are returned to the model gener-

ated again. The parameters are fixed, and the secondary 

data are generated again, and iterated repeatedly until the 

data less than EM distance is generated.  

When historical measurement data and hidden variable (z) 

meeting normal distribution are used for training of the 

generator and discriminator, adam optimizer is used to 

update network parameters and calculate different adap-

tive learning rates for different parameters. The parameter 

update each time will improve the speed of training of the 

model. 

Table 1 Generator Parameter Structure 

Description Parameters Value

Fully connected layer

Number of neurons 5×128 

Activation function ReLU 

Number of filters 128 

Convolution layer

Size of convolution kernel 3 

Activation function ReLU 

Number of filters 64 

Convolution layer

Size of convolution kernel 3 

Activation function ReLU 

Number of filters 5 

Convolution layer
Size of convolution kernel 2 

Activation function tanh 
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Fig. 2 Reconstruction Frame of High-Speed Train Measurement Data based on WGAN 

3.2 Data Preprocessing 

Generative adversarial network is a process of continuous 

data learning, but original data cannot be directly used in 

numerous data-driven methods. Therefore, the main pur-

pose of data processing method is to extract characteris-

tics from the original data. However, it is a complicated 

process to extract the characteristics required from one 

group of data, and the ability for WGAN to learn discrete 

data is limited. So 1-D form of the original data is con-

verted into 2-D grid matrix not requiring parameter set-

ting in the paper. 

The complete sequence of data preprocessing without 

parameter setting is shown in Fig. 3. To obtain M×M ma-

trix, it is necessary to take one section of 2M long from 

the original dataset. L(i) ( 21, ,i M ) is used to refer 

to the value of each section of signal, as shown in fol-

lowing equation (6): 

 
(j 1) M k Min(L)

(j,k) round 255
(L)

L
P

Max L Min

     
  

      (3) 

Where,  round is a rounding function. 2 2  filters 

are used and the whole 2D network matrix is normalized 

to 255 from 0 in the paper. The value usually selected for 

M is 2n. The specific selection depends on the data value, 

e.g. 16, 32, 64, 128, etc.

The advantages of the data processing are as below: The 

original data can be processed and calculated without any 

preset parameters, and the 2D features of the original data 

can be explored so as to reduce the experiences of experts 

as appropriately. 

3.3 Missing Data Reconstruction Algorithm 

Countless data used to impute missing fragments 

can be generated through complete training set data in 

WGAN frame. Therefore, we need to select the data 

closest to real data and impute the data generated into the 

�

...

1 2 3

...

M M+1 2M

Discrete data points

M

Intercept data 

points

High-dimensional 

mapping

Fig. 3 Conversion of 1-D Data to 2-D Network Matrix 

data not missing. The part generated by the generator and 

the part not missing meets the consistency of the context 

by comparing the issue of measurement data missing to 

image masking data reconstruction.  

It is hard to describe for incomplete 1-D missing data. 

1-D data are converted into 2-D tabular form in the paper

in the way of data preprocessing, and a 2-D mask matrix

of the same system measurement dimension is estab-

lished for the measurement data missing. Data missing

part is represented using 0 and the complete part is repre-

sented with 1 in the matrix.

To ensure that the complete data reconstructed are as 

close as possible to the real data and the data determined 

by the discriminator is real, the loss of the data imputed is 

defined as Lr. 
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  ; ;r G DL D G z   （4） 

Where,  ; GG z   refers to the output data generated 

by the generator network;  ~; DD  refers to the out-

put of Wasserstein distance between real data and recon-

structed data.  

To maintain the suitability of unmasked part and imputed 

part, similarity loss (Ls) is defined so that the generator 

will search continuously in the data generated for the 

most similar sample to the unmasked part in masked grid 

data. 

 
2

; ,s G a aL G z M I M (5) 

In above equation, L2 norm is used to convert missing 

measurement data I to masked grid data. Ma is a binary 

mask matrix and refers to the operations between ma-

trices.  

In conclusion, the optimization goal for measurement 

data imputation is as below:  

 
 

~ 0,1
min s r

z N
L L （6） 

Taking (6)as the final optimization goal using missing 

data, make the missing data generated close to the meas-

urement data as far as possible using admin optimization 

function. The final imp-utation data consists of the un-

masked part of the original data and the masked part gen-

erated 
[21]

 , i.e.   

 = ; 1a G aI I M G z M
  

  
 

（7） 

4.EXPERIMENTAL RESULTS AND
ANALYSIS 

The program experiment of the paper is realized using 

python code. The program hardware environment in-

cludes CPU processor AMD Ryzen 5 2600X Six-Core 

Processor with the frequency of 3.60GHz; GPU: NVIDIA 

GeForce GTX 1660. The platform versions of Python 

3.7.7 and torch 1.4.0 are used. 

4.1 Data Set and Parameter Setting 

GAN can learn well relevant features of image by the 

application of generative adversarial network in image 

field, and it is also relevant to the high correlation of im-

age features. The learning of high-speed train measure-

ment data must make sure high data correlation and 

large-scale data distribution. 

The data set in this article uses the real data of a 

high-speed train running equipment for 32 consecutive 

days, and uses five types of characteristic values of each 

device (the maximum value and minimum value of AC 

positioning voltage, the maximum value and minimum 

value of DC positioning voltage and the average value of 

DC voltage), a total of 1280 sets of data. In order to 

maintain the learning ability and generalization ability of 

the model, the data is divided into the training set and the 

test set at a ratio of 4:1(1024 sets of training set and 256 

sets of test set), and the number of model training is set to 

100. 

It should be noted that the training set used for the entire 

generative model must be 1024 sets of complete data sets. 

After the model training is completed, 256 sets of data 

with missing values are input into it. 

To ensure rapid convergence and stability in network 

training, zero mean normalization must be carried out for 

the coordinates of complete data of the training set and 

the test set data with missing data, i.e. normalize the data 

point coordinates into the range of [-1，1]. The initial 

learning rate of the generator and discriminator model is 

set to 0.001. BATCH_SIZE is set to 1,290 for 100 Epoch 

cycles to improve the rate of the model for processing the 

data. Good learning monitoring effect can be obtained 

using the model structure in the paper.  

As shown in Fig. 4, the loss functions of the generator 

and discriminator of the generative adversarial network in 

the paper are in 0-100 iterations. With the increase of the 

times of iterations, the images of the two loss functions 

tend to confrontation quickly, and the adversarial process 

of the whole model is very stable.  

Loss of Generator and Discriminator

Generator

Discriminator

Epoch

loss

1.5

1.0

0.5

0.0

0.5

1.0

0 20 40 60 80 100

Fig. 4. Diagram for Loss of Generative Adversarial Net-

work  

4.2 WGAN Oriented Data Reconstruction Effect  

The sample data is divided into training set (Xtrain) and 

test set (Xtest) in the paper with the training set dimension 

of (1024, 40, 5) and test set dimension of (256, 40, 5). 

Missing at random is carried out for the test set based on 

the missing rate of 10%-50% respectively. Then binary 

mask matrix Ms (40 1)  is added for the test sets containing 

missing data. The part with missing data is 0 while the 

other part is 1. The number of zero in the mask matrix is 
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changed to realize the change in the number of missing 

data. 

The test set (Xtest) containing missing data is input into 

the model trained. If the data of a characteristic value is 

missing for a device, the characteristic value of other de-

vices on the day or the passed day can be learned, and the 

missing part can be generated and reconstructed in com-

bination with the law of other non-missing characteristic 

values of the device. The Mean Absolute Error (MAE) 

and Mean Absolute Percentage Error (MAPE) obtained 

based on the reconstruction results are shown in Table 2 

and 3. 

As shown in Table 3 and 4, the data reconstruction effect 

is very good and relatively high accuracy is maintained 

when the data missing rate is within 10%-50%. With con-

tinuous increase of the system missing rate, both the 

MAE and MAPE of the five characteristic values change 

to different extents. This may be caused by the missing of 

critical values of measurement data to different extents 

due to random missing data. Therefore, when data recon-

struction of high accuracy is maintained in case of a large 

number of missing of critical measurement data, it is 

demonstrated that the model trained is very superior in 

the capability of learning data context relationship and 

the reconstruction value of missing data is also very rea-

sonable. Good reconstruction effect can still be main-

tained when the missing rate is at 50% in the paper. This 

demonstrates that the model can process a large amount 

of missing data for high-speed trains.  

As shown in Table 2, when the missing rate is 50%, the 

method in this paper is compared with the traditional 

method. It can be found that the interpolation effect of the 

deep learning method in this paper is significantly better 

than the traditional method under the same missing rate. 

Table 2 Comparison of Mean Absolute Percentage Error 

of different interpolation methods 

Method 
Max. value of DC positioning 

voltage 

This article 1.173 

Mean imputation 25.61 

EM
[4]

 9.43 

High-speed trains may cross through mountain area, tun-

nel and a variety of complex environments, and there 

may be network failure, harmonic interference and other 

special conditions causing random data missing. 

Long-term measurement data missing may also be caused 

by train skylight equipment maintenance. The part gener-

ated shall be imputed into the original data and the recon-

struction effect of measurement data is observed consid-

ering if the measurement data generated comply with the 

contextual data distribution features. As shown in Fig. 

5,the change law of the reconstruction results of the five 

groups of characteristic variables (i.e. maximum value 

and minimum value of AC positioning voltage, the max-

imum value and minimum value of DC positioning volt-

age and the average value of DC voltage) of the model in 

the paper is similar to that of actual measurement results. 

This demonstrates that, the reconstruction results gener-

ated by the WGAN model in the paper can reflect well 

the change trend of voltage and current and the recon-

struction accuracy is high. Due to extreme historical data 

at some points, these extreme points may cause some 

minor deterioration occurred in the reconstruction effect. 

Table 3 Mean Absolute Error (MAE) of Reconstruction Results 

Missing rate 
Max. value of DC 
positioning voltage 

Min. value of DC 
positioning voltage 

Average value of 
DC positioning 

voltage 

Max. value of AC 
positioning voltage 

Min. value of AC 
positioning voltage 

0.1 0.048002 0.274403 0.042278 0.005850 0.3364296 

0.2 0.101603 0.339498 0.112054 0.024648 0.7465155 

0.3 0.097708 0.383544 0.102786 0.023610 0.6204315 

0.4 0.123408 0.482997 0.087946 0.012937 0.4020587 

0.5 0.100611 0.437346 0.080377 0.018360 0.4442114 

Table 4 Mean Absolute Percentage Error (MAPE) of Reconstruction Results 

Missing rate 
Max. value of DC 

positioning voltage 

Min. value of DC 

positioning voltage 

Average value of DC 

positioning voltage 

Max. value of AC 

positioning voltage 

Min. value of AC 

positioning voltage 

0.1 0.7600207 2.1878389 0.7193886 0.0883874 0.6998789 

0.2 1.2674115 2.2842678 1.3353079 0.1783063 1.0890092 
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0.3 1.2004649 2.5261751 1.1927532 0.1731615 0.9901325 

0.4 1.3142797 2.9769532 1.1141013 0.1282863 0.7672538 

0.5 1.1730746 2.8098599 1.0829699 0.1577947 0.758148 
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（250 samples are selected, 50 of which have missing data）
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Fig. 5 Imputation of Reconstruction Data 

5. CONCLUSIONS

For the missing of voltage and current measurement data 

of high-speed trains, a frame for WGAN oriented data 

reconstruction is proposed in the paper. Discrete 1-D data 

point is taken as the input in the frame to convert the dis-

crete data point into 2-D grid form. The process can 

speed up the convergence of the model and maintain the 

stability of model training. The missing data can be im-

puted through the generative adversarial network frame. 

WGAN learns the correlation between characteristic val-

ues of each device in unsupervised pattern and generates 

countless data suitable for the distribution law for missing 

part based on the context of the missing part of measure-

ment data. The discriminator guides continuously the 

optimization of the generator until the constraints are met. 

Then the reconstruction results can be output. Relatively 
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high reconstruction accuracy can still be maintained at 

different missing rates of measurement data for 

high-speed trains in the paper. Further study on recon-

struction and imputation in case of multi-source hetero-

geneous data missing can be carried out, to understand 

how to impute the type of missing data with other types 

of data so that the learning of zero sample is realized. 
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Abstract

Indoor scene recognition is of great theoretical research
significance and practical application value. Scene
recognition achieve good results in the field of computer
vision. How to identify the features of indoor complex
scenes arises as the main question. In this paper, we propose
a sparse representation algorithm to recognize indoor scene.
It can not only solve the problem of over fitting and
gradient disappearing, but also can effectively extract the
characteristics of indoor scene while increasing the width
and depth of neural network. The training of the method is
so fast that it can meet the real-time demand of the
recognition system to a certain extent. On this basis, a
human-robot interaction system for indoor scene
recognition can be built. This paper uses the GUI tool of
MATLAB to build a graphical user interface, which can
realize simple human-robot interaction. The experimental
results show that this method comes with good recognition
performance and the recognition accuracy reaches 92.8%.

Keywords: Indoor scene recognition, sparse representation
algorithm, deep learning, auxiliary classifier, human-robot
interaction.

1. INTRODUCTION

Scene recognition is the core research field of artificial
intelligence [1], which focuses on the use of feature
information of scene image to classify the scene of image.
Scene recognition is widely used in human-robot interaction,
so the machine can recognize the scene information in the
image. Therefore, it plays an important role in image
retrieval, intelligent robot, intelligent security and other
fields [2].

Compared with the outdoor scene, the image content of
indoor scene which includes multiple objects is more
complex, and there is occlusion between objects [3], so it is
difficult to extract scene features. Early indoor scene
recognition mainly uses middle-level features and
high-level semantic features, and the recognition effect
depends on the selected features [4] which cannot

effectively eliminate the interference of indoor objects and
extract indoor scene features accurately. Deep learning
algorithm has resulted in great achievements in many
aspects [5], so more and more scholars begin to study deep
learning [6] to solve the indoor scene classification
problem.

In this paper, several sparse structure [7] convolution neural
networks are used to extract and recognize the features of
scene images, which has the characteristics of fast training
speed, high recognition rate and significant classification
effect.

2. INDOOR SCENE RECOGNITION

Aiming at solving the problem of extracting indoor scene
features, this paper uses sparse representation algorithm to
extract image information through multiple convolution
kernels, which gets better representation of the image. The
frame structure of the algorithm is shown in Fig.1.

Fig.1. The framework of indoor scene recognition.
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Multiple sparse convolution neural networks can also
effectively solve the problem of over fitting and gradient
disappearance [8], and extract the features of complex
indoor scenes well and accelerate the training speed of
neural networks. In addition, adding an auxiliary classifier
can take advantage of the features of the middle layer.
Combined with the main classifier, the recognition rate of
indoor scene can be improved. Therefore, the indoor scene
recognition algorithm based on convolution neural network
has advantages of fast training speed, high recognition rate
and significant classification effect. The frame structure of
the algorithm is shown in Fig.1.

2.1 Indoor scene feature extraction
When the amount of data is small, the trained network is
prone to over fitting [9], and it is easy to cause the
phenomenon of gradient disappear when the network has a
very deep depth. The image feature extraction method
based on sparse representation algorithm can effectively
solve these two side effects. In the same layer, there are 1×1,
3×3, 5×5 convolution and pooling layers. When using filter
for convolution operation and pooling layer for pooling
operation, zero padding [10] will be used to ensure that the
output is of the same size. After these operations, the output
results, namely feature maps, are all integrated together.
The sparse network is shown in Fig.2.

Fig.2. The sparse network.

The characteristic of sparse network is that in the same
layer, different size features of input from the upper layer
can be collected after passing through different size filters
and then through pooling layer. This will increase the width
of the network so that we can indirectly improve the
performance of feature extraction. In the meantime, 1× 1
convolution layer is added before 3×3 and 5×5 convolution
layer, and after pooling layer. There are two advantages in
this way: one is that it allows the number of cells in each
step to be increased, and the computational complexity will
not be out of control. The dimensionality reduction
technique can make sure that a large number of input filters
go from one level up to the next. Secondly, different scales

of visual information are processed and fused, so that the
features of different scales can be extracted simultaneously
in the next step.

2.2 Indoor scene recognition
In the training stage, the main classifier is used in the top
layer, and we add an auxiliary classifier in the middle one.
The two classifiers are weighted according to different
weights to get a classification model to minimize the loss
value. In the training stage, the auxiliary classifier is
removed and only one main classifier is used for indoor
scene recognition and classification.

In image classification task, softmax function is often used
as classifier because of its simple calculation and high
efficiency. The cross entropy loss on account of softmax
function is generally used in multi classification problems.
The cross entropy loss based on softmax [11] activation is
recorded as follows:

� 敘 �
� � �� 敘

�
�

� �� ��� ���

� �
���

� (1)

where yi is the tag of the ith input, i ∈ [0, K), and K is the
number of categories, fj is the jth element of the class output
vector f of the final full connection layer, j ∈ [0, N), and N
is the number of training samples. Since f is the output of
the activation function of the fully connected layer, when
the ith input of the fully connected layer is Xi and the ith
weight is W��, ��� can be expressed as follows:

��� 敘 ���
� �� 敘 ��� �� cos ��� (2)

The final loss function can be expressed as follows:

�� 敘� ��� �
��� �� cos ���

� �
��� �� cos ����

(3)

where 0 ≤ �� � � . Softmax is widely used in classification
tasks based on deep convolution neural network. However,
this form of learn has no difference for each category, so it
may not effectively learn the features that are more
com-pact within the class and more discrete between classes.
Taking binary classification [12] as an example, the final
output of the network is the probability of category 1 and
category 2. If the category of input data belongs to category
1, the purpose of softmax activation function is to make the
probability of output category 1 greater, even if f1 > f2, that
is ��

��  ��
�� , the above inequality is expressed as

follows:

�� � cos �� � �� � cos �� (4)

The correct classification result of X is obtained.

Therefore, we can get the categories of indoor scene
images.
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3. RESULTANDANALYSIS ON INDOOR
SCENE RECOGNITION

3.1 Data setting
The database of indoor scene used in this experiment is
indoorcvpr_09 database, which includes 67 indoor
categories, a total of 15620 images. And different kinds of
scene categories have different number of images. Each
category has more than 100 images, and all of the images
are only in JPG format.

In the experiment, a 3:7 ratio of test samples is selected for
the simulation test, that is, 70% of the images in the sample
library are used to train, and the left 30% of the images are
used to test.

3.2 Simulations and analysis
This section will analyze and discuss the influence of
parameters on the performance of indoor scene recognition
algorithm which is on account of deep learning. In addition,
the recognition effect of this algorithm and Multi-resolution
classical neural network on this database will be compared
to verify the effectiveness of the algorithm.

A. The influence of learning rate
For deep learning, learning rate is an important parameter
which will affect the speed of adjusting neural network
weights on the basis of loss gradient. As shown in (5), the
decline speed of loss gradient will be slower and the
convergence time will be longer when the learning rate get
smaller:

New_weight = Current_weight–Learning_rate*gradient (5)

However, if the learning rate is too small, the gradient
descent will be too slow to work efficiently. And if the
learning rate is too large, the gradient descent step may
cross the optimal value.

In this section, we will discuss the influence of learning rate
[13] on the recognition of indoor scene. Therefore, we
design a control variable experiment. Each experiment only
changes the size of learning rate while keeping other
training parameters unchanged. We will get the indoor
scene recognition rate and training time with learning rate
changes as shown in Table 1 based on indoorcvpr_09
database original image samples.

The experimental results show that the modeling time
increases as the learning rate increase, and the recognition
rate reaches the highest when the learning rate is 0.0001.

This shows that during the course of training, choosing the
appropriate learning rate in the googlenet neural network
can improve the recognition rate of the classifier and reduce
the test time. In view of the influence of learning rate on
test time and recognition rate, the optimal value of learning
rate is 0.0001, which can effectively reduce the test time
and obtain good recognition effect.

Table 1. Indoor scene recognition rate when changing the
learning rate.

Learning rate Recognition rate/% Training time/min

0.1 63.4 11.3
0.01 72.3 13.2
0.001 81.1 17.6
0.0001 92.8 19.3
0.00001 79.4 23.1

B. Comparison and analysis
For purpose of verifying the accuracy of indoor scene
recognition, we use the Multi-resolution CNNs [14] and
Googlenet neural network for comparative experiments.

In the first group of experiments, Googlenet is used, and
100 images are selected as test pattern in the database, and
the rest are used as training pattern; in the second group of
experiments, Multi-resolution CNNs is used, using the same
training pattern and test pattern. The indoor scene
recognition results are shown in Table 2.

Table 2. Recognition effect of two methods with the same
learning rate.

Model Recognition rate/% Training time/min

Googlenet 92.8 19.3

Multi-resolution

CNNS
83.1 27.9

The results show that the accuracy rate of indoor scene
recognition based on Googlenet is 92.8%. Compared with
the Multi-resolution CNNs, the recognition rate is improved
by 9.7% by using Googlenet.

The recognition rate and error classification of various
scenes in the two groups are shown in the confusion matrix
in Table 3 and 4.

Table 3. Confusion matrix of recognition results by using
Googlenet.

bakery bathroom classroom office restaurant

bakery 18 0 0 0 1

bathroom 0 19 1 1 0

classroom 0 0 14 0 0

office 0 0 3 13 0

restaurant 2 1 2 6 19
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Table 4. Confusion matrix of recognition results by using
Multi-resolution CNNS.

bakery bathroom classroom office restaurant

bakery 18 1 0 0 1

bathroom 0 19 1 0 0

classroom 0 0 16 0 0

office 0 0 2 20 0

restaurant 2 0 1 0 19

The experimental results show that the proposed algorithm
can effectively identify the above five indoor scenes, and
has the characteristics of shorter training time, shorter test
time and higher recognition rate compared with the
traditional algorithm.

3.3 The visual design
Compared with the expression of language, graphics can be
abstracted into concrete, which is easier to be accepted by
the public, which is beneficial to the development of
human-robot interaction.

Therefore, the visual design of indoor scene recognition
system with Matlab GUI tools can make the indoor scene
recognition system more intuitive, specific and convenient.
The indoor scene recognition system has three simple
functions: selecting pictures, testing pictures and displaying
results. Its interface is shown in Fig.3.

Fig.3. The interface of indoor scene recognition system.

Table 5. Confusion matrix of recognition results of indoor
scene recognition system.

bakery bathroom classroom office restaurant

bakery 10 0 0 0 1

bathroom 0 10 0 0 0

classroom 0 0 8 1 0

office 0 0 1 9 0

restaurant 0 0 1 0 9

The experimental confusion matrix shown in Table 5
indicates that the indoor scene recognition system obtains
applicable performance.

4. CONCLUSION

The proposed method of feature extraction based on sparse
representation algorithm put forward in this paper can
effectively eliminate the interference of indoor objects and
extract indoor scene features accurately. We establish a
feature recognition model of Googlenet indoor scene using
three sparse networks, and auxiliary classifier to extract
middle layer features, and optimize the final classifier
model. Therefore, the training and testing time of the
algorithm are shorter and the recognition rate is higher. In
addition, according to the proposed indoor scene
recognition algorithm, the visual design of indoor scene
recognition system is carried out by using Matlab GUI tool,
which makes the indoor system too easy to understand and
convenient.
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Abstract

Laser propulsion is expected as the next generation
propulsion mechanism. Especially, metal-free water
cannon realized propulsion without metallic target. In this
paper, we developed numerical simulation code
implementing C-CUP method to simulate laser induced
bubble and metal-free water cannon. We succeeded in
reproducing qualitative behavior of spouting water in
3-dimensional space when the metal-free water cannon is
irradiated by laser. Furthermore, calculated results about
time development of displacement of the metal-free water
cannon are qualitatively agreed with experimental results.
We simulated the behavior of the laser-induced bubble
and realized simulating that the bubble inhales the water
once spouted out and the target moves backward due to
the pressure difference generated by the bubble expansion
and collapsing and inhaling reaction. Furthermore, we
realized simulating that the laser-induced bubble repeats
this expansion and collapsing and the target moves
forward while vibrating back and forth.

Keywords: Laser propulsion, laser induced bubble,
C-CUP method, computational fluid dynamics, ns-pulse
laser

1. INTRODUCTION

Laser propulsion is expected as the next generation of
20propulsion mechanism. The main feature of laser
propulsion is that it does not require energy source on the
target and energy can be supplied from outside to realize
propulsion.

The basic concept of laser propulsion is proposed by
Kantrowitz in 1972 [1]. Although the initial concept is
proposed in 1972, authentic researches about it started in
the end of 20th century. The first experiment of launching
a target by CO2 laser is realized in 1997 by the team of
Myrabo [2]-[4].

In the 21st century, several methods of laser propulsion
were proposed. Almost all of these researches realized
propulsion getting reaction force from ablation of sine

solid materials or breakdown in the air. However,
considering the cannon ball theory which is studied for
nuclear fusion[5]-[8], Phippse et al. realized getting
several hundred of coupling coefficient using transparent
materials to get larger reaction force [9].

Furthermore, we realized getting larger coupling coeffi-
cient of several thousand using water as transparent
material and Nd:YAG laser as energy source [10]-[16].

Especially, we proposed the metal-free water cannon
which does not require metallic target of laser ablation.
The basic concept of the metal-free water cannon is
shown in Fig. 1. The irradiated laser is focused into acryl
pipe filled with water and the breakdown occurs inside
the water. The breakdown generates a bubble of high
density and high pressure and the bubble push the water
out. The target is moved by the reaction of the spouting
water. In the previous study, we realized several thousand
of coupling coefficient using this metal-free water cannon
[17].

Although the laser induced bubble inside water is studied
these days [18][19], their target is thin water layer and
they are experimental studies and the bubble behavior is
not explained theoretically. It is very hard to perform
theoretical study about these kinds of system because
they have both compressible fluid of water and
incompressible fluid of the laser induced buttle whose
numerical solvers are usually completely different.

Furthermore, we observed the curious behavior of the
metal-free water cannon using high-speed camera.

Therefore, in this study, we introduce the curious
behavior of the metal-free water cannon at first and we
discuss how the curious behavior was realized by
considering results of our numerical simulation.

2. CURIOUS BEHAVIOR OFTHE
METAL-FREEWATER CANNON

We put the metal-free water cannon whose diameter is
6mm and length is 14mm shown in Fig. 1 on a
pendulum. The target is an acryl pipe filled with water

The 13th Japan-China International Workshop on Information Technology & Control Applications (ITCA2020)
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with lens on the right side. We irradiate laser from lens
side and the laser is focused in the water by the lens. A
bubble is generated at the focal point and part of water is
spouted out leftward. Therefore, as a reaction of spouted
water, the target moves rightward.

We used the Q-switched Nd:YAG Laser of 5ns and
300mJ (Continum, Surelite SL-I 10). The laser power
was measured by thermopile power meter (OPHIR Optris
LTD’s 30A) with display of AN/2.

The behavior of the target was measured by the
high-speed camera (Phantom V4.0 by Vision Research).
We took the pictures of the target with a frame rate of
7000 fps.

We changed the distance d which is distance between the
water surface and the focal point inside the metal-free
water cannon by changing the lens put on the target.

The time development of displacement of the targets
observed by the high-speed camera are shown in Fig. 2.
In cases of d > 0, the target shows a curious behavior. It
moves forward at first, and then moves backward once,
and then moves forward again. Furthermore, the
backward displacement is larger when d is larger. The
displacement of each target at time of 2.0 milliseconds
are shown in Fig. 3.

Although we realized getting several thousand of
coupling coefficient in the previous study, the curious
behavior of the backward motion of the metal-free water
cannon must be clarified. Therefore, we developed
numerical simulation code to simulate the behavior of the
metal-free water cannon.

3. CALCULATIONMODELAND
CALCULATED RESULTS

3.1 Governing equation
Although the laser-induced bubble is compressible fluid,
the water in the metal-free water cannon is
incompressible fluid. It is difficult to solve problems of
fluid dynamics of such system because the difference of
sound speed of compressible fluid and incompressible
fluid is huge.

In this study, we used CIP method [20] and C-CUP
method [21] which is universal solver for compressible
and incompressible fluid. The government equations are
below.

are density, time, velocity, pressure,
dynamic viscosity, surface tension and specific heat ratio
respectively.

Fig. 1 Basic concept of the metal-free water cannon.

Fig. 2 Experimental results of displacement of the
metal-free water cannon.

Fig. 3 Experimental results of displacement of the
metal-free water cannon at time 2.0 ms.

3.2 Calculation geometry and parameters
We performed three-dimensional numerical simulation.
The calculated geometry is shown in Fig. 4. We put an
acryl pipe filled with water in the space of 30 x 10 x 10
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mm. The acryl pipe of the outer diameter is 8mm and
inner diameter is 6mm and length is 14mm. We put a
bubble of diameter of 0.8mm inside water as initial state
of the laser induced bubble. The distance from outlet of
the acryl pipe to center of the bubble was parameter
which is described as variable d .

The coordinate of the calculation geometry is Cartesian
coordinate and calculation mesh is 0.2 x 0.2 x 0.2 mm of
structured grid.

The number of the grids is 150 x 50 x 50. We used the
staggered mesh to stabilize solution of pressure p and
velocity u.

The boundary condition of the all boundaries was free
boundary. The time step was controlled automatically
considering stability of the advection term and the
viscosity term.

The physical parameters used in our calculation are
shown in Table 1.

Table 1 Physical properties used in the calculation
Pressure (water, air) [atm] 1.0

Pressure (bubble) [atm] 20.0
Density (water) [kg/m3] 1.0 103
Density (air) [kg/m3] 1.204

Density (bubble) [kg/m3] 15.625
Dynamic viscosity
(water) [m2/s]

1.004 10-6

Dynamic viscosity
(air, bubble) [m2/s]

15.12 10-6

Specific heat ratio
(air, bubble)

1.4

Specific heat ratio (water) 2.0 104

Fig. 4 Calculation geometry

3.3 Calculated results
Comparison between experimental results and simulation
results is shown in Fig. 5 in three-dimensional space.

The state of the water ejection is qualitatively consistent
with the calculation and the experimental results.
Furthermore, the babble behavior of moving toward
leftward is also consistent with the calculation and the
experimental results. Therefore, this calculation model is
reasonably valid at least qualitatively.

4. DISCUSSION

4.1 Displacement of the calculated results.
It is necessary to calculate the displacement of the target
for comparison between experimental results shown in
Fig. 2 and Fig. 3.

Because the position of the target is fixed in the
calculation, it’s necessary to consider acceleration to
calculate the displacement of the target. The driving force
of the target is pushing force on the lens of right side.
Therefore, the acceleration of the target is calculated as
below.

are acceleration, pressure on the lens of
right side, atmospheric pressure, area of each cell of y-z
plane and total mass of the target respectively.

Using this acceleration , we can calculate the
displacement of the target as below.

4.2 Time development of the displacement of the
targets
The calculated time development of displacement of the
metal-free water canon with each are shown in Fig. 6.
Because it was not possible to calculate stably in the case
of d=0, the results of d=1 are shown instead.

Comparing the calculated results shown in Fig. 6 and the
experimental results shown in Fig. 2, they are
qualitatively comparable. When the bubble position is
small, although the displacement in the short time is
small, it increases almost monotonically. On the other
hand, when the bubble position is large, it moves
much larger distance in short time but it moves backward
immediately and the final displacement is smaller than
the case of smaller .

4.3 The final displacement of the targets
The calculated results about the displacement of the
target at time of 1.5ms when d is varied from 1 to 7 mm
are shown in Fig. 7.
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(A) (B)
Fig. 5 Comparison between the experimental result and the numerical simulation in case of d = 7.2 mm (A): Pictures
taken by high-speed camera (B): Results of the numerical simulation. Iso surface shows the boundary of water and air.
Cross section shows contour of material ID on y=0 plane.
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Fig. 6 The simulation results of the displacement of the
target.

Fig. 7 The simulation results of the displacement at time
1.5 ms when d is varied from 1 to 7 mm.

Comparing the experimental results shown in Fig. 3 and
the calculated results shown in Fig. 7, there is a
qualitative agreement that the amount of the displacement
decreases as d increases. Furthermore, it was found that
there is a maximum displacement of d which is uncertain
by the experiments.

4.4 The Bubble behavior and the reverse propulsion.
The contour of pressure and material ID on the cross
section of y = 0 in case of d = 7.2 mm are shown in Fig.
8.

At first, due to the expansion of the bubble, the pressure
on the right-side wall increases and it becomes higher
than the atmospheric pressure (Fig. 8 (b)). Due to the

pressure difference, the target moves forward (rightward).

And then, as the bubble expands, it loses its pressure and
eventually begins to contract. Due to the collapsing of the
bubble, the pressure on the bottom decreases and it
becomes lower than the atmospheric pressure (Fig.
8(c)). Furthermore, the collapsing bubble inhales water
which is once spouted out to the left. Due to the pressure
difference and the reaction of the inhaling water, the
target moves backward (leftward). Furthermore, due to
the inhaling jet, the pressure on the right-side wall
recovers and it becomes higher than the atmospheric
pressure again (Fig. 8 (d)). Therefore, it moves forward
(rightward) again. The laser-induced bubble repeats this
expansion and collapsing and the target moves forward
while vibrating back and forth.

As described above, we clarified the curious behavior of
the metal-free water canon shown in Fig. 2.

5. CONCLUSION

We developed numerical simulation code to simulate the
behavior of the laser-induced bubble and the metal free
water cannon. We used CIP method and C-CUP method
to realize universal solver for the system in which
compressible fluid of the laser-induced bubble and
incompressible fluid of water coexisted.

We succeeded in reproducing qualitative behavior of the
spouting water and the movement of the laser-induced
bubble when the metal-free water cannon is irradiated by
laser by 3-dimensional numerical simulations.
Furthermore, the calculated time development of the
displacement of the metal-free water cannon are
qualitatively agreed with the experimental results.

From our numerical simulations, we could explain the
curious behavior of the metal-free water cannon which is
observed by high-speed camera. If the laser-induced
bubble is generated inside water, it expands and spouts
out water and push the target forward once, and then the
bubble collapse with inhaling water which is once
spouted out and pull the target backward. The
laser-induced bubble repeats this expansion and
collapsing and the target moves forward while vibrating
back and forth.
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Abstract 

Although the sunlight is promising renewable energy, it is 

incoherent light and difficult to use directly. Therefore, a 

solar-pumped laser, which directly converts sunlight into 

coherent light of laser, is promising technology. The 

solar-pumped laser collects sunlight into the laser 

medium to realize laser oscillation. In order to realize 

the efficient solar-pumped laser system, it is necessary 

to design a pumping cavity which absorbs more 

sunlight power into the laser medium with less thermal 

shock. In this research, the effective pumping cavity 

shape was studied using numerical simulation of ray 

tracing. As a result, it was found that the cone 

shaped pumping cavity can be expected to improve 

the absorption rate by about 30 % compared to the 

cylindrical shaped pumping cavity. Furthermore, the 

absorption power density distribution can be flattened by 

the vase shaped pumping cavity with same absorption 

efficiency. The vase shaped pumping cavity has almost 

half dispersion of the absorbed power density in the laser 

medium compared with cone shaped pumping cavity. 

Keywords: Solar concentrator, Pumping cavity, 

Renewable energy, Sustainable engineering, 

Numerical simulation 

1. INTRODUCTION

Development of renewable energy is essential for the 

realization of a sustainable society. Above all, the 

effective recycling of the energy of the sunlight that falls 

the earth inexhaustibly is very important. However, 

sunlight is incoherent light and difficult to use 

directly. Therefore, conversion system which converts 

sunlight into usable energy form is necessary. 

The first solar-pumped laser was realized in 1965 that 

converts sunlight into laser light that is coherent and easy 

to use [1]. Solar-pumped lasers use solar energy as the 

energy source of laser pumping. Therefore, it is important 

to focus sunlight efficiently into a laser medium. However, 

since 1965, although various studies have been carried out, 

there has been no significant improvement in efficiency 

[2][3]. 

However, several researches of solar-pumped laser are 

performed these days because several applications of 

solar-pumped laser are proposed [4][5]. Solar-pumped 

laser system with fiber medium was proposed to reduce 

heat load of laser medium [6][7], and high efficiency of 

solar-pumped laser system of 31.5 W/m2 was proposed [8]. 

However, their output power was less than 50W.  

On the other hand, we developed several solar-pumped 

laser systems by using a Fresnel lens for the primary 

focusing system of sunlight, the output power and the 

conversion efficiency of the solar-pumped laser had been 

improved [9][10] and finally we realized output of 120 W 

and are efficiency of 20 W/m2 [11]. Furthermore, we 

developed new pumping cavity with compound parabolic 

mirror in the previous study [12]. However, since a huge 

Fresnel lens of 4 m2 was used for the system, it is difficult 

to manufacture the entire system. Furthermore, there was 

a problem that the sunlight transmittance of the Fresnel 

lens was as low as only 42 % [13].  

We completely newly designed and manufactured a solar-

pumped laser system using a small 850 mm x 850 mm 

Fresnel lens that is commercially available. 2.43W of laser 

output was realized by using this system [14]. In this 

system, the sunlight is focused into a pumping cavity by a 

Fresnel lens of primary concentrator. In the pumping 

cavity, the focused sunlight reflects inside the pumping 

cavity and it is absorbed into the laser medium which is 

put inside the pumping cavity. 

In this research, we focused on the shape of the pumping 

cavity, and tried designing better pumping cavity 

considering absorption ratio of sunlight into the laser 

medium and its distribution. 
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2. SYSTEMS OF SOLAR-PUMPED LASER

The schematic figure of the solar-pumped laser system 

used in this study is shown in Fig.  1. The sunlight is 

focused using a Fresnel lens as the primary focusing 

system, and the focused light is irradiated into the 

pumping cavity through the glass window. The focal 

position of the Fresnel lens is designed to be inside the 

pumping cavity. A highly reflective film with visible light 

reflectance of 95% or more is attached inside the pumping 

cavity. In addition, the pumping cavity is filled with 

cooling water to cool a laser medium which is held inside 

it. The cooling water is circulated by a chiller. The 

irradiated solar light into the pumping cavity is re-focused 

into the laser medium by the reflective film inside the 

pumping cavity. A Nd:YAG crystal is used as the laser 

medium. The size is Φ 6.0 mm x 50 mm. It is difficult to 

install the high reflection mirror of laser resonator on the 

incident side of the focused sunlight due to its structure. 

Therefore, the end face of the laser medium on the 

incident side of the sunlight is HR (High Reflection) 

coated for the oscillation wavelength of 1064 nm. AR 

(Anti Reflection) coating is applied on the opposite side. 

Laser oscillation is realized by adjusting the output mirror 

provided outside the AR coat side.

Although the several laser medium for solar-pumped laser 

such as Ce/Cr/Nd:YAG, Cr/Nd:YAG ceramics are 

developed [15][16], we used Nd:YAG crystal as the laser 

medium because of the availability and reliability.

Furthermore, the entire system is developed on a sun 

tracking system to face the Fresnel lens to the sun. 

In this study, we focused on the pumping cavity among 

these components and investigated the new shape using 

numerical simulation. 

3. NUMERICAL SIMULATION OF
PUMPING CAVITY 

The sunlight condensed by the Fresnel lens is repeatedly 

reflected by the mirror inside the pumping cavity to be 

absorbed into the laser medium or emitted outside the 

pumping cavity. Therefore, we developed the designing 

simulation code based on ray tracing that simulates 

refraction of each materials and repeated reflection in the 

pumping cavity. Reflection and refraction of each ray and 

absorbed power inside the laser medium are calculated 

using following equations. 

𝒆𝒓𝒆𝒇𝒍𝒆𝒄𝒕 = 𝒆𝒊 − 𝟐𝒏(𝒏 ⋅ 𝒆𝒊)

𝒆𝒓𝒆𝒇𝒓𝒂𝒄𝒕 = 𝒏𝟏/𝒏𝟐  (𝒆𝒊 − 𝒏(𝒏 ⋅ 𝒆𝒊 ))

+ √𝟏 − (𝒏𝟏/𝒏𝟐)
𝟐(𝟏 − (𝒏 ⋅ 𝒆𝒊)

𝟐)

𝑷𝒂𝒃𝒐𝒔𝒓𝒐𝒃 = 𝑷𝒊𝒏(𝟏 − 𝐞𝐱𝐩(𝜶𝑳))

𝒆𝒓𝒆𝒇𝒍𝒆𝒄𝒕, 𝒆𝒊, 𝒏, 𝒆𝒓𝒆𝒇𝒓𝒂𝒄𝒕, 𝑛1, 𝑛2, 𝑃𝑎𝑏𝑜𝑠𝑟𝑜𝑏 , 𝑃𝑖𝑛 , 𝛼, 𝐿  are 

direction of the reflected ray, direction of the incident ray, 

normal vector of a surface of each material, direction of 

the refracted ray, refractive index of the input side, 

refractive index of the transmit side, absorbed power, 

absorption coefficient of the laser medium, ray 

transmission distance inside the laser medium. All the 

vectors are normalized. 

We compared three shapes of pumping cavities and the 

schematic figures of each pumping cavity are shown in Fig. 

2. Fig.  2 of A) shows the cylindrical shaped pumping

cavity, B) shows the cone shaped pumping cavity and C)

shows the vase shaped pumping cavity. All the cavities are

rotational axis symmetrical shape. The left side of the

figures are Fresnel lens side and the glass window and the

laser medium are not shown in the figures. The surfaces

indicated by the bold lines are the surface of high reflection

films. The length of each pumping cavity was the same

length of 50 mm because the target laser medium of length

is 50 mm.

In this study, we varied diameter of the inner cylindrical

volume of the cylindrical shaped pumping cavity from 10

to 100mm. Furthermore, we varied diameter of the input

side of the cone shaped pumping cavity.

The divergence angle of each ray of the sunlight is

randomly determined between 0 mrad and 4.6 mrad in

radial direction. The spectrum of the incident sunlight is

calculated at every 10 nm between 390 nm and 900 nm

considering the solar spectrum. The rays from the Fresnel

lens is calculated every 100 mm in the radial direction.

Under the calculation condition described above, we

calculated absorbed power into the laser medium,

absorption ratio and absorption distribution inside the laser

medium.

4. SIMULATION RESULTS AND

DISCUSSINOS 

4.1 Improvement of Absorption Efficiency by Cone 

Shaped Pumping Cavity 

Fig.  1 Schematic figure of our solar-pumped laser 

system. 
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At first, we compared cylindrical shaped pumping cavity 

and cone shaped pumping cavity which are shown in Fig. 

2 of A and B respectively. We changed the entrance 

aperture diameters of the cylindrical shaped pumping 

cavity and the cone shaped pumping cavity in the range of 

10 to 100 mm. We calculated the absorption power and the 

absorption ratio. The absorption ratio is defined as 

absorbed power divided by the input power which passed 

through its entrance. The results of the cylindrical shaped 

pumping cavity are shown in Fig.  3 and those of the cone 

shaped pumping cavity are shown in Fig.  4. 

Comparing Fig.  3 and Fig.  4., the cone shaped pumping 

cavity has higher absorption ratio and absorption power 

than the cylindrical shaped pumping cavity. Furthermore, 

in the cone shaped pumping cavity, both the absorption 

ratio and the absorption power were maximum when the 

entrance diameter was 50 mm. Therefore, the cone shaped 

pumping cavity is better than the cylindrical shaped 

pumping cavity.  

However, the absorption ratio of the cone shaped pumping 

cavity decreases as the entrance aperture size increases. 

This is because the sunlight that once entered into the 

pumping cavity goes out through the enlarged entrance. 

4.2 Confining Pumping Light and Flattening 

Absorption Power Density Distribution by Vase 

Shaped Pumping Cavity 

Based on the discussion in 4.1, we designed vase shaped 

pumping cavity which is shown in Fig.  2 of C, to confine 

the sunlight that once entered into the pumping cavity.

Table 1 shows a comparison of absorption power and 

absorption ratio of the cone shaped pumping cavity whose 

entrance diameter is 50 mm and vase shaped pumping 

cavity. There is no great difference in absorption power 

and absorption ratio between cone shaped pumping cavity 

and the vase shaped pumping cavity. 

Furthermore, the calculated absorbed power distribution 

inside the laser medium of each pumping cavity is shown 

in Fig.  5. The vase shaped pumping cavity has a smaller 

peak of the absorption power density distribution as the 

cone shaped pumping cavity. However, the peak height 

of the vase shaped pumping cavity is smaller than that of 

cone shaped pumping cavity. This means that the vase 

shaped pumping cavity has less thermal shock of laser 

medium than the cone shaped pumping cavity.

To evaluate flatness of the absorption density distribution, 

comparison of each dispersion is shown in Table  2. 

The vase shaped pumping cavity has only half of the 

dispersion of the absorbed power density distribution 

in the laser medium compared with the cone shaped 

pumping cavity. From these results, it was found that 

the vase shaped pumping cavity has less damage to the 

laser medium and is suitable as a pumping cavity for the 

solar-pumped laser system. 

Fig.  3 Calculated absorption power and absorption 

ratio of cylindrical shaped pumping cavity when 

changing the entrance size. 

Fig.  4 Calculated absorption power and absorption 

ratio of cone shaped pumping cavity when changing the 

entrance size. 

Fig.  2 The schematic figure of each pumping cavity. 

A):  Cylindrical shaped pumping cavity. B): Cone 

shaped pumping cavity. C): Vase shaped pumping 

cavity. 
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Table  1 Comparison of absorption power and absorption 

ratio of cone shaped pumping cavity and vase shaped 

pumping cavity. 

Shape of 

pumping cavity 

absorption power [W] absorption ratio [%] 

Cone 171.5 51 % 

Vase 174.2 52 % 

Fig.  5 Calculated absorbed power distribution in 

the laser medium. 

Table  2 Dispersion of the absorbed power density of 

each pumping cavity. 

Shape of pumping cavity Dispersion 

Cone 0.00405 

Vase 0.00198 

5. CONCLUSION

The numerical simulations for comparing shapes of the 

pumping cavity for solar-pumped laser system in this study 

have revealed the following. 

⚫ Comparing the cylindrical shaped pumping cavity

and the cone shaped pumping cavity, it was found

that the cone shaped pumping cavity is superior in

absorption power and absorption ratio into the laser

medium.

⚫ Comparing the cone shaped pumping cavity and vase

shaped pumping cavity, although the absorption ratio

is almost the same, the vase shaped pumping cavity

has more flat absorption power density distribution

and less thermal damage to the laser medium. The

vase shaped pumping cavity has almost half

dispersion of the absorbed power density in the laser

medium compared with cone shaped pumping cavity.

In the future, we will actually create a pumping cavity 

and perform experiment to verify these calculated 

results. 
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Abstract

Based on mobile robot path planning and depth of
intensive study, designed the dynamic obstacle avoidance
algorithm under complex environment, mobile robot
through callback information for robot shooting
environment information, network through pretreatment
of image feature dimension reduction, improve the
efficiency, the processed image by D3QN network
parameter training information, will change the behavior
of the output information to mobile robot of angular
velocity, linear velocity. Through the reward and
punishment mechanism and the maximization algorithm,
the mobile robot can follow the optimal trajectory.
Aiming at the multi-robot motion model, a multi-robot
cooperative operation cloud network is designed, and a
local depth Q network and a global network are designed.
A single robot obtains the action information through its
local depth Q network training parameters. Robots
communicate with each other through the global network
to realize information interaction and obstacle avoidance
with other robots..

Keywords: Multi-robot network; intelligent robot; deep
reinforcement learning; optimization algorithm

1. INTRODUCTION
Now, mobile robots are playing an increasingly important
role in our lives. In the design module of mobile robots,
path planning technology is one of the core contents of
intelligent mobile robots. Path planning of mobile robot
refers to giving a reasonable objective function in the
search area and planning the optimal solution of the path
from beginning to end, so that the robot can quickly and
flexibly avoid all obstacles in the search environment
without colliding with them. Reasonable path planning
algorithm can make the intelligent robot perform better.
For global path planning, currently mature algorithms
include dynamic A* algorithm, Petri net algorithm, fuzzy
rules based on data fusion, neural network algorithm,
artificial potential field method, computational geometry
method and genetic algorithm. In the aspect of local path
planning, the current mature algorithms include artificial

potential field, fuzzy logic, simulated annealing and other
intelligent optimization algorithms, as well as genetic
algorithm, ant colony algorithm, artificial neural network
and other bionic optimization algorithms. Although these
algorithms achieve good results in the past, but there can't
solve the dynamic obstacle avoidance, easily plunged into
local optimum, and synergy model for multiple robots,
lack of good effect, and in the unmanned s is getting
closer and closer to us, only able to handle multiple
intelligence algorithm can meet the needs of today.

Reinforcement learning is a kind of learning algorithm
between supervised learning and unsupervised learning.
In the environment, robots that move autonomously do
not know the state they are in, and can only learn through
exploration and evaluation. The higher the evaluation
value, the better the action in the current situation.
Otherwise, this action is not what people expect.

Deep reinforcement learning is the product of the
combination of deep neural network and reinforcement
learning. Solve the problem that reinforcement learning is
difficult to deal with complex states. ching-chi Tsai [1]
studied how to input depth image into DQN algorithm
and transfer the learned navigation strategy to unknown
environment based on inheritance features. Qi [2]
propose to join the storage pool mechanism, adding the
trial and error samples to the storage pool to give priority
to training.

In this paper, I designed an optimized depth Q network
based on random sampling to guide robots to take actions
in complex environments. The global communication
network is designed to realize the cooperative motion and
information interaction before the robot. The results show
that the computational efficiency can be effectively
improved and the problem of dynamic obstacle avoidance
can be solved.

2. INDOOR POSITIONING BASED ON
GLSAND ELS

Reinforcement learning representation response is a
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mapping relationship between the state and behavior of
the agent. The agent first perceiving the external
environment, then making decisions and selecting actions,
and continuously updating the decisions according to the
new states and rewards returned by the actions to optimize
the decisions, as shown in Fig. 1.

Fig.1. Agent-Environment interaction

The agent first selects the behavior A1 under the current
states, and then the environment will return a return value
R and a new state S1. The agent will select behavior A2 in
the new state S1, and then the agent will reach a new state
S2. Agents learn from the behavior of interacting with the
environment and the mechanism of maximizing the return
value, and finally get a model of intelligent
decision-making.

The navigation of the robot is actually the task of
interacting with the environment, in which we can design
the controller according to a series of actions, observations
and reward values. So it is natural to integrate
reinforcement learning into robot path planning，In each
step of time, the robot selects an action A={1... ,K}, the
action command is passed to the robot and interacts with
the environment. Generally speaking, the environment
may change at any time, so the navigation based on
reinforcement learning can be used for obstacle avoidance
in dynamic environment. The controller does not need to
understand information about the environment; Instead, it
observes an image x from the environment, which is a
vector representing the original pixels of the current
camera. In addition, it receives a reward r, which
represents the change in the evaluation score. In addition,
generally speaking, the score of the evaluation may
depend on the whole previous action and observation;
Feedback on an action may only be received after
thousands of circular steps.

Since the robot only observes the image of the current
camera, it can only observe the state and tasks of some
robots, that is to say, it is impossible to fully understand
the current state from the current camera x. Therefore, we
consider a series of actions and observations of st=x1, a1

x2..., at, xt, and learn evaluation strategies that depend on
these sequences. All of these sequences in the controller
are assumed to terminate in a finite loop step, which is a
large-scale but finite markov decision process (MDP)[3],
where each sequence is a different state. Suppose we have
a robot in the state of, and it has a variety of action choices
to reach the termination state of,, but the benefits of
executing each action are not the same. At this point, we
need to make an algorithm to help the robot choose the
action sequence, so as to ensure the highest profit when
reaching the terminating state st, which requires the
markov decision process.

Markov property is a concept in probability theory. When
a random process is given the present state and all the past
states, the conditional probability distribution of its future
state only depends on the current state. In other words,
given the present state, it is conditionally independent of
the past state (that is, the historical path of the process), so
the random process has markov properties. A process with
markov properties is often called a markov process. State
following markov means that the future state has nothing
to do with the past state but only with the present state, i.e.

]S,...,S|P[S=S|P[S 1t1+tt1+t (1)
where P - one state transition matrix. Markov decision
process is composed of five key elements {S, A, P, R, γ},
where S represents the finite state set, A represents the
finite action set, P is the state transition probability matrix,
R is the reward function, and y represents the conversion
factor γ in [0,1] .Among them[3].

a]=As,=S|s'=P[S=P tt1+t
a
ss' (2)

Robot's goal is in the process of interaction with the
environment, through the choice of action to maximize
future reward value. We make a standard assumption that
future rewards will be discounted by the factor γ of
each time step, and define future discounted returns at
time T, which is the time step of game termination. We
make a standard assumption that future rewards will be
discounted by the factor γ of each time step, and define
future discounted returns at time T, which is the time step
of game termination. The key problem of markov decision
process is to find a strategy )(s : select actions in states
to form a function of actions. Our goal is to choose an
action function two that maximizes the cumulative benefit
R(T).

)s,(sR=R(T) 1+tta
T

1t
t

t 
 (3)

Meanwhile, in order to evaluate the advantages and
disadvantages of taking actions, the behavior value
function Qπ(s, a) is defined, which refers to the expected
return obtained by taking actions according to strategy π

after taking actions starting from state s and taking actions
a.
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a]=As,=S|[R(T)E=a) (s,Q tt (4)

Therefore, the value function from time t to t + 1 can be
defined in this way.

a)(s,Qmax=a)(s,Q
a*  (5)

By collating the above formula, an optimal value function
will be defined as follows

)(s'vP \+R=a)(s,Q a
ss'

a
s*  (6)

where vπ(s') is an optimal value function.

Thus, the relationship between the optimal behavior value
function at time t and time t+1 can be obtained

)a',(s'Qmax P+R=a)(s,Q a
ss'

a
s*  (7)

3. PATH PLANNING MODELING

This article is based on the Q - learning algorithm, the
depth camera sensors to obtain the depth of the image as a
state of the robot, this algorithm determines the behavior
of the robot by controlling the angular velocity and the
linear velocity of the robot. Seven behavior pools of the
robot are formed by setting different angular velocity and
the linear velocity.

Fig. 2. The network structures.

Between the state and behavior of robot to interact
through deep neural network, the network structure as
shown in Fig.2, the parameters of the network as shown in
table 1, the depth of the robot camera image after image
preprocessing form 128 x 169 gray image, after the first
layer of convolution kernel feature extraction into 32
pieces of 16 x 20 images, after the second and third layer
output for 64 pieces of 8 x 10 images, smooth processing
after a form value function connection layer, an act for the
value function all connection layer, output behavior after
through calculation of the mean square error.

Table 1 Convolution layer parameters

name Size Input Output Stride Padding
conv1D 10*14 4 32 8 Same

conv2D 4*4 32 64 2 Same
conv3D 3*3 64 64 2 Same

For an environment with a finite number of states and a
finite number of behaviors, it is possible to use the q-table

method to find the optimal Q value one by one, but
considering an environment with many states and multiple
behaviors in each state, it would take a lot of time to
traverse all the behaviors in each state. A better approach
is to approximate the Q function, Q(s,a; θ ) ≈ Q*(s,a),
where a neural network weighted with theta is used to
approximate the Q values for all possible behaviors in
each state. Since the neural network is used to
approximate Q function, it is called Q network. We adopt
the new update rule:

a))Q(s,-)a',Q(s'max +a(r+a)Q(s,=a)Q(s, 
(8)

where, r+γmaxQ(s',a') is the target value; Q(s,a) is the
predictive value, the goal being to minimize Q(s,a) by
learning a correct strategy.

2
i ))a;Q(s,-(y=Loss  (9)

);a',Q(s'max+r=y a'i  (10)

The neural network model is shown in Fig. 3.

Fig. 3. The DQN structure diagram.

The neural network is used as function approximator to
approximate the Q function, and the error is minimized by
gradient descent.

It is clear to noticed that the parameters of the target Q are
θ’ rather than θ. The goal is to make the target network lag
behind the actual network, and there is a difference of 500
step weight update times between the target network and
the actual network.

In order to save the information obtained from interaction,
this paper designs an experience playback pool, which
stores key value pairs one by one. Each new state’s' and
the return R < s, a, R, s' > information obtained by action a
under each state will be stored in the experience playback
pool, and then train the deep neural network through the
stored samples. In order to improve the reliability of
experience playback pool samples and the efficiency of
network training, in this algorithm, I adopt the priority
playback mechanism based on random sampling. When
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the experience playback pool reaches the storage capacity,
first place the key value pairs with high return value in the
priority position through sorting algorithm, and then set a
random parameter ρ.

For the top of key value pair data, the data that can be
divided by 3ρ is removed; for the middle of key value pair
data, the data that can be divided by 2ρ is removed; for the
last of key value pair data, the data that can be divided by
ρ is removed, which can improve the data accuracy and
reduce the possibility of local optimization.

4. ROBOT SIMULATION MODEL
BUILDING

Gazebo and ROS are used to build the robot's simulation
environment. The enhanced simulation environment of
gazebo can well simulate the real environment, and
various controller plug-ins can also be well combined with
ROS. ROS has strong communication capability and
coordinate transformation function, and controls the robot
through node and communication. The main frame of the
entire model is shown in Fig. 4.

Fig. 4. Multi-robot model framework

The network first needs to initialize the parameters, and
the list of parameters is shown in table 2.

The robot has laser, binocular camera and odometer, and
when the program runs:

(1) The state information of the robot initialized by the
Publish robot;

(2) Subscribe /camera node to get the current image
taken by the robot binocular camera;

(3) Input the image into the depth neural network after
preprocessing;

(4) The output behavior of neural network is
processed;

(5) Release information to /cmd_vel node through the
processed behavior to change the linear speed and angular
speed of the robot;

(6) The obtain obstacle information near the robot by
subscribing /scan node, and if there is a collision, the
environment will be reset.

(7) Store the obtained in the playback pool.
(8) Run in a loop (2)-(7) until the specified number of

times is reached;
(9) The data training network through playback pool.
(10) To get the model and complete the adaptive path

planning.

Table 2 Parameters

A. Multi-robot environment
Based on multi robot platform environment as shown in
Fig.5, three robots having their own DDQN network,
learning from each other, as a result of the reinforcement
learning decision-making mechanism. They can realize
the robot mutual collision, accomplish their goal, through
the main platform to realize communication between
robots, back to their respective laser radar information by
three robots, to get the distance between the three robots,
by setting the barrier function, when the distance between
the robots closer to get a negative return, so as to realize
mutual coordination and mutual influence, robot action
when image information is shown in Fig. 6.

B. Comparison and analysis
After modeling by gazebo and ROS, the operation results
of the reinforcement learning network of deep
confrontation are shown in the following figure. Figs. 7 to
10 show the three convolution layers of the target network
and the main network in the deep neural network, and
figure 10 shows the total return obtained by the robot
network with the change of iteration times. It can be seen
that from the overall analysis, the difference between the
main network and the target network increases first and
then gradually converges. This is because at the beginning
of deep reinforcement learning, random trial and error
scheme is used to put the samples into the priority error
experience playback pool. The network will gradually
approach the target network through the data of the
experience playback pool, so that the robot can slowly
choose the correct behavior.

Parameter meaning Size

Learning_rate Update speed factor 0.1
γ Attenuation factor 0.99

StackFrame Stack frame number 4

Num_action Behavior pool 7

Num_batch Minibatch size 48

Num_replay_me
mory

Storage pool
capacity

20000

Num_training training steps 50000
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Fig.5. Gazebo environment

Fig. 6. Environmental information

Fig. 7. Conv1D

Fig. 8. Conv2D

Fig.10. Reward

5. CONCLUSIONS

Mobile robot path planning, this paper first introduces
several common algorithm, and then summarizes the
development trends of path planning, Put forward the use
of reinforcement learning method to solve the problem of
mobile robot path planning, in the second chapter presents
the source of the reinforcement learning, markov decision,
State, and behavior, strategy, value function, returns five
yuan group. In the third chapter, an algorithm model of
reinforcement learning path planning is established,
Combining reinforcement learning and deep neural
network to solve the problem of excessive ergodic
behavior in complex continuous environment, The
simulation environment achieves the effect of the physical
environment, and through the multi-robot network and the
decision mechanism of reinforcement learning, the
multi-robot network can realize mutual non-interference,
which is in line with the unmanned multi-agent traffic
environment in the physical environment.
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Abstract

Capacitors and inductors have been proven to have 
fractional-order characteristics. Therefore, establishing 
fractional-order models for circuits containing such 
components are of great significance in practical circuit 
analysis. This work establishes the impedance models of 
the fractional-order capacitor and inductor based on 
Caputo-Fabrizio derivative, and further proposes the 
analog realization of fractional-order electronic 
components. The mathematical models of fractional RC, 
RL and RLC electrical circuits are deduced and verified 
by the comparison between the numerical simulation and 
the corresponding circuit simulation. The electrical 
characteristics of the fractional circuits are analyzed. This 
work not only enriches the models of fractional 
capacitors and inductors, but also can be applied to the 
description of circuit characteristics to obtain more 
accurate results.

Keywords: Fractional-order calculus, Caputo-Fabrizio 
derivative, Fractional circuits modeling, Analog 
realization.

1. INTRODUCTION

The concept of fractional calculus is generalized by 
integer-order calculus. At present, in the modeling and 
analysis of actual physical systems, differential equations 
are mostly considered as integer-order ones, so the 
research is usually based on the integer-order 
mathematical models. However, many actual physical 
systems exhibit fractional-order dynamic features due to 
their material and chemical properties. For example, the 
actual capacitors and inductors have irreversible 
dissipation effects due to the influence of electric and 
magnetic fields, such as nonlinearity, ohmic friction, 
internal friction, and thermal memory [1-4]. Therefore, 
their true electrical characteristics can be described more 
accurately by fractional models [5], making their 
mathematical models closer to actual components.

In the field of circuit analysis, the research on the 
fractional-order models of capacitors and inductors is 
getting deeper while the fractional calculus is introduced 
into the circuits to build a fractional model of the entire 
system.

In component modeling, I. Petras et al. established 
fractional-order mathematical models of capacitors, 
inductors, and memristors [6]; AA Raorane et al. 
proposed a fractional-order inductance model considering 
actual inductance losses [7]; Adhikary, A, et al. used GIC 
topology to study the unified modeling of fractional-order 
capacitors and inductors [8].

In terms of filter design and power circuit application, 
Radwan, A. G, et al. gave the general parameters of a 
fractional-order LC circuit as a band-pass filter [9]. 
Tripathy et al. designed a fractional KHN biquad filter, 
which can provide better performance compared with 
integer-order filters [10]. Martinez et al. studied the 
fractional model of DC-DC converters suitable for solar 
power generation systems [11].

The current modeling and realization of fractional-order 
components are mostly based on the Caputo definition, 
but it has singularities and cannot fully describe the 
memory effect of the system. Therefore, Caputo and 
Fabrizio proposed a new definition of fractional 
derivative without singular kernel in 2015 [12], and this 
definition uses the convolution of the first derivative of a 
given function and the exponential function to design. 
The novelty in this operator is that, the derivative has 
regular kernel, nevertheless, due to this property this 
operator has a better description of material structure 
characteristics [13]. So in this work, we use 
Caputo-Fabrizio derivative to model electrical 
components and investigate the behavior of the voltage 
and current of the fractional circuits, try to improve the 
accuracy of component models.

At present, many scholars applied this new definition in 
the field of circuit analysis. Alsaedi et al. compared the 
response waveforms of fractional-order circuits under the 
definitions of Riemann–Liouville, Caputo and 
Caputo-Fabrizio [14]. Abro K A et al. studied the 
fractional RLC network defined by the Caputo, 
Caputo-Fabrizio and Atangana-Baleanu definitions 
through precise numerical analysis [15]. Although the 
Caputo-Fabrizio definition has been used in circuit 
modeling, whether it can describe the properties of 
capacitors and inductors more accurately or not remains 
to be analyzed in detail.

The 13th China-Japan International Workshop on Information Technology & Control Applications (ITCA2020) 

Enshi, Hubei, China, 26-28 September 2020 

105



Based on the Caputo-Fabrizio (CF) operator, this paper
derives the impedance models of fractional-order
capacitor and inductor. The mathematical models of the
fractional circuits, including resistance-capacitance (RC)
circuits, resistance-inductance (RL) circuits, and RLC
circuits are also proposed in this work. In Section 2, the
basic concepts of the CF operator are given, and the
fractional mathematical models of RC, RL, and RLC
circuits are established using Laplace transform together
with its inverse transformation. In Section 3, through
intuitive voltage and current response curves and the
characteristic curves in frequency domain, the
characteristics of the fractional-order circuits defined by
CF derivative are analyzed. In Section 4, the conclusions
are put forward.

2. MODELING OF FRACTIONAL
COMPONENTSAND CIRCUITS

2.1 Caputo-Fabrizio Operator
The Caputo-Fabrizio definition of fractional derivative in
time domain is defined as follows

( ) ( )( ) ( ) exp[ ] ,
1 1

tCF
a t a

M tD f t f d    
 

 
  (1)

where C
a
F Dt

a  is the Caputo-Fabrizio derivative with
respect to t, M ( α) is the normalized function such that 
M (0)  =M (1)  =1 , and α∈ [0,1]，a ∈-( ∞, t) .

Starting from time zero, that is, when a  =0 , the Laplace 
transform of the CF fractional derivative is
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where n  ≥1 and s is the Laplace transform operator. 
This article mainly studies the case where the fractional 
order is between 0 and 1, so we have n=0. Then the 
Laplace transform of CF fractional derivative can be 
simplified as

[ ( )] (0)[ ( )] ,
(1 )

CF
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sL f t fL D f t
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where (0)f is the initial value of ( )f t . Under the
zero-initial condition, that is, when (0) 0f = , the Laplace
transform of CF fractional derivative is further simplified
as
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According to similar analysis methods, we can obtain the
Laplace transform of CF fractional integral as follows

(1 )[ ( )] [ ( )].CF
t

s sL D f t L f t
s

   
 (5)

2.2 Analog Realization Models of Fractional-order 
Capacitor and Inductor
In the integer-order network, the equivalent impedance of 
the capacitor and the inductor in the s-domain is

1 ,CZ sC
 (6)

,LZ sL (7)

where ZC represents capacitance impedance, and ZL
represents inductance impedance. Similar to the integer
order, according to the Laplace transform (4), we obtain
the fractional equivalent impedance of the capacitor
under the definition of CF, namely

(1 ) 1

(1 ) 1 1 ,
( / )

C
s sZ
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s

sC C s C




  




 
 

  
  

(8)

where  is the fractional order of capacitor. It can be
seen from Eq. (8) that the fractional capacitor impedance
model in the s-domain defined by CF derivative can be
equivalent to integer-order resistors and capacitors. That
is, a fractional-order capacitor with a capacitance of C
and an order of  is equivalent to an integer-order
resistor with a resistance of  1 / C in series with an
integer-order capacitor with a capacitance of /C  . In
the same way, the equivalent admittance of a fractional
inductor via CF operator is expressed as

(1 )

(1 ) 1 1 ,
( / )

L
s sG

sL
s

sL L s L




  




 


  
  

(9)

where   β   represents the fractional order of inductor. 
Similarly, fractional-order inductor is composed of 
integer-order resistor and inductor.

Therefore, we obtain the analog realization models of the 
fractional-order capacitor and inductor defined by CF 
derivative shown in Figure 1.

(a) (b)
Fig.1 Analog realization models of fractional capacitor 
and inductor defined by CF derivative, (a) capacitor;
(b) inductor.

The calculation method of the parameters in Fig. 1 is

For complex representation in the time domain, Laplace 
transform is suitable for calculation.
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where C represents the actual capacitance value, and L
represents the actual inductance value. According to Eq.
(10), the analog realization models of capacitors and
inductors of any order in the range of 0 to 1 can be
established.

2.3 Modeling of the Fractional RC Circuits
There are two types of simple RC circuits: series and
parallel circuits, as shown in Figure 2.

(a) (b)
Fig.2 RC series circuit and RC parallel circuit, (a) 
series; (b) parallel.

In Figure 2 R is the resistance, C is the capacitance, V(t) 
is the voltage source of the series circuit, I(t) is the 
current source of the parallel circuit, and the source type 
is arbitrary. Based on the CF definition, the time-domain 
expressions of the capacitor voltages of the 
fractional-order RC circuits are derived under the 
indefinite input source.

According to Kirchhoff’s Voltage Law (KVL) of the 
circuit, the RC series circuit can be modeled as

        
0

1 1 ,t C Ct V t V t
RC

D
RC

V   (11)

where  V t is the voltage source, VC is the voltage
across the capacitor, and 0Dt is the integer-order
derivative with respect to t. Convert Eq. (11) into the
fractional differential equation defined by CF derivative,
and we can get

      
0

1 1 ,CF
C Ct t V t V t

RC
D V

RC
   (12)

where  represents the order of capacitor. Assuming
that the capacitor voltage has an initial value of V0, taking
the Laplace transform to Eq. (12) by Eq. (3), we can
obtain the transfer function of the capacitor voltage as
follows
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(13)

where   1RC     . Then we take the inverse Laplace
transform to (13), and the time-domain expression of the
capacitor voltage under the zero initial condition can be
determined as follows
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In the same way, the capacitor voltage of the fractional
RC parallel circuit under the zero initial condition can be
expressed as
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(15)

where  I t is the current source.

2.4 Modeling of the Fractional RL Circuits
The RL series and parallel circuits are shown in Figure 3.

(a) (b)
Fig.3 RL series circuit and RL parallel circuit, (a)
series; (b) parallel.

R is resistance, L is inductance, V(t) is any type of voltage 
source, and I(t) is any type of current source. Similar to 
the numerical modeling of the RC circuit, the expressions 
of the inductor currents of the fractional-order RL circuits 
in time domain are derived.

If we apply the KVL, we can obtain the equation of the 
fractional RL series circuit as

     
0 ,CF

t L L

V tRD I t I t
L L

   (16)

where IL(t) is the current of the fractional-order inductor.
Applying Laplace transform on both sides of Eq. (16), the
inductor current in the s-domain can be presented as
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(17)

where ∆ = L  +R  −R α, I0  is the initial value of the induc- 
tor current.

After taking the inverse Laplace transform to Eq. (17), 
the time-domain expression of the inductor current under 
the zero initial condition is given by
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In the same way, we can derive the inductor current of the
fractional-order RL parallel circuit under the zero initial
condition as
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(19)

where  I t is the current source.

2.5 Modeling of the Fractional RLC Circuits
Simple RLC circuits include two forms of series and
parallel, which are shown in Figure 4.

(a) (b)
Fig.4 RLC series circuit and RLC parallel circuit, (a)
series; (b) parallel.

Where V(t) is the voltage source, I(t) is the current source.
In this section, ZC-α represents the impedance of a
fractional capacitor, and ZL-β represents the impedance of
a fractional inductor. According to Fig. 4, the impedance
value of the fractional RLC series circuit can be
determined as follows
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where  is the order of inductor,  is the order of
capacitor. When the initial values of the capacitor voltage
and inductor current in the circuit are 0, we derive the
transfer function of the capacitor voltage according to Eq.
(20) as
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, (21)

where VC is the voltage across the capacitor. It can be
seen from Eq. (21) that the voltage across the capacitor is

not only related to the capacitance and inductance value, 
but also to the orders of capacitor and inductor.

Similarly, the impedance model of the RLC parallel 
circuit can be derived. But because the form of 
impedance is more complex, so we express it in 
admittance, that is
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When the current source I is input, the transfer
function of the inductor current in the fractional-order
parallel RLC circuit is derived according to Eq. (22) as
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where IL is the current across the inductor. So far, the 
mathematical models of the fractional RLC circuits in the 
complex frequency domain are established through the 
transfer function.

3. SIMULATION AND ANALYSIS OF
FRACTIONAL-ORDER CIRCUITS

Since the parallel circuits are derived in the same way as 
the series circuits, only the series circuits are simulated in 
this section. According to the equations in Section 2, the 
numerical simulation programs by the MATLAB 
software are written to simulate the mathematical models 
of the series RC, RL and RLC circuits. Besides, the 
corresponding circuit simulations are performed by 
applying the analog implementation of fractional 
components in the Multisim software to verify the 
correctness of the deduced mathematical models.

3.1 RC Series Circuit Simulation
Fractional-order RC circuits are the basis for studying 
fractional-order circuits. On the basis of this research, it is 
convenient to expand more actual circuits into the field of 
fractional-order.

In order to analyze the effects of the fractional order α on 
the voltage across the capacitor, three different fractional 
orders 0.1, 0.5, 0.9, and the integer-order were selected to 
perform numerical simulations to obtain the voltage curves 
under different orders.

Given the values, V=15V, R=200Ω, C=1000μF, and V is 
the step voltage source. The numerical simulation
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program is based on Eq. (14), and the result curves of 
different orders are plotted on the same graph, which is 
convenient for comparison and analysis.

Then we build the analog realization circuit of the 
fractional order circuit in the Multisim software to 
complete the RC circuit simulations, and get the 
simulation data to plot the result curves. The simulation 
model of the circuit is shown in Fig. 5.

Fig.5 Simulation model of fractional RC series circuit.

The circuit parameters in Fig. 5 are the same as the 
numerical simulation parameters. V1 is a 15V step 
voltage source, and R1 and C1 make up a 0.1-order 
fractional capacitor. According to Eq. (10) of the analog 
realization model of the fractional capacitor, the order 
changes with the values of R1 and C1.

(a)

(b)
Fig.6 Voltage across the RC series circuit capacitor, in
(a) numerical simulation and (b) circuit simulation, α
is the fractional order of capacitor.

The results of the numerical simulation and the 
corresponding circuit simulation are shown in Figure 6.

The Figure 6 shows the behavior of the voltage across the 
capacitor, (a) and (b) are compared to verify the 
correctness of Eq. (14). It can be noted that when the 
circuit inputs a step voltage source, the integer-order 
capacitor voltage rises exponentially from 0, and the 
fractional-order capacitor voltage rises from a certain 
initial value. And the smaller the order of the capacitor, 
the higher the initial voltage value and the longer the 
charging time. This is because the analog realization 
model of the fractional capacitor contains the component 
of resistance. The smaller the order, the greater the 
influence of resistance, and therefore the time constant of 
the circuit is also affected. Compared with integer-order 
capacitors, this property of fractional capacitor voltage 
shows the heterogeneity of actual capacitor (resistance 
and capacitance), indicating that the fractional capacitor 
model defined by CF derivative can more accurately 
describe the actual physical properties of capacitors. The 
charging time of the fractional capacitor becomes longer, 
which reflects the memory characteristics of fractional 
calculus, and is suitable for describing components with 
memory effects such as capacitors.

Since the time-domain equations derived in this paper are 
based on any type of voltage source, we replaced the step 
voltage source with a sinusoidal voltage source and 
analyzed the response curves of the fractional circuit at 
different frequencies. Given a sinusoidal voltage source 
with an amplitude of 15V, the values of capacitance and 
resistance remain unchanged, and four different fractional 
orders are also used for numerical simulations. In order to 
analyze the behavior of the capacitor voltage at different 
frequencies more clearly, we obtain the characteristic 
curves of the voltage in frequency domain. The 
phase-frequency curve results are shown in Figure 7.

(a)



(b)
Fig.7 Phase frequency curve of RC series circuit, in (a) 
fractional order and (b) integer order, α is the fractional 
order of capacitor.

It can be noted from the results shown in Fig. 7 that at high 
frequencies, the nature of the components in which the 
fractional-order and integer-order capacitors play a leading 
role in the circuit is different. When the order is less than 
1, the phase-frequency characteristic curve of fractional 
capacitor has a pole, and as the frequency increases, it 
eventually tends to 0°. Because the analog realization 
model of the fractional capacitor is a resistor and a 
capacitor in series, the capacitive reactance of the capacitor 
is very small at high frequencies, so the resistor plays a 
leading role. At this time, the impedance of the fractional 
capacitor becomes a pure resistance, and its value is 
(1-α)/C. While the phase-frequency curve of integer-order 
capacitor eventually tends to -90° as the frequency 
increases, indicating that the capacitive reactance of the 
capacitor plays a leading role in the circuit. This 
phenomenon shows that the fractional order can better 
describe the characteristics of actual capacitor changing 
with frequency.

The amplitude-frequency curve results are shown in 
Figure 8.

Fig.8 Amplitude-frequency curve of RC series circuit,
where α is the order of capacitor.

The amplitude-frequency curves shown in Figure 8 show
the variation of the capacitor voltage’s amplitude and the
shift of the cut-off frequency. In the frequency range of

0.001Hz-100Hz, when the frequency is increased from 
the cut-off frequency, the voltage amplitude decreases, 
and the amplitude below the cut-off frequency is almost 
constant. Above a certain frequency, the voltage 
amplitude of the fractional capacitor is greater than the 
integer order. And the smaller the order, the greater the 
voltage amplitude. This phenomenon can explain the 
irreversible dissipation effect of the actual capacitor, such 
as ohmic friction, which increases the voltage across the 
capacitor. Therefore, the voltage of the fractional order is 
higher than the integer order, indicating that using 
fractional calculus to describe the capacitor is more in 
line with the actual situation. Besides, as the order 
decreases, the cut-off frequency moves to the left, 
indicating that the frequency range of the attenuation of 
the fractional-order capacitor’s voltage is greater than the 
integer order.
It can be noted from the above analysis results that the 
fractional order α makes the RC circuit more flexible and 
diverse.

The fractional-order RL circuit is also the basis of the 
fractional-order circuit, and its simulation experiment is 
similar to the RC circuit. Given the values, V=15V, 
L=100mH, R=2Ω, and V is the step source. Select 
fractional orders 0.3, 0.7, 0.9 and the integer-order to 
complete the numerical simulations according to Eq. (18). 
The simulation circuit is shown in Fig. 9.

Fig.9 Simulation model of fractional RL series circuit.

The circuit parameters in Fig. 9 are the same as the 
numerical simulation parameters. Among them, V1 is a 
15V step voltage source, and R1 and L1 make up a 
0.1-order fractional inductor. Changing the values of R1 
and L1 can change the order of the inductor.

The results of the numerical simulation and the 
corresponding circuit simulation are shown in Figure 10.

3.2 RL Series Circuit Simulation

110



(a)

Fig.10 Current across the RL series circuit inductor, in 
(a) numerical simulation and (b) circuit simulation, β is
the fractional order of inductor.

According to the comparison between (a) and (b) in 
Figure 10, the results of the numerical simulation are 
completely consistent with the circuit simulation, 
indicating that the Eq. (18) is correct. The behavior of the 
current across the inductor shows that when the circuit 
inputs a step voltage source, the integer-order inductor 
current rises from 0, but the fractional-order inductor 
current has an initial value. And the rise time and initial 
value of the current increase as the fractional order 
decreases. As the dual component of the capacitor, the 
changing trend of the fractional-order inductor's current is 
similar to the fractional-order capacitor's voltage, which 
also shows the heterogeneity (resistance and inductance) 
and memory characteristics of the actual inductor.

Then choose a sinusoidal voltage source with an 
amplitude of 15V, the values of inductance and resistance 
remain unchanged, and use four different orders of 
fractional inductor for numerical simulations to obtain the 
characteristic curves of the inductor current in frequency 
domain. The phase-frequency curves are shown in Fig. 
11.

(a)

(b)
Fig.11 Phase-frequency curve of RL series circuit, in (a) 
fractional order and (b) integer order, β is the fractional 
order of inductor.

As the results shown in Fig. 11, it can be noted that the 
phase-frequency curve of the fractional-order inductor 
eventually tends to 0°. Because its analog realization 
model is a resistor and an inductor connected in parallel, 
and the inductive reactance is very large at high 
frequencies. Therefore the fractional-order inductor’s 
impedance becomes a pure resistance at high frequencies, 
and its value is L/(1-β). However, the phase-frequency 
curve of the integer-order inductor’s current eventually 
tends to -90°. In reality, the actual inductors produce 
frequency dependent losses, so we find that classical 
integer-order inductors cannot consider these losses, and 
the fractional model of inductor can better describe the 
nature of actual inductors.

Fig.12 Amplitude-frequency curve of RL series
circuit, where β is the order of inductor.

(b)

The amplitude-frequency curve of the inductor current is 
shown in Fig.12.
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The amplitude variation of the inductor current shown in 
Fig. 12 is similar to that of the RC series circuit, so it will 
not be described in detail. In reality the actual inductor 
has nonlinearity. For example, eddy current or hysteresis 
loss causes the inductor with a ferromagnetic core to heat 
up, thereby increasing the current flowing through the 
actual inductor. The fractional-order current is higher 
than the integer-order, indicating that classical 
integer-order cannot consider these frequency dependent 
losses and using fractional calculus to describe inductor is 
more suitable for the actual situation.

3.3 RLC Series Circuit Simulation
The integer-order RLC circuit is a typical second-order 
circuit, while the fractional-order RLC circuit increases 
the orders of capacitor and inductor, and the circuit 
design is more complicated. For convenience, the orders 
of capacitor and inductor are the same in the simulation 
experiment in this section.

Given the values, V=15V, R=1Ω, L=100mH, C=0.022F, 
and V is the step source. Then select two orders of 0.99 
and 0.995 for numerical simulations. According to Eq.(21) 
in Section 2, the transfer function model is established in 
the Simulink environment of MATLAB to complete the 
numerical simulation. The simulation model of fractional 
RLC series circuit is shown in Fig. 13.

Fig.13 Simulation model of fractional RLC series
circuit.

In Fig. 13, R1 and C1 constitute a fractional capacitor, R2 
and L2 constitute a fractional inductor, and the remaining 
parameters are the same as the numerical simulation.

 The results of the numerical simulation and the 
corresponding circuit simulation are shown in Fig. 14.

As shown in Fig. 14, the results of circuit simulation are 
almost identical to the numerical simulation, which proves 
that Eq. (21) is correct. Among them, the step response is 
the process of attenuated oscillation, the steady-state 
voltage

(a)

(b)
Fig.14 Voltage across the RLC series circuit capacitor, 
in (a) numerical simulation and (b) circuit simulation, 
α is the fractional order of capacitor and β is the 
fractional order of inductor.

voltage is 15V, and there is no steady-state error. At 
this time, the circuit system is in an 
underdamped state. After comparing the step response 
curves at different orders in Fig. 14, we find that the 
smaller the order, the overshoot and the number of 
oscillations of the voltage across the capacitor decrease. 
This phenomenon shows that the fractional order 
increases the damping ratio of the second-order system.

4. CONCLUSIONS

In this work, we completed the modeling of capacitor and 
inductor via Caputo-Fabrizio operator, and established 
numerical models of the typical fractional-order circuits. 
The combination of numerical simulation and circuit 
simulation verifies the correctness of the numerical 
models. According to the simulation results, we found the 
following characteristics of the fractional circuit:
 When the RC and RL circuits input a step source,

the fractional capacitor voltage has an initial value,
and the smaller the order, the higher the initial
value of the voltage, and the longer the charging
time; the characteristic of the fractional inductor
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current is the same as that of the capacitor. The
reason is that the analog realization model of the
fractional components under the CF definition
contains resistance. The smaller the order, the
greater the influence of resistance, which increases
the time constant of the circuit and the initial value
of the voltage or current of the fractional-order
component.

 When RC and RL circuits input sinusoidal source,
the nature of the fractional capacitor and inductor
is related to frequency. As the frequency gradually
increases, the fractional-order component finally
exhibits resistance characteristics. Within a certain
frequency range, the amplitude of the capacitor
voltage and inductor current decreases as the
fractional order increases.

 When the RLC series circuit inputs step source,
the smaller the fractional order, the smaller the
overshoot and the number of oscillations. It shows
that the fractional order increases the damping
ratio of the entire system compared to the integer
order.

Through comparison with integer-order circuits, it is
found that the fractional-order equivalent circuit is more
in line with the actual physical properties of the circuit,
and can describe the heterogeneity and memory
characteristics of actual circuit components. Besides, the
results show that the fractional order makes the circuit
characteristics more flexible and the circuit design has
more degrees of freedom.
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Abstract 

In recent years, a number of breakthroughs have been 

made in the theoretical research of servo control 

algorithms, but most control algorithms only still stay in 

the simulation stage. They are difficult to be applied 

directly to practice platforms or complex industrial sites 

due to lack of experimental system suitable for 

verification of the effectiveness of different servo control 

algorithms. To address this problem, we design a 

multi-function servo control algorithm verification 

experiment system(MVES)that uses MATLAB/Simulink 

theoretical simulation model directly to communicate 

with TwinCAT3 PLC master program to carry out kinds 

of different servo control experiments. The MVES 

supports a variety of Simulink models and the operation 

process is simple and convenient, which greatly reduces 

the workload of algorithm test and has important practical 

value. In this work, two sets of comparative experiments 

are used to verify the versatility and superiority of 

MVES.  

Keywords: Servo experiment system, Servo control, 

Multi-function experiment device, TwinCAT3. 

1. INTRODUCTION

The Alternating Current servo system is one of the core 

components of industrial robots and an important tool in 

the field of automation and industrial production, which 

has been widely used in machinery manufacturing, 

metallurgy, transportation and other industries. 

The simulation research of servo control theory based on 

MATLAB/Simulink has always been a research hotspot 

of universities and scientific research institutions[1-3]. 

There are many great breakthroughs have been made in 

theoretical research of servo control algorithms. However, 

in the process of applying theoretical models to practical 

industrial servo systems. There are three main problems 

in the following areas: 

(1) The theoretical model cannot be directly applied to

the industrial servo system. It needs to be 

converted into PLC industrial programming 

language or other assembly languages for system 

control[4]. The conversion workload is large and 

needs to be provided more equipment I/O 

interfaces, the operation process is inconvenient 

for researchers. 

(2) Theoretical models cannot simulate complex

industrial environments, and effective algorithm

verification cannot be performed until the

theoretical model is applied to actual industrial

systems[5].

(3) Most servo algorithm verification devices are not

very versatile[6]. A set of devices often only

supports a few specific servo experiments, and it is

impossible to carry out many different types of

servo algorithm verification experiments.

In general, researchers apply servo control algorithms to 

practical industrial systems in two ways: The first way is 

to convert Simulink servo algorithms with good 

simulation effects into PLC industrial programming 

language or other assembly languages[7]. Then test the 

control effect through the test system. The disadvantages 

of this method are obvious: the algorithm conversion 

workload is large and requires a specific test system, and 

there are many restrictions, which are often only 

applicable to specific servo algorithm verification[8]. The 

second way is to use the simulation model to carry out 

the experiment, and then use the control parameters with 

good simulation effect to test on the specific test system 

of the same type. After achieving good results, it can be 

applied to practical industrial systems. This method is 

limited to a specific test system, and its test system and 

actual system are often the same type, which cannot meet 

the test requirements of different industrial systems. 

Usually, the control parameters obtained by simulation 

can not guide the complex test system to a large 

extent[9]. 

Aiming at the problems that most servo experimental 

devices are not universal and the experiment conversion 

steps are cumbersome, we designed a general-purpose 

servo control algorithm experimental system(MVES). 
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The MVES designed in this paper is specially used for 

the validity verification of many different types of servo 

control algorithms, without complicated conversion or 

configuration work.  MATLAB/Simulink models can 

directly interact with the PLC master program in 

TwinCAT3 with our experimental system, and then we 

use EtherCAT communication bus to allow the PLC 

control the servo system to carry out experiments, thus 

eliminating the cumbersome steps of model conversion 

and making the model debugging convenient and feasible. 

Only the Simulink simulation model need to be adjusted 

during the debugging process to carry out the next 

experiment or collect the next set of data, which lets the 

algorithm testing process becomes easy to operate. 

Different Simulink models can be used to carry out 

different types of servo algorithm verification 

experiments. The system has strong versatility, it is 

suitable for Simulink models of various servo control 

algorithms. Finally, we used two sets of comparative 

experiments to verify the effectiveness of the MVES. 

The rest of this paper is organized as follows. In the next 

section, the overall design of the MVES is discussed. 

Then section 3 presents physical system and testing. 

Section 4 describes the conclusions.. 

2. OVERALL SYSTEM DESIGN

This section begins with the whole system, introducing 

the composition and structure of the MVES and its 

overall working principle. And then we introduce the 

MVES from two aspects: servo motor experimental 

device design and communication framework design. 

The experimental system designed in this paper has four 

main components, as shown in Fig.1, servo motor 

experimental device, industrial computer(IPC), driver and 

encoder. 

Fig.1 Experimental system overall structure. 

The IPC runs the MATLAB/Simulink control algorithm 

in real time and sends the corresponding control 

command, and receives the real-time parameters returned 

by the encoder. Then the PLC sends the control command 

to the servo driver through the EtherCAT bus, and the 

servo driver control the motor to carry out relevant 

experiments. During the operation of the experimental 

system, we implemented the direct control of the servo 

motor by the MATLAB/Simulink control algorithm. It 

does not need to convert the control algorithm into other 

industrial programming languages to control the motor, 

which greatly reduces the workload of the theoretical 

simulation model to the actual industrial application. And 

due to the theoretical simulation model runs in real time 

in the MATLAB environment, which is independent of 

the PLC main control program. Therefore, this 

experimental system can support different types of servo 

control algorithms and has strong versatility. 

2.1 Servo motor experimental device design 

The servo motor experimental device is mainly composed 

of two 750 W servo motors of the IS620N series of 

Huichuan Company. Two motors were coaxially mounted 

to form the supporting experimental device, as shown in 

Fig.2. 

Fig.2 Experimental system overall structure. 

The main body of the device consists of two 750 W 

motors, a magnetic powder brake, and a magnetic powder 

clutch. The right motor is connected to the magnetic 

powder clutch through an asynchronous transmission belt 

and directly connected to the magnetic powder brake. A 

magnetic slot on the right side of the magnetic clutch can 

be used to install the flywheel. Another motor is directly 

connected to the flywheel, and the two motors are 

mounted coaxially. On the one hand, experiments can be 

carried out independently, such as inertia identification, 

parameter self-tuning, etc. On the other hand, a pair of 

experimental devices can be formed, and a disturbance 

suppression experiment could be performed to verify the 

synchronization accuracy of the motion control of the 

servo system. The left motor is used for the inertia 

identification experiment by adding flywheels of different 

quality. The right motor can dynamically adjust the 

moment of inertia with the magnetic powder clutch to 

carry out the inertia identification experiment. At the 

same time, it could directly connect with the load torque 

continuously adjustable magnetic powder brake and 
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could carry out the disturbance suppression experiment of 

different forms of loading. 

2.2 Communication framework design 

Since the control algorithm and the servo motor device 

communicate through the main control program, under 

this premise, the communication feedback speed is 

guaranteed to be fast, which puts high requirements on 

the operating environment of the main control program. 

After research and comparison, we chose Beckhoff's 

TwinCAT3 platform, which is control software based on 

PC platform and Windows operating system. One of the 

biggest advantages of TwinCAT3 is its excellent 

scalability, supporting  the control layer of the 

Matlab/Simulink module, which can extremely reduce the 

workload of developers. We achieve data communication 

through the Advanced Design System(ADS) protocol, 

which is the communication protocol within TwinCAT3. 

The overall control framework of this experimental 

system is shown in Fig.3. We implement the real-time 

control effect of the data transmission between the 

control platform and the servo drive layer through the 

EtherCAT bus. TwinCAT3 is integrated into Visual Studio 

software, which is divided into the development layer and 

operation layer. Data transmission between the 

development layer and the runtime layer through the ADS 

protocol[10]. With the TwinCAT3 I/O port mapping, 

cyclic data can be acquired in the process mapping via 

different Fieldbuses. Different Fieldbuses can be run on 

different cycles with the same CPU. The configuration of 

the Fieldbus and process mapping is done in Visual 

Studio. 

Fig.3 Control structure framework. 

The biggest innovation of the MVES is that the 

theoretical simulation model does not need to be 

converted into a programming language in the TwinCAT3 

environment. 

The experimental data flow of the MVES is shown in 

Fig.4. The entire communication framework consists of 

three parts: the Simulink theoretical control algorithm 

model, the TwinCAT3 engineering environment, and the 

servo system. The Simulink theoretical control algorithm 

model is completed in MATLAB. We used the Beckhoff 

TE1410 plug-in to map Simulink variables to PLC 

variables in the TwinCAT3 engineering environment. The 

process variables under Simulink can be mapped to the 

PLC variables in TwinCAT3. The PLC project under the 

TwinCAT environment carries data transmission with the 

driver through the EtherCAT bus. The servo driver sends 

control commands to the motor. The motor then feeds 

back the real-time speed and other parameters to the 

driver, we implement two-way communication to carry 

out the experimental purpose of the verification control 

algorithm in this way. 

Fig.4 System control data flow. 

3. PHYSICAL SYSTEM AND TESTING

This section will show the physical effects of the MVES 

designed in this work, including the overall hardware 

structure model and the actual experimental results. 

3.1 Experimental device 

The physical MVES  is shown in Fig.¥label{fig:5}5. The 

industrial computer and the driver communicate with 

each other through the EtherCAT bus for motor control. 

The industrial computer is equipped with software such 

as Visual Studio , MATLAB and integrates the 

TwinCAT3 development environment. The servo driver is 

integrated into the control cabinet. The control cabinet 

can dynamically adjust the current flowing through the 

magnetic powder clutch to increase the inertia to simulate 

the continuous variable load environment. In this 

environment, the dynamic inertia identification 

experiment can be achieved easily. 

3.2 Experimental effect 

To test the practicability of the MVES, two representative 

experiments in the servo control process are selected for 
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verification in this work: inertia online identification 

experiment and external disturbance suppression 

experiment. All the experimental control algorithms can 

independently complete the simulation experiment in the 

Simulink environment, and can also carry out the 

physical experiment by using the MVES. 

Fig.5 Whole system physical map. 

(1) Inertia online identification experiment

The control performance of the industrial servo system is

closely related to the accurate acquisition of the motor

parameters. The research of high-precision inertia online

identification has always been the most representative in

the field of servo control. Therefore, this paper selects the

inertia online identification experiment to verify the

system effectiveness.

We use the MVES to carry out experiments, the inertia of 

the magnetic powder clutch current is adjusted through 

the control cabinet to simulate the variable load 

condition.The experimental result is shown in Fig.6: 

Fig.6 Inertia online identification(Physical experiment). 

In the experimental process of Fig.6, after the motor starts 

for a period of time, the speed is stable and the moment 

of inertia is stable at around 0.0165kg*m
2
. Then we 

increase the current flowing through the magnetic powder 

clutch to increase the inertia, the inertia increases to 

0.0273kg*m
2
, the current is canceled at the 44th second, 

and the inertia returns to the original state. We also added 

a slight disturbance at the 53th seconds in this 

experimental process. 

From the above experimental result, the MVES designed 

in this work meets the high-precision identification 

requirements of inertia online, whose response speed is 

fast and the identification accuracy is high and it has high 

practical value in complex industrial sites. 

(2) External disturbance suppression experiment

In the industrial production process, the servo system will

inevitably be affected by disturbances from the external

environment. External disturbances will seriously affect

the control accuracy of the motor. Therefore, the research

on the suppression of external disturbances has attracted

widespread attention from many researchers. External

disturbance suppression experiment is one of several

basic types of experiments in the field of servo control.

So we selected the external disturbance suppression as a

verification experiment of the effectiveness and

practicability of the system we designed.

The external disturbance suppression experiment was 

carried out by using the MVES. The left motor is the 

observation motor, the right motor forms the disturbance, 

and the observation control algorithm suppresses the 

disturbance. The experimental result which only used PI 

controller were shown as Fig.7: 

Fig.7 Disturbance suppression experiment(PI). 

In the experiment which only used a PI controller, we 

added the disturbance at the 7th second, and the rotation 

began to fluctuate. At the 12th second, we dynamically 

adjusted the current of the magnetic clutch to increase the 

inertia, and the speed suddenly jumped and then 

immediately returned to the original target speed. 
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Fig.7 Disturbance suppression experiment(PI+EID). 

When we use the sliding mode + EID controller, the 

disturbance suppression effect is significantly better than 

when only the PI controller is used, and the tracking 

speed fluctuation range is small. However, it can be seen 

from the figure that the speed of the inertia is still 

increasing instantaneously, but it also returns to normal, 

and the overall disturbance suppression effect is very 

obvious. Fig.8 show the experimental result of speed 

tracking. 

It can be seen from the above comparison experiments 

that this experimental system can effectively verify the 

effectiveness of the servo system disturbance suppression 

algorithm, which can support the disturbance suppression 

algorithm verification using different controllers, and the 

experimental results are also consistent with the 

simulation results. The experimental system designed in 

this paper has good versatility, it can support the validity 

verification of a variety of servo control algorithms, and 

enables a variety of Simulink theoretical models to 

directly carry out motor control experiments. 

4. CONCLUSION

In this work, we propose and implement the MVES that 

uses MATLAB/Simulink theoretical simulation model to 

communicate with TwinCAT3 PLC master program to 

carry out different types of servo control experiments, 

which effectively solves the problem of algorithm 

validation before the theoretical simulation model is 

applied to practical industry. The theoretical simulation 

model of MATLAB/Simulink can be directly applied to 

the system for verification of algorithm validity, without 

complicated conversion and configuration work. The 

MVES supports a variety of Simulink simulation models 

and the operation process is simple and convenient, 

which greatly reduces the workload of the theoretical 

researchers' test algorithms. 

We have carried out two sets of experiments to verify the 

effectiveness and versatility of the system: online inertia 

identification and external disturbance suppression. The 

comparative analysis results show that the MVES 

supports multiple theoretical simulation models and have 

strong practicability and versatility. The MVES provides 

theoretical researchers with a convenient algorithm 

verification platform, which reduces their experiment 

workload and has good practical value. 
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Abstract

Due to the exponential growth of cloud computing
technology, cloud storage technology is favored by a
large number of users. Storing data on the cloud can save
the resources of local Storage configuration and reduce
the cost of local hardware investment. However, the data
stored in the cloud is out of the user’s physical control.
Based on the service characteristics of the cloud
environment and the security requirements of user
privacy data in the cloud environment, this paper
combines the AES algorithm to improve on the basis of
the identity proxy re-encryption algorithm. The
performance of the proxy re-encryption algorithm is
optimized by reducing the number of bilinear mapping
operations that takes the most time to calculate in the
proxy re-encryption scheme. In the improvement of this
paper, only two bilinear mapping operation is needed. In
addition, the encrypted data is tested to different degrees,
and the experimental results show that the test results
meet the user's demand for encryption and decryption
performance.

Keywords: Privacy Protection, AES, Proxy
Re-encryption, Fine-grained, Cloud Storage.

1. INTRODUCTION

With the expansion of cloud services and the further
improvement of users' own needs, data privacy protection
has gradually brought challenges that cannot be ignored
to cloud applications [1]. Facing this form of distress,
many scholars have proposed different schemes. The
main schemes proposed are: Mandatory Access Control
(MAC) [2,3], Discretionary Access Control (DAC),
Identity-Based Encryption (IBE) [4,5], Proxy
Re-Encryption (PRE) [6], Role Based Access Control
(RBAC) [7,8], Role Based Encryption (Role Based
Encryption, RBE) [9], Attribute-Based Encryption (ABE)
[10], Fully Homomorphic Encryption (FHE) [11,12] and
ciphertext search algorithm, etc. However, because the
data is encrypted, users need to decrypt it when using it,
which requires very powerful network resources and
computing resources [13, 14]. In order to save local
storage configuration and reduce the cost of local

hardware investment, users store their data on cloud
servers [15].

Shen et al. presented a multi-security level cloud storage
system (FH-PRE) [6], including support for fine-grained
control and performance optimization. By reducing the
number of operations of bilinear mapping, they have
achieved the goal of optimizing performance. Although
the proposed scheme has been greatly optimized
compared with standard proxy re-encryption scheme, it
still has certain deficiencies in optimization compared
with the scheme proposed in this paper.

Although ciphertext sharing has been proposed in many
existing schemes, there is still a lot of improvement work
to be done for the versatility and efficiency of the
scheme.

(1) The re-encryption key can be used maliciously
by the untrusted cloud to transform the ciphertext data
generated by the data owner. If the untrusted cloud
colludes with the recipient, the data of the data owner will
be used maliciously. If the data is leaked, all data cannot
be safely sent to the recipient;

(2) In the past identity-based proxy re-encryption,
the number of bilinear operations is relatively large.
When the number of users is relatively large, the
operation of bilinear operations can lead to a large waste
of network resources and cloud computing resources;

Based on this, we propose an improved identity proxy
re-encryption algorithm based on AES, combined with
AES symmetric encryption to encapsulate the symmetric
key into ciphertext. While protecting user privacy data,
the user can also control the data in the hands of the user,
and achieve ciphertext sharing. At the same time, in the
scheme proposed in this paper, bilinear operations are
reduced, and our scheme makes full use of Network
resources and cloud computing.

2. RELEVANT THEORETICAL
KNOWLEDGE

Definition 1（Bilinear mapping）: When the mapping
function 1 2: Te G G G  satisfies the following
conditions, it is called a bilinear mapping[16]:
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（1） 1G , TG are groups of order , where is prime.
（2）for any *

1, ,qa b Z G , ( , ) ( , )a b abe g g e g g ;
（3） ( , )e g g is the generator of TG ;
（4）for all 1,p q G , e can be computed.

Definition 2 （ Advanced Encryption Standard
algorithm）

Rijndael was designed by Joan Daemen and Vincent
Rijmen in Belgium. Joan Daemen and Vincent Rijmen
submitted the Rijndael algorithm in 2000, which was
declared as Advanced Encryption Standard (AES)
without modification [17]. It supports 128bit, 192bit,
256bit keys and at least 128bit video stream segmentation,
and then use the key to convert each encoded plaintext
block into the same 128-bit ciphertext block, and finally
combine all the ciphertext blocks to generate the final
ciphertext. In Figure 1, the AES algorithm uses a 128-bit
key to encrypt and decrypt a 16-bit data block.

Fig.1 AES algorithm structure diagram.

3. AN IMPROVED RE-ENCRYPTION
SCHEME BASED ON IDENTITY PROXY

COMBINEDWITHAES

3.1 The scheme design
The algorithm of this scheme contains seven algorithms
mainly ( PRESetup , PREExtract , PREEnc , PRERKExtract ,

PREReEnc , 1PREDec , 2PREDec ). In this paper, we
describe the process of encrypted storage and ciphertext
sharing in the cloud environment in our scheme. The
process mainly includes three major blocks: local storage,
re-encryption, and data sharing.

Program execution process:
(1) Initialization: The user enters the ID

representing the identity. The ID is one of multiple
information such as mailbox, IP, ID number, etc. The
KGC (Key Generation Center) executes the initialization
algorithm SetupPRE() and key generation algorithm
EXtractPRE() to initialize the system.

(2) The data owner judges the user's request type

for the data: When the data owner needs to store the data
locally, the local secure storage plug-in is called, and the
plaintext data is encrypted using the AES algorithm. The
user can choose to store the ciphertext 1c to the local
host. You can also choose to store it in the cloud. When
users need to share data, use the AI-PRE scheme to share
the data with users who need to receive the data.

(3) Local storage or upload to the cloud: The data
owner calls the secure storage plugin and first reads the
stored data, and then executes the AES() encryption
function in EncPRE() to encrypt the data and generate
ciphertext 1c . After the ciphertext is generated, data
owner can choose to store it locally. Data owner can also
choose to upload to the cloud.

(4) Initial ciphertext download/decryption: the data
owner obtains ciphertext 1c , and executes function
Dec1PRE(), and obtains data m .

(5) Data sharing: After the cloud server judges the
type of the data request, the user needs to call the client
security sharing plug-in to share the data. Then the
security plug-in judges whether it is the initial ciphertext,
if it is the initial ciphertext, proceed to the next step,
otherwise the corresponding operation information will
appear.

(6) re-encryption: cloud server execute the
PREReEnc function to generate the re-encrypted

ciphertext 2c , and use the ciphertext 2c as the shared
data.

(7) Re-encrypted ciphertext download/decryption:
after obtaining the ciphertext, 2c , the data requester
uses his own public key and secret key to decrypt
ciphertext 2c by using the Dec2PRE() function. If it is a
legal information recipient, obtain plaintext data M,
otherwise, the corresponding operation message appears.

3.2 The scheme implementation
Based on the description of the basic structure in the
previous section, this section gives a detailed introduction
to the implementation of the algorithm with the above
basic structure as the main idea:

(1) ( )PRESetup s : it randomly generate a number
Ts G as the main safety parameter msk , which is

generated by a random algorithm in the system described
in this paper, and then select a prime number p to
generate multiplicative groups 1G and TG of order
q , and obtain the generator g of 1G , Using the
bilinear mapping function 1 2ˆ: Te G G G  and hash
function * * *

1 1 2:{0,1} , :{0,1} PH G H Z  mentioned above
to calculate the system parameter set,

1 1 2 ˆ( , , , , g , , , )s
Tparams G G p g H H e

（1）

The parameters are managed by the key generation
center.
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(2) ( , , )PREKeyGen msk params id : At this time, the user
applies to the key generation center for a traditional secret
key idsk , and at the same time generates a symmetric
key AESsk for AES encryption. After generating two
keys, the algorithm encapsulates the traditional secret key
and symmetric key into I

idsk . The key generation center
generates a public and secret key pair ( , )id idpk sk for the
user according to the legal identity information id of
the applying user, combining params and the main
security parameter msk , where

1 ( ), , ( , )s I
id id id id id AESpk H id sk pk sk sk sk  

（2）
Among them, 1( )pk H ID , 1( )ssk H ID and I

idsk
are used as public and secret keys for data encryption,
decryption, and data sharing.

(3) ( , , )I
PRE idEnc sk params m : After the user reads the

information, when the data is encrypted, the data owner
uses the legal identity information to generate the public
key and secret key ( , )I I

id idpk sk . Data plaintext m is
encrypted as ciphertext 1 2( , )i i ic c c (ciphertext: when
the ciphertext needs to be stored locally or uploaded to
the cloud, only 1ic in ic needs to be stored), where

 
 

1

2 2 1

, ;

;

I
i id

I
i id i

c AES m sk

c sk H c



 
（3）

(4) 1 ( , , )I
PRE id iDec sk params c : During the first

decryption, the user obtains the encrypted data file ic .
The user takes his secret key I

idsk as input, uses the
function 1 ()PREDec to decrypt, and finally decrypts the
plaintext m.

1

2 2 1

. ( , );

( )

I
i id

I
i id i

m AES decryptAES c sk

c sk H c



  （4）

(5) Re ( , , )I J
PRE id idKeyGen sk pk params : after the data

owner authorizes, RKG first randomly generates a
positive integer *N N , then calculate the set of

I J
id idK N pk pk、 、  、 , and then use the secret key

I
idsk generated based on the legal identity of the data

owner and the data receiving user’s public key J
idp k ,

finally calculate the proxy re-encryption key from
user i to user j based on the above parameters. The
algorithm is executed in RKG (re-encryption key
generator),

1

( );

( , );
concatArray || || || ;

(concatArray) ;

I J
id id

I J
id id

I
id

N Random n

K e sk pk
K pk pk N

R H sk













（5）

Where， ( , , )
i jid idrk N K R  .

(6) Re ( , , )
i jPRE i id idEnc c rk params : The re-encryption

process is executed by a trusted third-party cloud server.
The re-encryption function encrypts the original

ciphertext into a re-encrypted ciphertext, and the
re-encrypted ciphertext can be decrypted by user j
using his own secret key. The system use the ciphertext

1 2( , )i i ic c c encrypted by user i and the proxy
re-encryption key i jid idrk  of users i to j and related
system parameters as input. After the function calculation
is performed at this stage, the re-encrypted ciphertext

1 2 3( , , )j j j jc c c c is output and stored in the cloud or sent
to the data requester, where

1 2

1 1

2 1 2

3 2

( ,c )

( )

c

i

j i

j i

j i

r H K
c c

c c H r

c





 



（6）

(7) ( , , , )J I
PKE j id idDec c sk pk params : At this stage, the

data receiver requests data sharing and executes the
decryption function of the re-encrypted ciphertext. After
receiving the ciphertext 1 2 3( , , )j j j jc c c c sent by the
proxy server, it uses the secret key J

idsk generated by
the users own legal identity information and the data
owner’s public key I

idpk generated by the identity
information to participates in the calculation, and the data
plaintext requested by the data receiver is calculated by
the following algorithm

1

1 3

3 1 1

1

( ( ), )

( , )

( )

( , )

I J
id id

j

I
id j j

I
j id

K e H pk sk

r H K c

sk c H c

M AES c sk





 





（7）

3.3 Algorithm and attack model
The attack model and algorithm are described in this
section of the paper. First, we analyzed the attack
model. Then we use code to test the algorithm, using
pseudo-code to explain the first encryption, first
decryption, re-encryption, and second decryption in
the scheme.

Attack model:

Fig.2 Attack model.

As shown in the figure 2, a potential attackers analyze the
ciphertext in the system and attack functions such as
ReKeyGenPRE() and ReEncPRE(). In our scheme, although
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the attacker can find the user's public key, he does not
know the user's secret key. Because the first encrypted
ciphertext is generated by the AES algorithm, it is
impossible to decrypt the ciphertext when the attacker
does not know the secret key. In the ReEncPRE() algorithm,
the relevant information can only be known by knowing
the user's secret key. At the same time, the attacker cannot
obtain encryption parameters and decryption parameters.
In summary, the attacker cannot easily obtain the
plaintext.

In our paper, we used pseudo code to describe the
algorithm, which contains EncPRE(), Dec1PRE(), ReEncPRE()
and DecPRE(). As follows:

4. SECURITYAND PROOFOFTHE
SCHEME

4.1 Security of the scheme

Definition4.1 Bilinear Diffie-Hellman problem:
Group 1( , )tG G is a group supporting a pair of
computabing Bilinear mapping 1 2: Te G G G  , and
g is a random generator of 1G . DBDH problem is
a 1(1 ){ , , , , }k

tBGen q G G g e problem. For all input tuple
1( , , , , )a b c

tg g g g T G G  ， it is determined whether T is
equal to ( , ) abce g g or a random element of
group TG in a set of values (where , ,a b c R *

qZ )
[6,18].

Assume k is a sufficiently large safety parameter, for
1( , )tG G polynomial algorithm A ， the following

conditions are satisfied:

$
*, , ;1 ( , , , , ( , ) )a b c abc
qpr a b c Z A g g g g e g g      

$ $
*[ , , ; ;1 ( , , , , ) ] ( )a b c
q Tpr a b c Z T G A g g g g T v k    

Where ( )v  is a minimum value，for all function
satisfied ( )p  ， ( )v k 1/ ( )p k .

Definition4.2 Discrete logarithm difficult problem:
Eliptic Curve Discrete Logarithm Problem (ECDLP),
Given a prime number p and an elliptic curve E , for
Q kP , when p and Q are known, find a positive
integer k less than p . It can be proved that
calculating Q from k and P is easier, but calculating
k from Q and P is more difficult.

In addition, in any group G , a power of s can be
defined for the generator g . It is easier to calculate

s
Tg G , but it is more difficult to find s by inverse

operation.

Definition4.3 The security of AES encryption
algorithm:

(1) Resistance to brute force attacks: packet length
and key length are the main factors for the complexity of
brute force attacks. The key length of the AES algorithm
must meet 128 bits and be the minimum. During the
attack, if 256 keys can be searched in one second, it
would take at least 149 trillion years to crack the key.
Therefore, the AES algorithm can be immune to brute
force attacks.

(2) Resistance to differential analysis and linear
cryptanalysis: differential analysis is mainly to find out
whether the features that appear meets a certain
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probability. If it can be found, then it is possible to
analyze some of the keys in the last round of S-box
analysis. To get all the keys, you need to use an
exhaustive method to test all the keys. The linear analysis
is mainly to find a linear formula that satisfies the
maximum probability of occurrence. After reading the
paper [17], it is known that the 4-round Rijndael
algorithm is sufficient Resist differential cryptanalysis
and linear cryptanalysis attacks.

(3) Ability to resist algebraic calculation attacks:
algebraic calculation attacks are a block cipher attack
method that uses the input or output of a password to
construct a polynomial. In Formula (8), we use an
algebraic formula to briefly describe the Rijndael
algorithm.
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（8）

The main idea of the attack is to use sufficient plaintext
and ciphertext pairs, and then use the Lagrangian
interpolation formula to analyze an approximate
polynomial approximation and obtain a cryptographic
algorithm. If the Rijndael algorithm is attacked by
algebraic calculations, the analysis and research are
carried out with polynomials, but if you want to eliminate
a layer of substructure in formula (8), you must eliminate
all operations contained in the S-box. At the same time,
the expression of the S-box is not only very complicated
but also difficult to attack, so the attack is not established
[19].

(4) Resistance to XSL attacks: Nicolas Courtois and
Josef Pieprayk proposed an attack method called
algebraic calculation attack, and used redundant quadratic
formulas to redefine the Rijndae algorithm in the paper. If
the key is analyzed from a single plaintext in the 128-bit
Rijndael algorithm, it can be converted to a problem of
8000 quadratic formulas, among which there are 1600
algebraic problems, and it is still unknown. The security
of the Rijndael algorithm is mainly because there is no
effective method to solve the above formulas. Shamir et
al. published the XL (ORFXL) algorithm, which pointed
out that the problem of the above algorithm can be solved
in subexponential time. But in actual application, the
Rijndael algorithm is not broken by the XL algorithm. In
the paper published by Nicolas Courtois and Josef
Pieprayk, the idea of improving the XL algorithm is
described, and a new type of XSL attack is designed in
the article. Although in theory, XSL attacks can be used
for any method belonging to block encryption, attacks on
AES in actual systems have no ideal effect [19].

5. EXPERIMENTAND PERFORNANCE
ANALYSIS

The computer used in the test environment of this
program is Lenovo, a computer with Intel i3 2.3GHz
processor and 12GB (memory bar added later) memory.
Using the 2014 version of the Myeclipse console on this
machine, it was implemented with code to test the
performance of the cloud storage system combined with
the AES improved proxy re-encryption module.

(1) ( , , )I
PRE idEnc sk params m

The data owner uses the ( , , )I
PRE idEnc sk params m

encryption algorithm to be executed on the client. In our
scheme, the algorithm at this stage only uses the AES
encryption algorithm, and the number of times the
bilinear mapping participates in the operation is 0, which
greatly reduces the consumption of the system. Therefore,
compared with the traditional proxy re-encryption
algorithm (the standard proxy re-encryption scheme) and
the FH-PRE [6] in this paper, the time consumption in the
encryption process has been greatly optimized.

Fig.3 Computational overhead of ()PREEnc function.

As shown in figure 3, the time consumed by this part of
the algorithm in the encryption process has obvious
advantages over the traditional proxy re-encryption
algorithm and FH-PRE. The average time spent on each
encryption is less than 5ms. According to experimental
data, the more repetitions, the less time it takes. In this
scheme, a 128-bit symmetric encryption key is used, and
the length of the key is acceptable in the system. In the
encryption process, the algorithm in this scheme has
obvious advantages and can meet the performance
requirements of small clients.

(2) 11 ( , , )I
PRE idDec sk params c

In our scheme, the data owner executes a decryption
function on the client to decrypt the original ciphertext.
After executing this decryption function, the data owner
can find the data he uploaded. In this part of the
algorithm, only AES is involved in the calculation, and
the number of times that bilinear calculations are
involved in the calculation is 0, so this function has huge
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advantages in time consumption and system consumption,
and it can be smooth on small clients. Decrypt the
information.

As can be seen from figure 4, compared with FH-PRE
and traditional proxy re-encryption algorithm, the
algorithm at this stage has a very obvious advantage in
terms of time cost. The average encryption operation
takes less than 5ms. Although the decryption object in the
scheme is only the ciphertext of the 128-bit symmetric
key, it will not have a great impact on the overall
performance.

Fig.4 Computational overhead of 1 ()PREDec function.

(3) Re ( , , )I J
PRE id idKeyGen sk pk params

Re ( , , )I J
PRE id idKeyGen sk pk params is a function that uses

the secret key of the proxy authorizer and the public key
of the proxy acceptor to generate the proxy re-encryption
key. Different from the previous encryption and
decryption functions, users only need to perform a
calculation for each file when uploading and
downloading. The authorization operation is that the data
owner authorizes a user to execute it once, so in the case
of multiple users, this function will be executed multiple
times, so the performance of this function has a relatively
large impact on the performance of the overall solution.
In this system, the number of bilinear mapping used in
this step is only once.

Fig.5 Computational overhead of Re ()PREKeyGen

function.

It can be seen from figure 5 that the average time for an
authorization proxy re-encryption in this scheme is

between 18ms and 20ms. An authorization in FH-PRE
takes 20 to 24ms, while this process in the standard
scheme takes 43.5 to 48ms, it can be seen from the
experimental data that the re-encryption key generation
function in this scheme requires lower system
consumption and shorter time consumption, and has
certain advantages in performance.

(4) Re ( , , )
i jPRE i id idEnc C rk params

It can be seen from figure 6 that the proxy re-encryption
cloud storage scheme improved by AES takes less than
5ms each time during the re-encryption process, and the
time cost of FH-PRE in this process is the same as the
traditional proxy re-encryption algorithm. The cost is
similar, and each encryption operation takes about 11ms
on average. The improvement plan has an obvious effect
on the calculation cost. The more cycles, the less time it
takes each time. At the same time, the object of
re-encryption is also the ciphertext of the 128-bit
symmetric key, which does not affect the overall
usability.

Fig.6 Computational overhead of Re ()PREEnc function.

(5) ( , , , )J I
PKE j id idDec c sk pk params

Fig.7 Computational overhead of ()PKEDec function.
The decryption re-encrypted ciphertext function is used
by the user to decrypt the re-encrypted ciphertext when
using the data shared by the data owner, and is executed
on the client. In this system, the number of times of
bilinear mapping used in this step is only once, so the
performance is also greatly improved. It can be seen from
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figure 7 that that the decryption and re-encryption
ciphertext process time of this scheme and FH-PRE
scheme is similar. This scheme and FH-PRE takes 15 to
17 ms to decrypt a re-encryption ciphertext, while this
process in the standard scheme It takes 40 milliseconds,.
In comparison, this scheme is also greatly improved.

6. CONCLUSION

Combined with the characteristics and requirements of
the cloud environment, this scheme proposes an
improved identity-based proxy re-encryption cloud
storage scheme combined with AES. The improved proxy
re-encryption scheme has the following advantages:

(1) In the proposed improved proxy re-encryption
scheme, the data owner decides whether to share the data
with other users. At the same time, we use the Java
programming language to implement the improved
algorithm;

(2) Usually in the proxy re-encryption scheme, the client
relies on the proxy in the cloud for computing overhead,
leading to the PRE scheme Brings huge system
consumption to the agent in the cloud. In the
improvement of this scheme, the time-consuming
re-encryption of some functions has obvious advantages,
which reduces the system consumption of cloud service
providers;

(3) The idea of this scheme through key encapsulation,
use symmetric encryption to encrypt user data to reduce
the amount of calculations operated by the public key
cryptographic algorithm; then, an improved
identity-based re-encryption algorithm is used to encrypt
the symmetric key, which reduces the number of bilinear
mappings and optimizes performance without affecting
security.
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Abstract 

Model predictive control (MPC) is widely accepted and 

has been chosen as a new way for deviation correction in 

vertical drilling. However, the accuracy of the prediction 

model is affected due to the uncertainty of the stratum, 

and lead to model mismatch and reduction of the control 

performance. In this paper, an intelligent compensating 

method is proposed for MPC-based deviation correction 

with stratum uncertainty in vertical drilling process to 

increase the control accuracy. Firstly, the trajectory 

extension model is introduced as the predictive model for 

MPC and the uncertainty of the stratum is discussed. 

Then, the compensation for MPC is acquired based on the 

hybrid bat algorithm. Finally, based on the raw data 

collected from a vertical drilling site, a simulation is 

carried out to demonstrate the effectiveness of the 

proposed method. 

Keywords: Model predictive control, deviation 

correction control, vertical drilling, intelligent 

compensating method.  

1. INTRODUCTION

Deviation correction control is one of the key 

technologies in vertical drilling process. The purpose of 

the deviation correction control is to correct inclination 

angle and position deviation to be zero, and maintain the 

drilling trajectory to be straight along with the plumb line 

of the wellhead. The quality of drilling trajectory is 

determined in large part by the performance of the 

correction control. 

The early deviation correction control methods are 

mainly manual control methods based on manual 

experience [1]. However they have gradually been 

replaced by many modern control methods, such as 

deviation vector control theory, attitude-hold control 

method and model-based robust Control et. al [2-4]. In 

recent years, model predictive control (MPC) is widely 

accepted and has been chosen as a new way for the 

deviation correction control in vertical drilling, because 

of its strong ability to cope with constraints and higher 

control performance. Martin et al. provided a MPC 

scheme for drilling to deal with system delay [5]. 

Demirer et al. considered a long-range behavior of 

bottom hole assembly (BHA) and built a MPC tracking 

controller considering curvature constraints for 

directional drilling, and had applied successfully in field 

tests [6]. Zhang et al. established a MPC based on a 

trajectory extension model considering angle limit and 

build up rate constraints in vertical drilling [7]. 

However, due to the uncertainty of the stratum, it is hard 

to establish accurately drilling model. Poor modeling 

accuracy will lead to model mismatch in MPC, as well as 

the bad correcting performance. The most common way 

for dealing with this problem is compensation. Farina et 

al. provided an output feedback MPC with the 

Chebyshev–Cantelli inequality to deal with a possibly 

unbounded additive noise [8]. Tang et al. established an 

observer-based output feedback MPC for T-S fuzzy 

system with bounded disturbance [9]. Shi et al. used a 

Kalman filter to compensate the MPC for attenuating the 

effect of the disturbance on yaw performance [10]. 

Buddhadeva et al. provided an adaptive Lyapunov-based 

model to deal with the model mismatch of MPC [11]. 

Although there are many works about feedback 

adjustment method in many other industry applications, it 

is still no effective way to deal with the model mismatch 

for MPC-based deviation correction in vertical drilling.  

In this paper, an intelligent compensating method for 

MPC-based deviation correction with stratum uncertainty 

in vertical drilling process is proposed for MPC to 

increase the control accuracy. Firstly, the trajectory 

extension model is introduced as the predictive model for 

MPC and the uncertainty of the stratum is discussed. 

Then, the compensation for the MPC is acquired based on 

the predictive model by the hybrid bat algorithm in [12]. 

Finally, based on the raw data collected from a practical 

vertical drilling site, a simulation is carried out to 
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demonstrate the effectiveness of the proposed method. 

The contribution of this paper is to find a way to 

compensate the control output, in order to deal with the 

model mismatch. 

2. TRAJECTORY EXTENSION MODEL
AND PROBLEM DESCRIPTION

This section describes the trajectory extension model 

given by [7]. Then, control problems of this paper are 

discussed based on this model. 

2.1 Trajectory extension model 

The deviation correction process discussed here can be 

described as Fig. 1. The schematic shows the movement 

of the BHA and the formation of drilling trajectory in 

comprehensive perspective. In order to quantitative 

analyze the drilling trajectory, an orthonormal Cartesian 

coordinate system under ground is established as shown 

in Fig. 1, where XOZ is parallel to the Earth plane and 

the Y-axis goes along the north. The curve is defined as 

the drilling trajectory, and BHA’s states of point P are 

shown by the curve. According to [7], the trajectory 

extension model can be established to describe the 

deviation correction process as (1): 
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(1) 

where xS and yS are components of the position 

deviation, as the x  and y are components of the

inclination angle. tf  and SR are magnetic tool face

angle and steering ratio respectively. Build up rate r is the 

maximum deflection capability of BHA, and 

 0,  SR rr denotes the real deflection capability that

BHA provided. As the existence of the stratum 

uncertainty, there are some uncertainty parameters in this 

model. The stratum uncertainty is independent with BHA, 

the additive uncertainties x  and y are utilized in this

paper to quantitative describe the uncertainty. 

Trajectory extension model is used to describe the 

vertical drilling process in the form of mathematic, and it 

is also an important basis for establishing the predictive 

model of the MPC controller in this paper. 

2.2 Problem description 

Deviation correction control is aiming to decrease 

X

Z

O

Y

P



S



xS

yS

zS

yS

xS

'S

Fig. 1 Deviation correction process 

the deviation of drilling trajectory include position 

deviations xS , yS , and inclination angles x and

y by adjusting the magnetic tool face angle tf and the

steering ratio SR .

Besides, as the limited drilling condition, there are some 

constraints in practical drilling. The measurement interval 

is the time of drilling for a certain distance according to 

process requirement. In order to ensure the quality of 

vertical trajectory, the inclination angle is required to be 

less than around max . Moreover, the build up rate r

which is provided by BHA should be less than its 

deflecting limit, this limit is defined by the parameters of 

BHA [13]. 

The control problem shown above had been well 

addressed with a MPC controller in [7]. The control 

construction is shown in Fig. 2.  

where inr is the reference values of 

[ ,  ,  ,  ]x y x yS S   , outO  is trajectory parameters 

[ ,  ,  ,  ]x y x yS S   , and outO  represents the  trajectory 

parameters [ ,  ,  ,  ]x y x yS S    calculated by the 

trajectory calculation model. Vertical drilling process can 

be defined as trajectory extension model, and the 

minimum curvature method is selected to be the 

trajectory calculation model [14].  

However, as the uncertainty x  and y are not zero, it

will make the accuracy of predictive model be decreased, 

and finally lead to model mismatch in MPC control. That 

is a serious problem for deviation correction control, 

which will make it difficult to adjust drilling trajectory. 

For this reason, a compensation generator is going to be 

established to find the proper compensation ,  tf SR   is 

going in this paper for the MPC controller to counteract 

the effects of model mismatch cause by the uncertainty 

x and y , as shown in Fig. 2.
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Fig. 2 MPC control and the compensation 

3. INTELLIGENT COMPENSATION
METHOD 

In this section, Gaussian fitting method is explored to 

analyze the probability density distribution of the 

uncertainty, and the hybrid bat algorithm is utilized to 

acquire the compensation for MPC controller. 

3.1 Structure of the compensation generator 

In order to make the compensation generator be able to 

deal with various uncertainties, it is mainly established 

with an intelligent optimization algorithm. Structure of 

the compensation generator is shown in Fig. 3. Two 

stages are included in the compensation generator. 

The main purpose of stage 1 is to get the probability 

density distribution of the uncertainty from the trajectory 

parameters, thereby determining parameters of the 

trajectory extension model (1). Gaussian fitting method is 

selected to acquire this probability density distribution. 

The main purpose of stage 2 is to get the most proper 

compensation by a hybrid bat algorithm based on the 

trajectory extension model acquired from stage 1. The 

hybrid bat algorithm ensures the compensation generator 

be able to deal with various uncertainties. 

3.2 Probability density distribution of the uncertainty 

We consider that the distribution of the uncertainty in one 

well section is constant or changes slowly，as one drilling 

trajectory is consist of several well sections. Probability 

density distribution of the uncertainty can be acquired 

from the trajectory parameters.  

Fig. 4 shows the build up rates provided by BHA in one 

well section from a practical drilling site. It can be seen 

after performing statistical analysis on this data that the 

build up rate is mainly within 4.5~7.5°/30 m, the 

probability that build up rate is within 0~1.5°/30 m or 

Optimization with hybrid bat algorithm 

Trajectory 

extension model

Gaussian 

fitting

Original drilling data

MPC control simulator

RMSE of steady state error 

Model 

parameters

Trajectory 

parameters

Trajectory 

parameters

Parameters 

of BHA

Offset well 

information

Initial 

state

Compensation

Build up 

rate r

Compensation generator

Stage 1

Stage 2

 ,  ,x y   

,  
tf SR

  

Fig. 3 Structure of the compensation generator 

Fig. 4 Distribution of the uncertainty 

9.0~10.5°/30 m is much smaller. That means the 

probability density distribution of build up rate provided 

by BHA is unimodal. So Gaussian fitting method can be 

used to acquire the probability density distribution of the 

uncertainty. 

3.3 Optimization of the compensation 

Based on the probability density distribution of the 

uncertainty and the trajectory extension model, the 

optimization problem is organized as shown in Fig. 5. 

In order to ensure that the compensation can counteract 

the effect of the uncertainty under the probability density 
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, 

min
tf SR

J
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2 2( ) ( )
n

x y
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Fig. 5 Optimization of the compensation 

distribution, a optimization method is selected to find the 

most proper compensation during vertical drilling. The 

results of basic MPC in [7] is selected to be the fitness 

function. What the difference is that the trajectory 

extension model suffers uncertainties with the probability 

density distribution shown in section 3.2. The output of 

the fitness function is root mean square error (RMSE) of 

steady state error. RMSE will be different by adjusting 

the compensations tf  and SR . 

Based on the fitness function, the optimization objective 

can be written as (2): 

2

,

2

 
min ( ) ( )
tf SR

n

x y

i m

J S k i S k i
  




    (2) 

where ( ),  ( )x yS k i S k i  is the position deviation at 

time ( )k i , m is the time when the system enters steady 

state phase, n is the duration of the simulation. J defines 

the performance of the compensation. Then a global 

optimization algorithm named hybrid bat algorithm is 

used to find the most proper compensation of this 

deviation correction process. In addition, the end 

condition of the optimization is iterations M , where 

M is a positive integer. 

As the density distribution reflects the uncertainty of the 

whole well section, the compensation which is found in 

stage 2 is unnecessary to be updated until the drill bit 

reaches the next well section. The MPC controller can 

use the same compensation in one well section. 

4. SIMULATION AND RESULT ANALYSIS

Based on the raw data collected from a vertical drilling 

site, a simulation is carried out to demonstrate the 

effectiveness of the proposed method. Using the 

improved trajectory extension model to describe the 

vertical drilling process, simulations are carried out to 

test the deviation correction capacity for the case of 

vertical drilling. According to [7], the parameters of 

simulation are selected as follow. Rate of penetration 

ROP S  is 30 m/hr, the control cycle T is 0.3 hr. For 

constraints the maximum deflection capability of BHA r 

is 6°/30 m, and max is 3°. Parameters of MPC are that:

p and c is 5, R is diag(50000,50000), Q is 

diag(0.1,10,0.1,10). 

According to data from an actual drilling site, the 

horizontal deviation between actual trajectory and the 

reference is 8.82 m in XOZ plane at 600 m measured 

depth (MD), meanwhile the horizontal deviation is 1.51 

m in the YOZ plane, the inclination angle is 1.5°, the 

azimuth angle is 35.9°. The uncertainty of the hole well 

section is assumed to be , (0.54,  0.36)x y   . In order 

to validate the validity of the proposed method, a 

comparison with MPC in [7] has been conducted. Fig. 6 

shows simulation results of xS and yS , Fig. 7 shows

simulation results of xyS and  , Fig. 8 shows 

simulation results of tf  and SR . Table 1 is the results

of 20 times Monte Carlo simulations, it assumes that the 

deviation adjustment of these two methods enters steady 

state phase at 780 m. 

Here, both of these two methods can correct the deviation 

of drilling trajectory, but the results are different. The 

position deviation xS and yS of the proposed method 

are eliminated to zero at nearly 780 m MD, as it can deal 

with constrains well. The position deviation xS  and yS

of the MPC is corrected to be small at nearly 870 m. The 

RMSE of the proposed method is 0.0183, and the RMSE 

of the MPC is 4.6136. So, as the results show, the 

proposed method has better converge and smaller steady 

state error than MPC. 

In conclusion, the proposed method can efficiently 

address the problem of model mismatch for deviation 

correction control of vertical drilling, and increases the 

accuracy of MPC. 

5. CONCLUSION

In this paper, an intelligent compensating method for 

MPC-based deviation correction with the stratum 

uncertainty in vertical drilling process has been proposed 

for model predictive control to increase the control 
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Fig. 6 Simulation results of xS and yS

Fig. 7 Simulation results of xyS and   

Fig. 8 Simulation results of tf and SR

accuracy. Two steps compensation generator has been 

provided, and the probability density distribution of the 

uncertainty from trajectory parameters is acquired 

through Gaussian fitting method and parameters of the 

trajectory extension model are determined at step 1. The 

most proper compensation is acquired by the hybrid bat 

algorithm to resolve the effect of the uncertainty of 

stratum at step 2. 

According to the simulation results, the proposed method 

has better converge and smaller steady state error than 

MPC. It can efficiently address the problem of model 

mismatch for deviation correction control of vertical 

drilling, and increases the accuracy of MPC. 
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Abstract 

Based on the single-phase photovoltaic grid-connected 

inverter, a control strategy combining traditional PID and 

dynamic optimal control algorithm with fuzzy neural 

network was proposed to effectively improve the dynamic 

characteristics of grid-connected inverter system. The 

fuzzy inference rule was established after an analysis of 

the PID controller for its proportional coefficient, integral 

coefficient and differential coefficient. A fuzzy neural 

network was applied to make automatic adjustment to the 

parameters of PID controller, based on which the proposed 

dynamic optimization algorithm was deduced in theory. 

According to the simulation and experimental results, the 

method is effective in making the system more robust to 

external disruption due to its excellent steady-state 

adaptivity and self-learning ability.  

Keywords: Single-phase inverter; Fuzzy neural network; 

PID controller. 

1. INTRODUCTION

PWM inverter is a device that converts DC power into AC 

power by exercising control over the switch of 

semiconductor. Due to its simple principle, excellent 

universality, and stable output voltage, it has been widely 

applied in such fields as photovoltaic power generation, 

wind power generation, industrial control and so on[1]. At 

present, the control strategies commonly adopted by PWM 

inverter system include conventional PI control, double 

closed-loop control, repetitive control, frequency control, 

fuzzy control and neural network control, etc. 

Conventional PI control is characterized by the simplicity 

in structure, high reliability and excellent stability. 

However, the system is incapable of quickly restoring the 

equilibrium state in case of overset induced by abrupt 

disruption. Despite the remarkable dynamic and static 

characteristics shown by double closed loop control, there 

will be corresponding control effect produced to eliminate 

the deviation if the controlled variable deviates from the 

specified value[2,3]. Consequently, the interference 

difference would be reduced by control accuracy. Though 

repetitive control is effective in making the system capable 

of static error-free tracking, but it is inevitable to cause a 

significant deterioration of dynamic performance[4]. 

Frequency control shows such advantages as instant 

response, the direct adjustment to oscillation frequency 

and low distortion. Nevertheless, it lacks robustness[5]. 

Fuzzy control demonstrates an impressive robustness and 

adaptability. However, it lacks systematicness and the 

ability to define control objectives[6-8]. Neural network 

control is capable of self-learning and highly efficient in 

finding the optimal solution, which makes it suitable for 

both linear and nonlinear systems[9,10]. 

Furthermore, fuzzy neural network control with PID 

control were combined in this paper to develop a PID 

controller parameter optimization technology based on 

fuzzy neural network. Based on the uncertainty 

information processing ability of fuzzy theory and the 

self-learning ability of neural network, the fuzzy neural 

network was applied to adjust the PID controller 

parameters, thus achieving the effective control over the 

output voltage of the inverter 

2. MATHEMATICAL MODEL OF
PHOTOVOLTAIC GRID-CONNECTED 

INVERTER 

Photovoltaic grid-connected inverter is diversified in 

terms of topological structure. In this paper, single-phase 

grid-connected photovoltaic inverter was taken as the 

research object. As shown in Figure 1, the first half is the 

boost chopper circuit, which is capable to obtain the power 

point of the system. The second part is comprised of the 

inverter and filter circuit in the photovoltaic inverter 

system, for converting electric energy from direct current 

to alternating current without changing the frequency and 

phase of the grid voltage. It not only plays a crucial role in 

making the whole system interconnected, but also 

determines the quality of power from the photovoltaic 

system to the grid. The control of grid-connected inverter 

is a closed-loop double loop that consists of a 

grid-connected current inner loop and a DC voltage outer 

loop. The inner loop of grid-connected current is a PID 

controller based on fuzzy neural network. 

In this paper, LC filter was adopted to improve the quality 
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of current for the power grid, thus preventing the sensitive 

equipment in the power grid from being disrupted by the 

harmonics in the alternating current outputted by the 

inverter[11,12]. The switching tubes 1T 、 2T 、

3T and 4T comprise two pairs of bridge arms. In order to 

avoid the short circuit of the power supply, the upper and 

lower switching tubes of the same bridge arm work in a 

complementary way, with the inductor on the inverter 

side 1L and the filter capacitor 1C comprising the

LC filter. 

In Figure 1, current 1i was taken as the state variable,

which came from the output of the inverter and flew 

through the filter inductor L . According to KVL law: 

1 1
1 2 13 L

L di
U U i R

dt
   (1) 

1T

2T

3T

4T

1L

C








1i
PV

L

T
2UC 1U

Fig.1 Schematic diagram of two-stage grid-connected 

inverter. 

According to Formula (1), the transfer function of 1i after

Laplace transform was: 

1 1 2

1
(s) [ (s) (s)]

s+R L

I U U
L

  (2) 

In the aforementioned formula, 1U represents the output

voltage of the inverter bridge, 2U indicates the output

voltage of the inverter, 1i denotes the current flowing

through the inductance at the side of the network, and 

“s” refers to the Laplace operator. LR is defined as the

equivalent resistance of the inductor coil and AC 

feedback inductor coil. After passing through the LC  

filter and being incorporated into the power grid, 1U is 

treated as the standard sinusoidal wave. 

Herein, since the unstable load system is connected to the 

grid, which means the load changes on a frequent basis, 

the fluctuation of net voltage results. Therefore, in order 

to suppress the oscillation caused by the fluctuations of 

power grid voltage, the control system is supposed to be 

added with the power grid voltage feed-forward 

link. refI indicates the current reference, denotes the

current feedback value of the grid side, and refers 

to the inverter unit. Figure 2 illustrates how the grid 

current control works. 

 PID



refI

gI

2U

1s T

K

L
RL s

1
1I

Fig.2 Structure chart of grid-connected current control. 

3. ESTABLISHMENT OF FUZZY NEURAL
NETWORK 

3.1 Principle Of Fuzzy Neural Network PID Control 

Referred to as a technology that integrates the powerful 

structural knowledge expression enabled by fuzzy logic 

reasoning and the excellent self-learning ability of the 

neural network, fuzzy neural network (FNN) is a 

combination of fuzzy logic reasoning and neural network. 

In this paper, the fuzzy neural network was applied to 

construct three fuzzy neural networks for the three 

parameters of PID, based on which the changes in 

parameters can be predicted. Figure 3 shows the schematic 

diagram of the fuzzy neural network PID closed-loop 

control system. 


de dt





pk ik dk

FNN

PID Controller Obeject of control

)(kr
)(ky

)(ke

Fig.3 Structure chart of fuzzy neural network PID 

closed-loop control system. 

In this network, the input error e and the error change rate 

ce are taken as the changes to PID control parameters

according to the rules applied to the fuzzy neural network. 

)()()( kykrke   (3) 

When the input signals are propagated forward, the input 

signals e and ce would enter the neural network from the

input layer. After the sum of each layer is weighted and 

various functions of the activation function are fulfilled, 

the input signals e and ce would be inputted by the output

layer.If the expected error value is set to "e<0.01",In case 

that the deviation between the output results obtained by 

network    、 ik 、 dk and expectations fails to achieve 

the goal, it would proceed to the stage of error back 

propagation, while the error signal would be propagated 

back from the output layer along the direction of the 

network to the input layer in steps. In the meantime, the 

network weights and thresholds at this stage would be 

adjusted according to the error gradient value, with the 

distance between the network output and the desired 

results reduced layer by layer, thus approaching the 
gI

pk

s+1

K

T
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expected value. The loop iteration is conducted on a 

continued basis in these two stages until the desired output 

of the network is achieved, thus improving the dynamic 

and static performance for the controlled object. 

3.2 Forward Propagation 

The input error signal e and error rate signal ce collected 

by the fuzzy neural network PID controller are applied to 

fuzz the input signal and convert it into a language variable 

value with a specific meaning. There are two input 

variables required as input for the fuzzy controller, 

including deviation e and deviation change rate ce . The 

language variable value is selected as “negative (N), zero 

(Z) and positive (P)”. The Gaussian membership function

is treated as the membership function. 

The fuzzy rule base is obtained by means of induction. 

Based on the fuzzed input variables, the language variable 

values of output variables    、 ik and dk are obtained 

by looking up the table. As the input 

variables e and ce contain 3 language variable values,

respectively, the number of fuzzy rules is set to 9. After 

fuzzing and fuzzy reasoning, the solution is fuzzily 

transmitted to the output layer, based on which three 

adjustable parameters    、 ik and dk controlled by

PID are obtained. Figure 4 shows the schematic diagram 

of the fuzzy neural network of     , that is, 2x3x9x9x1. It 

consists of five layers, which are input layer, membership 

layer, rule layer, back layer and output layer. 



















e

ce

pk  d

)( ixG
ir

i

W

Fig.4 Topology diagram of fuzzy neural network. 

The processing of each layer of fuzzy neural network 

controller is detailed as follows: 

The first layer: input layer, error e and error change ce are 

treated as the control input. 

1 2, , ( , ) , 1,2; 1,2,3c mx e x e X m n x m n     (4) 

The second layer: fuzzy layer. The error e and error 

change ce are fuzzily processed by Gaussian membership

function. mn represents the average value of the n th

Gaussian function mapping of the m th fuzzy variable, and 

mn refers to the variance value of the n Gaussian

function mapping of the m th fuzzy variable: 

2

2

( )
( ) exp[ ]

2

n mn
m

mn

x
G x





 
 (5) 

The third layer is also known as the “sum” layer, where the 

number of nodes in this layer is the product of the number 

of fuzzy sets (that is, the number of rules) of each input 

variable, with each node of the layer indicating the first 

part of the rule. 

1 1 2 1 3 1

1 2 1 2 1 2

1 2 2 2 3 2

1 2 1 2 1 2

1 3 2 3 3 3

1 2 1 2 1 2

(1) G *G (2) G *G  (3) G *G

(4) G *G  (5) G *G (6) G *G

(7) G *G (8) G *G  (9) G *G

  

  

  

  

  

  

(6) 

The fourth layer is the output layer, the purpose of which is 

to perform defuzzification. The neurons in this layer 

represent the output variables, and the output can be 

obtained by means of area-center defuzzification. 

1 1

(k 1,...,M; 1,..., )

L L
p p p

k nk n n

n n

y W

P P

 
 



 

 
(7) 

P indicates the number of training modes, L denotes the 

total number of the fuzzy rules of the third layer, while 

nkW represents the weight coefficients of,  , ik , and dk , 

respectively. 

3.3 Error Back Propagation 

When the outputs    , ik , and dk as obtained by the

network fail to approach the expected values, it would 

enter the stage of error back propagation. To be specific, 

the error signal would undergo a back propagation from 

the output layer along the direction of the network to the 

input layer in steps. At this stage, the weights and 

thresholds of the network would be adjusted according to 

error gradient values, while the deviation between the 

output results of the network and expected results would 

be progressively reduced layer by layer, thus approaching 

the expected value. The loop iteration is continuously 

conducted in these two stages, until the desired output of 

the network is obtained.  

The actual output is defined as: 

1

L
l T

z l z z

l

y r w r w


  (8) 

{1,2,3}z  , L indicates the number of fuzzy rules,

r denotes the output number of Gaussian function 

mapping, and d stands for the expected value. Given all 

the p training vectors as
1 2{ [  ... ] | 1,..., }L T

i i i ir r r r i p  . 

pk

pk

pk
pk

pk
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In the matrix symbol, it is specified that: 

1 2

1 2

1 2

[ , ..., ]

[ , ..., ]

[ , ..., ]

p

p

p

R r r r L P

Y y y y P Z

D d d d P Z

  

  

  

(9) 

The effective output matrix Y can be expressed as: 

TY R W (10) 

The aforementioned J can also be reorganized using 

matrix notation. Thus, the error function E is defined as: 

TE Y D R W D    (11) 

As the weighted matrixW is required to be updated (or 

trained), the effective output zy is capable of convergence

to the required output zd . Thus, the objective function of 

total squared error J is expressed as follows: 

2

1 1

1
( )

2

P Z
p p

z z

P Z

J y d
PZ  

  (12) 

In order to updateW , the error back propagation method 

is applied to the weight, based on which the chain rule is 

applied to obtain: 

1

1
|

J
W W W RE

W PZ
      


   


(13) 

The update of fuzzy neural network (FNN) premise part: 

( 1) ( )

( 1) ( )

mn mn

mn

mn mn

mn

J

J

    


    


 
    

 
   

  

   (14) 

mn is the mean of
thn membership function 

of
thm input. mn is the variance of

thn membership

function of
thm input. J is the mean square error. is the 

fixed learning rate for the BP algorithm in the premise 

part. 

After training, it is assumed that the error is zero to obtain 

the matrix form
TD R W . It is worth noting that the 

learning rate for each iteration in the back propagation 

process is assumed to vary, which means the learning rate 

is not fixed. The theorem of optimal learning rate  is 

expressed as follows. 

Theorem: The minimum value of optimal learning rate 

 defined in Formula (13) is obtained from quadratic

polynomial
2a b   , where 0a  and 0b  are 

determined by training vector r , expected output 

vector d and weighted matrixW . 

Proof: First of all, the stable range of  must be found in 

the first place. To achieve this purpose, the Lyapunov 

function is defined as
2U J , and the change of the

Lyapunov function is
2 2

1U J J    . If system

response can be stabilized if 0U  ,then 1 0J J    can be 

obtained through detailed deduction: 

1

1

2 2

2

1
[( ) ]

1
[( ) ]

2
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T T

T T T

J J Tr PZ E R RE
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a b

    

  

 





 








 



  

  (15) 

To satisfy Formula (15),
2 0a b    . As 0a  , 

there is a clear range of stability. Then a and b are 

expressed as: 

3

2

3

1 1 1 1

1
( ) [ ]

2
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T T T
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(17) 

Apparently, Formulas (16) and (17) contain a quadratic 

matrix, for which a is supposed to be greater than zero 

and b ought to be lower than zero. Thus, 

2

1 0J J a b        (18) 

i j

2/)( jiopt  



 JJ 1

 ba 2

0a

Fig.5 Parabolic path. 

In order to satisfy Formula (15), there must 

be
2 0a b   . As 0a  , it is evident that the range 

of stability for  is        , where i and j are the two 

roots of
2 0a b   . From Figure 5, it can be 

concluded that the optimal is    the median of i and 

( ; )i j 

opt j
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( ) 2opt i j    (19) 

This is because the symmetry of the parabola shown in 

Figure 5 not only ensures the stability of the training 

process, but also achieves convergence at the fastest pace. 

4. SIMULATION EXPERIMENT

For a comparison to be performed between the fuzzy 

neural network PID control and BP neural network, the 

model of single-phase photovoltaic (PV) grid inverter was 

constructed in Matlab using the control strategy that 

combined the proposed fuzzy neural network and PID 

control, while the fuzzy neural network algorithm was 

applied to set the three parameters related to PID controller, 

including   , ik , and dk , thus making the output error 

satisfy the requirements for synchronization. The main 

circuit parameters of the simulation include: ambient 

temperature:25℃, light intensity: 
21000 /W m , 

switching frequency:10k Hz, filter inductance: 4L mH , 

capacitance: 0.6C F , AC output voltage of inverter: 

220V/50Hz. 

Figure 6 shows the voltage and current waveform of 

single-phase grid-connected photovoltaic inverter under 

the control of fuzzy neural network PID. The optimization 

strategy proposed in this paper is proven to be effective in 

enabling the grid-connected current to track the grid 

voltage in a more efficiently and accurate way, thus 

achieving the identical frequency and phase for the two. 
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Fig.6 Load output voltage and current signal of fuzzy 

neural network PID control. 

As shown in Figures 7 and 8, in comparison with BP 

neural network control, the load voltage waveform of the 

inverter controlled by fuzzy neural network PID is 

smoother and closer to the reference voltage. Therefore, 

the output voltage of the inverter controlled by fuzzy 

neural network PID control achieves a higher steady state 

precision and a greater response speed. According to 

Figures 9 and 10,through comparison and analysis of the 

load voltage THD controlled by the fuzzy neural network 

PID, it can be known that the harmonic count of output 

voltage for the inverter using the fuzzy neural network PID 

control is lower. Under the context of fuzzy neural 

network PID control, the grid-connected current error is 

0.02s. In the meantime, the current tracking error enters its 

steady state. 
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Fig.7 Load output voltage signal of BP neural network 

PID control. 

Signal

0 0.02 0.04 0.06 0.08 0.1 0.12 0.14 0.16 0.18 0.2

Time (s)

-200

-100

0

100

200

S
ig

n
a

l m
a

g
.

Selected signal: 10 cycles. FFT window (in red): 1 cycles

Fig.8 Load output voltage signal of fuzzy neural 

network PID control 
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0 2 4 6 8 10 12 14 16

Harmonic order

0

5

10

15

20

25

30

M
a
g

 (
%

 o
f 

F
u

n
d

a
m

e
n

ta
l)

Fundamental (60Hz) = 26.99 , THD= 40.88%

Fig.9 Load voltage THD analysis of BP neural 

network PID control. 
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Fig.10 Load voltage THD analysis of fuzzy neural 

network PID control. 

5. CONCLUSION

In this paper, the fuzzy neural network PID controller 

was constructed based on the uncertainty information 

processing ability of fuzzy theory as well as the 

self-learning ability of neural network. Then, the 

real-time parameter update to a new fuzzy neural 
network was carried out. As indicated by the 

simulation results, the PID parameters based on fuzzy 

neural network demonstrate an outstanding 

pk
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self-learning ability and adaptive ability. After training, 

the parameters could be effectively controlled in the 

grid-connected current, with the load voltage showing 

not only a lower THD value but also a superior steady 

and dynamic performance. 
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Abstract

This paper presents a repetitive-control method based on
particle swarm optimization (PSO) with variable interval
to enhance tracking performance for T-S fuzzy systems.
First, T-S fuzzy model is used to describe a nonlinear
system. A modified repetitive control structure with two
repetitive loops guarantees the tracking accuracy of
periodic signals. Taking advantage of the two-
dimensional (2D) property with continuous control and
discrete learning, a continuous-discrete 2D model is
presented to describe the nonlinear repetitive-control
system. Next, a multi-stage PSO algorithm with variable
interval searches for the best parameter combination in
the linear matrix inequality-based stability condition to
regulate the control and learning actions, which avoids
falling into a sub-optimal solution and guarantees high
control accuracy. Finally, an application to speed control
of a permanent magnet synchronous motor demonstrates
the validity of the method and comparisons with related
methods show the superiority.

Keywords: Two-dimensional repetitive control, Multi-
stage particle swarm optimization algorithm with vari-
able interval, Takagi-Sugeno fuzzy model, Permanent
magnet synchronous motor.

1. INTRODUCTION

In industrial applications, many servo systems need to
deal with periodic control tasks. The repetitive control
method [1] based on the internal model theory is an
alternative to solve this problem. But it’s difficult to
stabilize the system due to a pure-delay positive-feedback
loop in the repetitive controller. The modified repetitive
controller (MRC) [2] was developed by inserting a
low-pass filter into the delay line. Moreover, the
repetitive controller guaranteed the system stable by
sacrificing high-frequency performance.

There are two kinds of actions in a repetitive control
process: continuous control and discrete learning, which
means that repetitive control has two-dimensional (2D)
properties. A continuous-discrete 2D hybrid model was
proposed [3, 4], and it converted the control problem of a

modified repetitive control system (MRCS) to the
stability of the 2D system. And two parameters were used
during the Lyapunov stability analysis to adjust control
and learning actions. It’s noticed that those researches
were considered mainly in the linear system. However,
most physical systems have various nonlinearities, which
will deteriorate the control performance of the systems.

On the other hand, a Takagi-Sugeno (T-S) fuzzy model [5]
is an alternative way to deal with nonlinear systems
stabilization, regulation and tracking control problems [6,
7]. It uses local linear models combined with fuzzy
membership functions to describe a nonlinear system.
Therefore, the linear system theory can be directly used
to the nonlinear system, which makes it receive a great
deal of attention. A T-S fuzzy model has been widely
used to complex nonlinear systems, such as a nonlinear
system with parameter some uncertainties and
disturbances [8] and a discrete nonlinear system [9], etc.

An MRC with two repetitive loops was used to improve
the tracking performance of the nonlinear system. The
parameter in one of the repetitive loop can balance
control and learning action [10]. However, those two
actions were blent up by a low-pass filter in the MRCS,
which made the parameter selection more difficult.
Therefore, it’s necessary to find an approach to select
parameters efficiently. Intelligent optimization methods,
such as genetic algorithm (GA) and particle swarm
optimization (PSO) algorithm, etc, have the advantages of
fast, high efficiency and high precision. Among them, the
PSO algorithm features a simple structure and easy
implementation. It could be used to search for the
parameter combination [11]. However, the complex
relationships among parameters made the classical PSO
algorithm easy to fall into a sub-optimal solution, which
was a difficulty to be solved urgently. Some researchers
improved the ability of the PSO algorithm to jump out of
a sub-optimal solution by adjusting inertia weight [12] or
initializing particle population [13], etc.

In this paper, a PSO-based MRCS is designed to deal
with the problem of periodic tracking for the nonlinear
system. A T-S fuzzy model is designed to describe the
nonlinear system. An MRC, which has an additional rep-
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Fig. 1. Configuration of MRCS

etitive loop, is used to obtain the satisfying tracking
performance. A 2D hybrid model is established and an
LMI condition guarantees the asymptotical stability of the
system. And a multi-stage PSO algorithm with variable
interval is given to search for the optimal parameter
combination so that both transient and steady-state
performance can be improved. Finally, the effectiveness
is verified by numerical simulation and comparative
experiments.

2. PROBLEM FORMULATION

In this paper, the periodic tracking control problem is
considered for the nonlinear system based on a T-S fuzzy
model, which is capable of approximating any smooth
nonlinear system using IF-THEN fuzzy rules. The
configuration of MRCS (Fig. 1), has three parts: T-S
fuzzy systems, an MRC with two repetitive loops and a
state-feedback controller.

The nonlinear system can be described as:
Rule i: If z1(t) is θ1i and ··· zp(t) is θpi, Then

( ) ( ) ( ),
( ) ( ), 0 .

p i p i

p i p

x t A x t B u t
y t C x t i r

 
   


(1)

where z(t)=[z1(t), z2(t), ··· , zp(t)] is known premise
variables, [θ1i, θ2i, ··· , θpi] are fuzzy sets, r is the number
of fuzzy rules; xp(t), u(t) and yp(t) are the system state,
input and output, respectively; Ai, Bi and Ci are known
real constant matrices with appropriate dimension. It
assumes that the output matrices are all the same [8].

By fuzzy blending, the fuzzy system can be represe- nted
as follows:
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where
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i i ii
z t z t z t  


  , with ( ( ))i z t

1 ( ( ))p
m miF z t , ( ( ))miF z t is the grade of membership

value of ( )mz t in miF ,
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( ( ))=1r
ii
z t

 , 0 ( ( )) 1i z t  .

The state-space expression of the MRC is

 ( ) ( ) ( ) ( ) ( ),
( ) ( ) ( ).

q c q c q c

w w

x t x t x t T e t e t
v t wv t T e t

       
  

  (3)

where ( )qx t and ( )wv t stand for the state vectors of
MRC; T is the period of the reference input; c is the
cut-off frequency of the low pass filter; w is a constant
value and ( )e t is the tracking error.

The state-feedback controller is designed as:
Rule i: If z1(t) is θ1i and ··· zp(t) is θpi, Then

( ) ( ) ( ) ( ).pj p qj q wj wu t K x t K x t K v t   (4)
where pjK , qjK and wjK are controller gains.The
overall output of the fuzzy controller is

1
( ) ( ( ))[ ( ) ( ) ( )].

r

pj p qjj q wj w
j

u t z t K x t K x t K v t


   (5)

By analyzing the MRC, the state-feedback controller and
using the lifting technology [11], the 2D hybrid model of
the closed-loop augmented system is as follows, where
k is the number of learning discrete variables,  is the
time continuous variables in a period:
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and the fuzzy control law is
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(7)

with pj pj wjK K K C  , qj qjK K and wj wjK K .

Remark 1. The control input u(k, τ) in (7) stands for the
direct sum of the effects of the control and learning
actions. Thus, by adjusting Kpj, Kqj and Kwj, we can
regulate those two actions.

3. STABILITYANALYSIS AND CONTROL
SYSTEM DESIGN

This section first presents a stable condition of the closed-
loop system (6), then the main idea of multi-stage PSO
algorithm with variable interval is described.

3.1 Stability Analysis
The stability of the MRCS is guaranteed by Lemma 1.

Lemma 1. [11] For the given constants  ,  , w and
a cut-off frequency c , if there exist the symmetric and
positive-definite matrices 1X , 2X , 1Y and 2Y ;
arbitrary matrices 1iW , 2iW and 3iW such that the
LMIs hold for 1 i j r   :
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0.

ii

ij ji
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Then the closed-loop system is asymptotically
stable.Moreover, the 2D feedback gains are given by

1 1 1
1 1 2 2 3 2, , .pj j qj j wj jK W X K W X K W Y       (9)

Remark 2. The 2D feedback gains in (9) can be adjusted
by the constants  ,  and w , which can also adjust
the performance of transient and steady-state.

3.2 Repetitive Control Design Based on Multi-Stage
PSO with Variable Interval
Repetitive control features self-learning, and studying it
from a 2D perspective can enhance the tracking accuracy
of the MRCS essentially. An effective method is to
choose a suitable parameter combination in the Lyapunov
functional to adjust control and learning actions in the
MRCS. But a low-pass filter mixes up those two actions,
which makes parameters correlated to each other. So it is
difficult to choose a suitable parameter combination
through trial and error. Intelligent optimization
methods with fast, efficient and high accuracy, can be
used to solve this problem. Among them, the PSO
algorithm is highly potential due to its simple structure,
easy implementation and fast computation capability.

PSO algorithm [11] is used to search for the optimal
combination of repetitive-controller gains and state-
feedback controller gain. The brief idea is as below:
 Parameter Initialization: Select an optimization

precision Jset; time constant T; cut off frequency ωc;
inertia weight b; learning coefficients c1 , c2, the
number of particles n and suitable search ranges;

 Particle Initialization: Generate n particles satisf-
ying (8) in search space, and calculate Jiɩ, update
Jɩpest and Jɩgest , where ɩ is the times of iterations;

 Iteration Optimization: According to the
updating laws for the velocity and position in PSO,
update n particles under the limitation of (8).
Calculate Jiɩ, change Jɩpest and Jɩgest simultaneously.
According to the global performance value,
determine whether to stop iterative optimization.

The performance value Jiɩ is calculated by

2

( 1)
1

1 ( )
2

kT

i ik T
k

J e t dt 





 
with  is the number of repetitive periods. ( )ie t is the
tracking error of the thi  particle.

However, the parameters are not independent to each
other. Also, the relationship between parameters and
performance value is complex. Both make the classical
PSO algorithm easy to fall into a sub-optimal solution. To
solve this problem, a multi-stage PSO algorithm with
variable interval is designed as follows:
step 1: Set 0m  , ， 1  , where  stands for the

th  optimization and m is used to record the
number of times that iteration optimization
doesn’t work much;

step 2: Start the th  PSO, record the optimal global
value for the th  iteration in the th  opti-
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mization as ,
gbestJ   .

step 3: If 1  , then go to step 4; else if
1, , ,*gbest gbest gbestJ J k J       ,

then 1m m  , otherwise 0m  ;
step 4: If m M , adjust the parameter ranges as  

( , )       , ( , )0.1 10    and
 , )w w w w w     , where ( , , )w    is

the result of th  optimization, 1   ,
0m  , and return step 2.

Remark 3. m indicates the potential of the optimization
intervals. When m M , we think that the optimization
falls into a sub-optimal solution, and the optimization
intervals need to be readjusted. The value of k , M ,
 and w depends on the actual problem.

Remark 4. Compared to other optimization methods like
GA, the multi-stage PSO algorithm with variable interval
does not possess the crossover and mutation processes. It
has much more profound intelligent background and
could be performed more easily.

4. NUMERICAL SIMULATION

In this section, we apply our method to the nonlinear
system of speed control of PMSM (Fig. 2). The system
has two motors: PMSM1 is used for speed control, and
PMSM2 is used to generate a nonlinear torque.

Fig. 2. Nonlinear system of PMSM.

By analyzing the control process, the mechanical motion
equation of the controlled motor is

( ) ( ) ( ) ( ).v e
d tJ B t t f t
dt
      (10)

where  is angular velocity  rad/s ; e is electroma-
gnetic torque [Nm]; J is moment of inertia of PMSM

2[Kg m ] ; vB is the coefficient of friction [Nm s/rad] ;
( )f t is the nonlinearity, and ( ) 0.5 sinf t J  .

Choose the input, output and state variables as u(t)=τe(t),
yp(t)=ω(t) and xp(t)=ω(t). The nonlinear system (7) can be
represented by the fuzzy model with two fuzzy rules [14],

and the system matrices are given as follows:
1 1

2 2

8.738, 2272, 1,
7.738, 2272.

A B C
A B
   

  

Let the periodic reference input be ( ) 13sinr t t 
12sin2 .t So the period is 2T  s. And carry out the
optimization algorithm in Section 3, we first choose

1 2

0.1, 100, 0.01, 20,
(1, 100), (0, 10), [0, 1), 10,
20, 1, 1, .10, 0.05

set cJ k M
w

n b wc c


  



   
    
       

The whole process of the multi-stage PSO with variable
interval can be represented as Table 1. The parameters are
finally selected as below:

39.9731, 0.0001, 0.14.w    (11)

Solving LMIs in Lemma 1 with (11), the gains are

1 2

1 2

1 2

0.0022, 0.0026,

2.3717, 2.3717,

0.0204, 0.0204

p p

q q

w w

K K

K K

K K

   

 

 

and simulation results are shown in Fig. 3.

Table 1. Whole Process of optimization.

Parameter 1  2  3 

 39.82 31.0046 39.9731
 0.01 0.001 0.0001
w 0.22 0.19 0.14
J 448.5550 17.2847 0.0567

From Fig. 3, we can know after approximately one period,
the system output yp(t) can track the given periodic signal
r(t). The maximum tracking error is only

25.792 10 rad/s and the steady-state error is less than
3 r s0 /3 1 ad . The control input u(t) in transient response

is similar to that in the steady state. This shows the
system has satisfactory tracking performance.

Remark 5. The model of PMSM used for numerical
simulation was obtained through the identification
experiment, which indicated our method could be
applied to an experimental system to a certain extent.
And the related experiment will be done in the future
to verify the practicability.

To verify the effectiveness of our method, we use the
methods in [10] and [11] to carry out a comparison.

Method 1 [10]: The parameters are chosen as：
40, 0.001, 0.2, 1.w     

and the control gains are

1 2

1 2

1 2

0.0039, 0.0044,

0.1552, 0.1552,

0.0131, 0.0131.

p p

q q

w w

K K

K K

K K

   

 

 

143



Fig. 3. Simulation results

The simulation results (Fig. 4) show the maximum
transient tracking error is 0.9062 rad/s and the state-
stable tracking error is 0.05271 rad/s . The system enters
the steady-state in the third period and 13.8652J  .

Method 2 [11]: The parameters are chosen as
449.94, 1.06 10 , 0.2302.w     

They provide the gains

1 2

1 2

1 2

0.0032, 0.0036,

0.6364, 0.6364,

0.0194, 0.0194.

p p

q q

w w

K K

K K

K K

   

 

 

Fig. 5 shows the simulation results. The maximum
transient tracking error is 0.2157 rad/s , the steady-state
tracking error is 21.133 10 rad/s and 0.7761J  .

The tracking performance comparison of three method
has been shown in Table 2.

When we use the PSO algorithm, J is 0.7761 (0.056 of
that inMethod 1), the maximum transient tracking error
steady-state tracking error is 21.133 10 rad/s (0.215

of that in Method 1). This indicts that the parameter
combination searching by the PSO algorithm can provide
better tracking performance.

By using the multi-stage PSO with variable interval, J
is only 0.0567 (0.0041 times of that in Method 1 and
0.073 times of that in Method 2), the maximum transient
tracking error is 25.792 10 rad/s (0.064 times of that
in Method 1 and 0.27 times of that in Method 2), and the
steady-state error is just 32.895 10 rad/s (0.055 times
of that in Method 1 and 0.255 times of that in Method 2).

Fig. 4. Simulation results ofMethod 1

Fig. 5. Simulation results ofMethod 2
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It means that our method has the best tracking perfor-
mance.

5. CONCLUSIONS

This paper has presented a multi-stage PSO algorithm
with variable interval to improve the control performance.
First, T-S fuzzy model is used to describe the nonlinear
system. Then, a continuous-discrete 2D model is establis-
hed to adjust two actions. By using the Lyapunov stability
theory, a sufficient condition is given in terms of LMIs.
The parameters in the Lyapunov functional are chosen by
a multi-stage PSO optimization with variable interval to
produce the optimal gains of controllers. Simulations and
comparisons show that our method can provide the best
tracking performance.

The related experiment based on the experimental system
of PMSM will be done to verify the practicability of our
method in the future. Also, The method of choosing the
value of constant k , M ,  and w will be
discussed.
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Abstract

This paper develops an adaptive dynamic programming
(ADP) based output feedback optimal approach for a
class of unknown nonlinear system. First, considering the
problems that the system states is unmeasurable and the
exact system model is hard to obtain in practical
applications, a neural network state observer is developed
to estimate the unmeasurable system states and
reconstruct the internal states of system via output
information. After acquiring the knowledge of the system
states, a critic network is proposed to approximate the
solution of Hamilton-Jacobi-Bellman (HJB) equation.
Then an output feedback optimal control was developed.
Throughout the Lyapunov theory, the update laws of
neural network and critic network was obtained and the
stability of closed loop control system was proved.
Finally, a simulation experiment was carried out to
validate the effectiveness of the proposed method.

Keywords: ADP, Unknown Nonlinear Systems, Neural
Network, Output Feedback.

1. INTRODUCTION

With the improvement of control performance
requirements, the optimal control of nonlinear systems
has received widespread attention in the field of control
[1-3]. The key to optimal control lies in the solution of
the system's HJB equation, and dynamic programming
(DP) [4] is widely used in optimal control strategies as a
solution. However, dynamic programming is performed
backwards in time, so DP is an offline method. And
because of the "dimensional curse [5]" problem in the
high-dimensional optimization problem, DP is difficult to
apply in practical control. In order to avoid the above
problems, Werbos [6-7] proposed an adaptive dynamic
programming (ADP) strategy based on reinforcement
learning (RL). It combines reinforcement learning
methods, Actor-Critic Structure structures and neural
networks to solve optimal control problems. The critic
network is used to estimate the cost function in dynamic
programming, thereby solving the "dimensional curse"
problem. In recent years, ADP and related fields have

received extensive attention from scholars. Reference [8]
designed a robust neural network controller based on
ADP to solve the optimal control problem for uncertain
nonlinear systems. Reference [9] proposed a new robust
ADP control strategy for the optimal control of uncertain
nonlinear systems with output constraints. Reference [10]
applies the ADP method to multi-agent formation control
with unknown dynamics.

In the practical application of optimal control, the
problems of unknown system model and unmeasured
internal states of the system also need to be considered
[11]. It should be noted that in many practical
applications, only the output and control input of the
system are usually measurable, and only measuring the
output can greatly reduce the need for measurement
equipment in the control system. In order to estimate
unmeasured state quantities, observers are widely used in
output feedback control. Reference [12] estimated the
internal states of the system by constructing an
observer-evaluation structure, and combined with the
ADP algorithm to solve the nonlinear system control
problem. Reference [13] uses high-gain observers (HGOs)
and event-driven technology to achieve multi-agent
output feedback control goals. In this paper, the state
quantity of the system is reconstructed by the neural
network observer first, and then the output feedback
optimal control strategy based on the ADP algorithm is
designed from the observed state quantity. The weight
update laws of the neural network observer and the
weight update laws of the evaluation network are
obtained through Lyapunov theory. The stability of the
closed-loop system has also been strictly proved. Finally,
simulation experiments verify the effectiveness of the
control algorithm.

The rest of the paper is organized as follows. In Section 2,
the unknown nonlinear system and control objective are
described. In Section 3, an ADP based optimal controller
with neural network observer was proposed and the
stability of all close looped signal was proved through
Lyapunov method. In Section 4, simulation experiment
are represented to illustrate the validity and feasibility of
the proposed approach. Finally, in Section 5 the main
conclusions are outlined.
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Notations: R represents the sets of real numbers. nR
and m nR  denote the set of 1n vectors and the set of
m n matrix respectively.  denotes the 2-norm of
 . T means the transposition symbol of matrix. ( )tr 
represents the trace of matrix  .

2. SYSTEM DESCRIPTION

Considering the following unknown nonlinear system
( ) ( ( ), ( ))
( ) ( )
x t G x t u t
y t Cx t


 


(1)

where ( ) nx t R denote the system states,
( ) my t R represents the system outputs which are

measurable, ( ) pu t R are the control input, m nC R 
is the constant matrix, ( ( ), ( ))U x t u t denotes the
unknown dynamic of system. It should be noted that in
actual applications, the state quantity of the system is not
necessarily completely measurable and the state equation
of the system is not necessarily accurate, so the system (1)
conforms to the actual application scenario.

In order to facilitate subsequent observer design, the
system (1) is written as follows

( ) ( ( ), ( ))
( ) ( )
x t Ax U x t u t
y t Cx t

 
 


(2)

where ( ( ), ( )) ( ( ), ( ))U x t u t G x t u t Ax  .

Assumption 1. The system unknown dynamic
( ( ), ( ))U x t u t is smooth function and satisfies

( ( ), ( )) / ( )U x t u t u t    (3)
where  is positive constant.

The control goal of this paper is to design an output
feedback controller for the system (1) and ensure that all
signals of the closed-loop control system are ultimately
consistent and bounded (Uniformly Ultimate
Boundedness , UUB).

3. SYSTEM DESCRIPTION

This section is divided into two parts. Firstly, a state
estimator based on neural network is designed to estimate
the state quantity of the system. Then the output feedback
optimal control strategy based on adaptive evaluation is
designed.

3.1 Neural Network based State Estimator
Combine the system (2) to design the following state
observer

ˆˆ ˆ ˆ+ ( )

ˆ ˆ

x Ax U T y Cx

y Cx

   





(4)

where x̂ and ŷ are estimation of the system states and
output respectively. Û is the estimated value of system

unknown dynamic U which approached by neural
network. The selection of n mT R  satisfied that
D A TC  is Hurwitz matrix and possess the following
property

TD P PD M   (5)
where TP P , TM M .

The following neural network approximator is designed
to approximate the unknown function U in the system (1)

T ˆ( , ) ( )U s x u x   (6)

Tˆˆ ˆ( , )U s x u (7)

where Û is the estimated value of U , ˆU U U  is
the estimation error of neural network and is bounded,
which means ( )x satisfy ( ) mx  , m is
positive constant. The activation function of the hidden
layer selects the hyperbolic tangent function. The input of
the neural network is the estimated state and control
output of the system.

The update laws of network weights are selected as
follow

T 1 T Tˆ ˆˆ( ) ( , )a y CD s x u y      (8)
where ˆy y y  ,  is positive constant.

Theorem 1. For the system (1), the state observer (4), the
neural network (6), and the weight update laws (8), the
estimated error of the state observer ˆx x x  and the
estimated weight error  of the neural network are
UUB.

Proof: Define the following Lyapunov candidate function
T T

1
1 ( )
2

V x Px tr       (9)

The derivative of (9) is
T T T

1
1 1 ˆ( )
2 2

V x Px x Px tr             (10)

Combining (2) (4) (6) (7) (8), formula (10) can be written
as

T T T
1

T T 1 T T T

1 ˆ( , )
2

ˆˆ( (( ) ) ( , ) )

V x Mx s x u Px Px

tr a Cx CD s x u y

 

  

   

 

    

  
(11)

Let 1 T T( )b a D C C , then (11) be simplified to

T T T
1

T T T

1 ˆ( , )
2

ˆˆ ( ( , ) )

V x Mx s x u Px Px

tr bxs x u y

 

   

   

 

    

  
(12)

Consider the following inequality

2T( ( )) mtr            (13)

Bring inequality (13) into (12) , then we have
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2
1 min

2

1 ( ) (
2

 ) ( )

m m

m m

V M x x s P P

s b C x

  

    

   

  

  

  
(14)

where min ( )M denotes the minimum eigenvalue of
matrix M .
In order to eliminate the term containing  in (14), let

2
m m ms P s b C

H
C




 
 (15)

Then (14) becomes

2
1 min

2 2

2 2
min

1 ( ) (
2

( ) )

1 ( ) ( )
2

m

m

V M x x P

C H C H

M x x P C H

 

  

  

  

  

   

  





(16)

Therefore, in order to ensure that 1 0V  , the state errors
meet the following condition

2

min

2( )
( )

m P C H
x

M
 




 (17)

According to Lyapunov theory, as long as the condition
(17) is satisfied, the estimation error x of the observer
and the estimation weight error  of the neural network
satisfy UUB. Theorem 1 is proved.

3.2 ADP based Output Feedback Optimal Controller
For the system (1), design the following performance
indicators

T T

0
( ( )) ( ) ( ) ( ) ( )V x t y s Qy s u s Ru s ds


  (18)

where T m mQ Q R   is positive definite constant
matrix.

If the control input u is admissible on  [14], and the
performance index function is first-order derivable, then

T T T( , ) 0xV U x u y Qy u Ru   (19)

Define the following Hamiltonian function
T T T( , , ) ( , )x xH x V u V U x u y Qy u Ru   (20)

Then, the optimal performance index function can be
obtained by solving the following HJB equation

*min ( , , ) 0xu
H x V u


 (21)

After solving the optimal performance index, the
following optimal control strategy can be obtained

*
* T *1 ( , )( )

2 x
U x uu V

u


 


(22)

The optimal control strategy (22) is the ideal optimal
control solution. This paper uses the following evaluation
neural network to approximate the optimal performance
index function

* T ( , ) ( , )V W s x u x u  (23)

where W is the ideal weight of critic network, the
activation function ( , )s x u of hidden layer is selected as
hyperbolic tangent function. ( , )x u is the estimation
error of network, then we have

Tˆ ˆ ˆ= ( , )V W s x u (24)
* Tˆ ˆ( , )V V V W s x u      (25)

where V̂ is the real performance index, Ŵ is real
weight of the critic network,

ˆ= ( ( , ) ( , )) ( , )W s x u s x u x u   denotes the total
estimation error, which meets m  and m is
positive constant.

According to (24), we have
T ˆ( , )ˆ ˆ=

ˆx
s x uV W
x




(26)

Combining (26) and (7), the actual control law is
designed as follows

T T Tˆ ˆ1 ( , ) ( , )ˆ ˆ( )
ˆ2

s x u s x uu W
u x

  
 

 
(27)

Taking (26) (27) into (20), the estimation of Hamiltonian
can be expressed as

T T Tˆ ˆ ˆ ˆ( , , ) ( , )x xH x V u V U x u y Qy u Ru   (28)

Since * *( , , ) 0xH x V u  , the Hamiltonian estimation error
is expressed as follows

* *

T T T

ˆ ( , , ) ( , , )
ˆ ˆ ˆ( , )

h x x

x

e H x V u H x V u

V U x u y Qy u Ru

 

  
(29)

In order to make he small enough, the weight of the
evaluation network is adjusted online to minimize the
quadratic function T / 2h hE e e . The gradient descent
method can be used to evaluate the adjustment rate of the
network

T 2

T T T
T 2

ˆ
ˆ(1 )

ˆ( )
(1 )

r EW
W

r W y Qy u Ru

 
 
 


 

 

   




(30)

where ˆ ˆ ˆ( ( , ) / )s x u x x     .

For the convenience of subsequent analysis, make the
following assumptions

Assumption 2. The control output is Lipschitz and
satisfies

* ˆ( )u u L x x   (31)
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where L is positive constant.

Theorem 2. For the system (1), if the observer is (3) and
the weight update laws of the observer and evaluation
network are (7) and (30), respectively, the state quantity
of the closed-loop system x , the state estimation error x ,
and the estimated weight error  of the observer, and
the estimated weight error ˆW W W  of the critic
network satisfy UUB.

Proof. Define the following Lyapunov candidate function
*

1 2aV V V V   (32)
where T

2 ( ) / ( )V tr W W r . According to equation (1),
differentiate *V with respect to time, we have

* * T * T( ) ( ) ( , )x xV V x V U x u   (33)
According to the optimal control strategy (27), we have

1* * *
*T *T T T

* * *

( , ) ( , ) ( , )2 ( ) ( )x
U x u U x u U x uV u
u u u


   

      
(34)

Because
* *( , , )xH x V u = T T *T *ˆ ˆ ˆ( , )xV U x u y Qy u Ru  (35)

Bring (34) (35) into (33), then
1* * *

* *T T
* * *

* T *T *

*T * T *T *

( , ) ( , ) ( , )2 ( ) ( )

( ( , ) ( , ))
2 ( ( , ) ( , ))

U x u U x u U x uV u
u u u

U x u U x u y Qy u Ru
u N U x u U x u y Qy u Ru


   

     
  

   



(36)

where
1* * *

T
* * *

( , ) ( , ) ( , )( ) ( )U x u U x u U x uN
u u u


   

     
According to the mean value theorem, equation (36) can
be rewritten as

* *T * T *T *1

1

( , )2 ( )U x uV u N u u y Qy u Ru
u


   


 (37)

where 1u is between *u and u . According to
assumption 1, there is a positive constant  such that

1 1( , ) /N U x u u     , combined with assumption 2,
equation (37) can be rewritten as

22* * *
min min2 ( ) ( )V L u x Q y R u      (38)

According to theorem 1, there is a positive constant such
that x  . If the following inequality holds

min *

2( ) LR
u
   (39)

Then * 0V  .
Differentiate 2V with respect to time, then

T
2 ( ) / (2 )V tr W W r    (40)

When (30) is brought into (40), it can be obtained
T T T T T

2 T

1 ( ( ))
(1 )

rV tr W W W y Qy u Ru
r

  
 

    


 

(41)

In combination with (25), we have
T T

2 T

1 ( ( ))
(1 )
rV tr W W

r
  
 

  


   (42)

where ˆ ˆ( / )x x     . Using Young's inequality, (42) can
be written as

2 22 2 2

2 T T

1( )
(1 ) 2 2 (1 )

W W
V

  
   

   
 

 
 (43)

Therefore, in order to make 2 0V  , the weight
estimation error of critic network satisfies the following
condition

W 


 (44)

According to Lyapunov theory, when (17) (39) and (44)
are satisfied, 0aV  . Theorem 2 is proved.

4. SIMULATION RESEARCH

In order to verify the effectiveness of the control strategy,
the following nonlinear system is used as the simulation
object

1 1 2
2 2

2 1 1 2

2
(4 sin ( )) 0.1

x x x
x x x x u u
y Cx

   
      
 


 (45)

where the states are T
1 2[ , ]x x x , [1,0]C  , u is the

control input. The initial value of system states are
T(0) [1, 1.5]x   . The initial value of observer are

Tˆ(0) [0,0.5]x  . The parameters of observer are
0 1
6 5

A
 

    
,

10
2

T
 

   
.

The structure of neural network (7) is 3-3-2, and the
weight initial value is (0) [1,0.5,0.2; 0.2, 0.5, 1]     ,
the parameters of update laws (18) are 0.1a  , 10  .
The parameters of performance index are 1Q , 10R  .
The structure of critic network (24) is 3-4-1, and the
initial weight values are T(0) [4, 2,3,2]W   . The
parameter of update laws (30) is 10r  . The
simulation results are shown in Fig. 1 to Fig. 4.

Fig. 1 The nominal system states 1x and estimating
state 1x̂ .
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Fig. 2 The nominal system states 2x and estimating
state 2x̂

Fig. 3 The estimating weight vector of neural network

Fig. 4 The estimating weight vectorW of critic network

5. CONCLUSION

An optimal control strategy based on neural network is
proposed for a class of unknown nonlinear systems. The
neural network state observer is used to estimate the state
values of the unknown nonlinear system, so as to solve
the problem that some state cannot be measured in
practical application. Then, the output feedback optimal
control strategy based on ADP algorithm is designed
through the state variables estimated by the observer. In

this paper, the weight update rate of neural network and
critic network is obtained by Lyapunov method, and the
stability of closed-loop system is proved strictly. Finally,
the effectiveness of the controller is proved by simulation
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Abstract

In this paper, a genetic algorithm and an improved
artificial potential field method is proposed for path
planning of mobile robot in complex environment. A
gravitational function is introduced to solve the problem
of the target unreachable. For the local minimum point
problem, the virtual target point method and Gauss
function are introduced as the gravitational potential
energy function of the virtual target to guide the robot out
of the trap area quickly. The velocity repulsive force is
introduced into the velocity potential field, and the
artificial potential field is effectively adjusted to ensure
its effectiveness in a dynamic environment. The genetic
algorithm is combined with the improved post-potential
field method to optimize the path length. Finally, the
effectiveness of method is proved by simulation results.

Keywords: Path planning, artificial potential field,
gravitation function, dynamic environment, genetic
algorithms.

1. INTRODUCTION

The task of path planning is to find a collision-free path
from the starting position to the target position according
to certain evaluation criteria in the environment with
obstacles. At present, the methods of robot path planning
are divided into two categories: traditional path planning
method and artificial intelligence path planning method
[1]. Traditional path planning methods mainly include
visual graph method, grid method, free space method,
artificial potential field method, etc. Artificial intelligence
path planning methods mainly include expert system,
neural network, fuzzy algorithm, genetic algorithm and
some bionic algorithms. Among them, the artificial
potential field method is widely used in path planning.
Artificial potential field method is a common method for
path planning, which is simple and efficient.

The application of artificial potential field method is
limited due to the problems such as unreachable target,

easy to fall into local optimum and poor adaptability to
dynamic environment. Many scholars proposed a variety
of improved methods to overcome such drawbacks. By
adding escape force [2], the robot can be helped to escape
from the local minimum point. However, taking escape
measures after the robot falls into the local minimum
point will waste a lot of time. Using the idea of walking
along the wall [3] to escape from the local minimum
point is an intuitive and practical method in a static
environment. In [4], the relative velocity factor is
introduced into the repulsion potential field function to
avoid dynamic obstacles, but the dynamic obstacle
avoidance efficiency is not high and the planning path is
long. Although these methods improve the defects of the
artificial potential field method to some extent, they still
have different limitations. In order to solve this problem,
this paper improves the gravitational field function,
introduces virtual target point and velocity potential field,
and overcomes its shortcomings successfully. Finally, it
combines with genetic algorithm to improve the planning
performance of artificial potential field method.

2. TRADITIONALARTIFICIAL
POTENTIAL FIELD METHOD

2.1 Principle of traditional artificial potential field
method
The concept of artificial potential field was first proposed
by Khatib [5] in 1986, using to control a manipulator
motion, avoid neighboring obstacles, and plan the arm's
motion. It has become a more efficient and mature method
in path planning. The basic idea of path planning using
artificial potential field method is to simulate the
environmental information of mobile robot into virtual
potential field, in which the gravitational potential field
Uatt acts on the robot by the target point, and the repulsive
potential field Urep is generated by all obstacles. The two
potential fields work together to form a compound
artificial potential field U. Under the action of
gravitational field, the robot moves continuously to the
target point. At the same time, the repulsion field
generated by the obstacles in the environment acts on the
robot to avoid the surrounding obstacles, and the most
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mobile robot can safely reach the target point around the
obstacles.

The realization of potential field method is as follows. The
target point, obstacle and robot are simplified as particles.
The robot is subjected to both gravitation from the target
point Fatt and repulsion Frep from one or more obstacles.
The artificial potential field function includes gravitational
field function and repulsion field function. The specific
model is as follows:

21
att 2( ) | |a gU X K X X  (1)

The gravitational force from the object point acts on robot
in potential field. Potential function being used in the
algorithm is shown in Eq. (1), the gravitational coefficient
is the coordinate of the robot (x, y), the coordinate of the
target point (xg, yg), and |X-Xg| is the relative distance
between the robot and the target point, where gravitational
force is negative gradient of its potential function, the
direction of which is pointing at the object point with
corresponding gravitational force as:

att ( ) a gF X K X X  (2)

The repulsive force from obstacles acts on robot in virtual
force field. Potential function used in the algorithm is:

2
0

0

0

1 1 1( ) , ,
2( )
0, .

   
 

r
rep

K d d
d dU X

d d

(3)

where Kr is the repulsion coefficient, d is the repulsion
influence distance of the obstacle and the distance
between the target and the obstacle. The repulsive force
is negative gradient of its potential function as:

02
0rep

0

1 1 1( ) , ,
( )

0, .

   
 

rK d d
d d dF X

d d

(4)

In conclusion, the resultant force of the robot is
total att repF F F  , and the direction of the resultant force

determines the motion of the robot.

2.2 Limitations of traditional artificial potential field
method
Artificial potential field method is a very efficient local
path planning algorithm, but there are some problems in
the complex environment. From the above Eqs. (2), (4)
show that the gravitation will be smaller in pace with the
distance between the obstacle and robot which becomes
smaller as the repulsion is contrary. This process does not
take into account the information of the distribution of
local obstacles. Although the artificial potential field
method is fast and effective, it also has the following

limitations:
1) When the target is near an obstacle, the target

cannot be reached. This problem is also known as
GNRON [6].

2) There is a local minimum trap when the force
equilibrium point exists.

3) Not suitable for dynamic environment.

3. AN IMPROVED METHOD OFAPF
METHOD

3.1 Solutions for GNRON problem
The problem of GNRON is that the obstacle is near the
target point, which causes the target point is no longer
the minimum potential energy point in the whole
situation, and finally the robot cannot move to the
target point correctly. For the GNRON problem, many
experts and scholars have put forward many kinds of
methods through continuous research, most of which
are to improve the traditional repulsion function, and
add the following factors to the repulsive function
based on the distance term between robot and target
point. The root cause of GNRON problem is that the
minimum value of the total potential field function is
not at the target point. In order to solve this problem, a
new attraction field function is constructed. The
improved function of gravitational potential field is as
follows.

1

2 2
att

0 0

1 1( ) ( )
( )

   
 

n

a g a n n
g

U X K X X K
a a X X

(5)

By calculating the negative gradient of the improved
gravitational potential field function in the original
gravitational direction, Fatt can be obtained.

1

2

1 2
att 1 1

0

( )
( )




  

 

n a
a g n

g

K nF X n K X X
a X X

(6)

where the parameters of n1, n2, and a0 in the formulas
above range from normal numbers larger than 0, and a0<
|X-Xg|.

When the robot reaches the target point, the distance
between the robot and the target point is zero, and the
latter one is zero. Therefore, no additional force will be
produced and the results will not be affected. Compared
with the traditional gravitational function, the new
function maintains a strong gravitational force at a
distance, and significantly reduces the gravitational force
near the target location. The gradient of potential energy
and the attraction near the target increase. The combined
potential field function of gravity and repulsion is:

total rep att( ) ( ) ( ) U X U X U X (7)

where Urep(X) represents the repulsion potential field
intensity generated by obstacles, Uatt(X) represents the
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potential field intensity generated by improved target
points, and Utotal(X) represents the total potential field
intensity.

In the improved combined potential function, at the target
position x=0, that is, the robot’s target position, the
potential function has the minimum value. So the robot
can reach the target position.

3.2 Local minimum solution
The local minimum problem is that the robot is forced to
balance at this point, so the robot stagnates or lingers at
the minimum point instead of moving towards the target
point.

In order to solve the local minimum problem, a method of
creating virtual target point near the minimum value to
generate additional potential field is proposed. The
improved algorithm mainly includes two parts: detection
of minima and virtual establishment of target point. In
this paper, we propose a method to determine the local
minimum: when the distance between step n1 and step n2
is d, and the range of d is 0 to m(m is a non negative
number tending to zero infinitely, and the difference
between n1 and n2 is about 3 to 10), we consider that the
robot is trapped in the local minimum, then we adopt the
strategy of establishing a virtual target point.

The selection method of virtual target point is shown in
fig.1. When falling into the local minimum, first find the
nearest obstacle coordinate to the robot, and then find a
point as the virtual target coordinate with the line L2

which is perpendicular to the line L1 between the two.
When the robot falls into the local minimum point, the
force of attraction and repulsion is zero. When the virtual
target point is added, the force of attraction and repulsion
is not zero. In this way, the robot moves to the original
target point under the joint action of the virtual target
point and the original target point. When the robot gets
rid of the local minimum point and cancels the virtual

Fig. 1 Schematic diagram of virtual target point

target point, the robot moves towards the target point
under the joint action of the original target point and the
obstacle.

From above diagrams, two equations can be established
through the mathematical relationship between them to
solve the coordinates of virtual objects. In this paper, the
position of the virtual target point is obtained by Eq.7.
Among them, (x1, y1) is the current position coordinate of
robot, (x0, y0) is the position coordinate of obstacle that
robot receives the maximum repulsion force, (x, y) is the
position coordinate of virtual target traction point, and d
is optional constant.
















1
10

10

1

)( y
yy
xxdy

dxx
(8)

In this paper, gaussian function is selected as the
gravitational potential energy function of the virtual target.
The expression of the virtual target potential function is as
follows:
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where Kc,  and ds are constants. According to the
characteristics of Gauss function,  determines the
sharpness of the curve, that is, the speed of the virtual
gravitational potential energy descending, and d
determines the offset of the curve, and the gravitational
potential energy function reaches the maximum value at
the point with the distance of ds. If the distance between
the local minimum point and the virtual target point is ds,
then the maximum value of the potential energy function
is taken, because the maximum value of the potential
energy function should be taken near the local minimum
point, so as to quickly escape from the minimum point,
and then quickly return to the target point. According to
the nature of gravitational potential energy function, in
order to make the robot escape from the local minimum
point smoothly and ensure that it will not deviate from the
original target point, then the potential energy at the
virtual target point should be zero, which can ensure that
the virtual target point will not affect the robot to move
forward to the original target point.

3.3 Solution of robot dynamic obstacle avoidance
In order to improve the dynamic environment planning
ability of the traditional artificial potential field method
and improve the obstacle avoidance ability of the robot to
adapt to the actual complex environment, the speed of the
obstacle is taken into account and the speed repulsion field
is established. The velocity repulsion field function is:

repv ( ) sin sinrv o r rv orU i K V V K V    (10)

where Vor represents the velocity of the obstacle relative to
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the robot,  represents the angle between the position
vector of the robot relative to the obstacle and the relative
velocity vector, Vo and Vor represents the velocity vector of
the obstacle and the robot respectively. Then, the repulsion
field function generated by the relative position between
the original robot and the obstacle can be expressed as
follows:

2

rep

1 1 1( ) sin , ,
2( )
0, .

rv or oi o
oi o

oi o

K V X X
X XU i
X X

     
  

  



(11)

There are two components in the modified repulsion
function, one of which is affected by distance and the
other by velocity. The two components are adjusted in real
time by their respective gain coefficients.

Similarly, the relative velocity repulsive force is obtained
by taking the negative gradient of the relative velocity
repulsive force.

repv repv( ) ( ) sinrv orF i U i K V    (12)

The repulsion force direction is perpendicular to the
relative velocity vector of the robot relative to the obstacle
and away from the obstacle.

The resultant repulsion force of the robot in the repulsion
field is as follows:

total rep repv rep( ) ( ) ( ( ) ( ))
m n

i i
F i F i F i F i    (13)

where m and n represent the number of static and dynamic
obstacles in the environment respectively.

4. The OPTIMIZATION OFGENETIC
ALGORITHM

In order to reduce the path length of the mobile robot and
improve the ride stability of the mobile robot, genetic
algorithm is used to optimize the relevant parameters of
the artificial potential field. The parameters to be
optimized mainly include step length L and θ direction
angle of movement. Using the biological evolution
mechanism of genetic algorithm to optimize these two
parameters can improve the effect of path planning.

In this paper, the strength of the total potential field
received by the robot in the potential field is selected as
the fitness function, and the specific steps of optimizing
the parameters introduced into the improved artificial
potential field method by using genetic algorithm are as
follows.

Step 1: Set the initialization conditions. The values
of maxgen, popsize, crossover probability Pc and
mutation probability Pm of genetic algorithm were set

in detail.
Step 2: Determine the encoding mode and length of

parameters. In this paper, the two parameters in this paper
are encoded with 7-digit binary characters, and the total
length of chromosome is 14.

Step 3: Initialize the population. A series of individuals
are randomly generated according to the set population
size, denoted as E(i), where .....2,1i .

Step 4: Calculate the fitness function value fitness(i) of
each individual in the population. In this paper, the
strength of the potential field in the robot is chosen as the
fitness function. The specific fitness function formula is as
follows:

])()()([

1)(

1





 n

i
irepaddatt XUiXUXU

ifitness
(14)

In the above formula (14): Uatt(X) is the strength of
gravitational potential field; Uadd(X) is the strength of
additional potential field generated by virtual target point;
Urep(Xi) is the strength of repulsive potential field of the ith
obstacle; n is the number of obstacles in the environment.

Step 5: Select individuals by fitness proportional
selection method. According to fitness (i) of individual i
and the proportion  )(/)( ifitnessifitness of
total fitness  )(fitness i� , determine the probability of
the individual being selected for replication.

Step 6: The next generation population GApopi(K +1)
is generated by genetic operation of population GApopi(K
+1) using single-point crossover and single-point mutation
operators.

Step7: repeat steps 4 to 6 until the parameters do not
change for 10 generations or reach the maximum number
of iterations set in advance.

5. EXPERIMENTALSIMULATIONAND
ANALYSIS

5.1 Static obstacle avoidance simulation analysis
In the static environment, the path planning simulation of
the traditional artificial potential field method (APF), the
general improved potential field method (IAPF) and the
improved artificial potential field method (GA-APF) are
compared in the case of target unreachable and local
minimum.

In Fig. 2~3, when the local minimum appears, the
traditional artificial potential field planning trajectory
appears strong jitter near the obstacle. However, the
improved algorithm in this paper not only greatly reduces
the number of planning path steps, but also the path is
relatively smooth.

As can be seen from the comparison between Fig.2 (b)
and Fig.3 (b), in the traditional potential field method, the
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(a) The path planning of improved artificial potential field algorithm

(b) The force size and direction of improved artificial potential field

algorithm

Fig.2 The traditional artificial potential field method for
path planning.

(a) The path planning of improved artificial potential field algorithm

(b) The force size and direction of improved artificial potential field

algorithm

Fig. 3 Improved artificial potential field path planning

direction changes of resultant force subjected to the robot
is more frequent and drastic, but in the improved
algorithm, the direction change of resultant force is

relatively smooth.

At the same time, table 1 shows the path length and
iteration time of improved algorithm in this paper
(GA-APF), the traditional potential field method (APF)
and the general improved algorithm (IAPF) in the case of
local minimum. It can be seen from the table that this
method can not only make the robot walk out of the local
minimum area smoothly, but also save the distance and
time.

Table 1 Path planning with different methods
model Length(m) Iteration times
APF --- ---
IAPF 54.5363 274

GA-APF 45.5017 95
B. Dynamic obstacle avoidance simulation analysis

In the complex dynamic simulation environment shown in
the figure below, the process of using the algorithm in this
paper to carry out path planning for mobile robots to
achieve obstacle avoidance is shown in Fig. 4.

In Figs. 4, the motion directions of three obstacles are set,
and the robot can successfully bypass the dynamic and
static obstacles. The details are as follows: at t = 9 s,
robots will be meet with the first dynamic content, and
bypass its move on smoothly; at t = 12 s, into the
influence of dynamic objects, the second in under the
action of new repulsive force function smoothly around it;
at t = 18 s, the speed of the robot head on corresponding to
the third dynamic content, under the action of new repuls-

(a) t = 9s

(b) t =12s
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(c) t =18s

(d) t =31s

Fig.4 Trajectory of robot at different times in dynamic
environment

ive force function smoothly around it; at t = 18 s, the
speed of the robot head on corresponding to the third
dynamic content, under the action of new potential field
function, changed the original course, avoid the collision.
At t=31s, the robot has successfully reached the target
point. The simulation results show that the improved
algorithm can effectively solve the path planning problem
of the robot in complex dynamic environment.

6. CONCLUSIONS

To solve the problem of traditional artificial potential field
method is easy to fall into local minimum, target cannot
reach the issue such as difference of path planning ability
and dynamic environment, better adapt to the complex

actual environment, this paper made the following several
aspects to improve: firstly, change the traditional function
model, gravity ensures that the gravity of the robot goal
near the end of the dominant position, make the robot can
be stable in target; Secondly, when the robot falls into the
local minimum, a virtual target point is generated near the
trap area, and gaussian function is selected as the virtual
potential field function to help the robot escape from the
current local minimum quickly. Then the repulsion
potential field of the obstacle position is improved and the
repulsion potential field of the obstacle speed is increased
to avoid the dynamic obstacles. Finally, the genetic
algorithm is used to optimize the improved potential field
method to get the optimal path. The simulation results
prove the feasibility of the improved method.
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Abstract 

We propose a mapping model for describing customer 

experience transition processes in business innovation 

cases known as System Experience Boundaries Map 

(SEBM). Different from other customer experience 

mapping methods, SEBM focuses on potential 

boundaries that restrict the customer experiences. SEBM 

also represents a customer side process of business 

innovation as a resolution of those restrictions. Used with 

the Managerial Decision-Making Description Model 

previously presented, SEBM describes value co-creation 

processes in actual business cases. We also consider 

SEBM application to facilitate and log-analysis on 

business gaming. 

Keywords: User Experience Mapping Model, Formal 

Description Model, Business Case, Business Innovation, 

Co-Creation Process 

1. INTRODUCTION

This paper presents the System Experience Boundary 

Map (SEBM) as an experience-mapping model for 

formally describing the changes in customer experience 

due to new products and services in the case of business 

innovation. By SEBM, we are going to improve the 

description about the business innovation in the customer 

side. Also, in combination with the Managerial 

Decision-Making Description Model (MDDM) [1], [2], 

[3], SEBM will contribute to describe the case for 

business innovation as a process of interaction on both 

the firm and customer sides. 

Here, business innovation means that on the customer 

side, new products and services are being introduced with 

qualitative changes in the customer’s experience in usage 

and consumption. SEBM makes it possible to compare 

the cases of business innovation from the customer side 

by describing the changes in the customer experience in 

the business case formally. It also provides a common 

way to visualize the process of customer side change in 

business gaming, similar to the business case. 

In this paper, “customer experience” means a sequence 

that is segmented into several stages of a script of usage 

and consumption behaviors of a customer regarding a 

certain good or service. On the other hands, “qualitative 

change of the customer experience” means that a new 

good or a service resolve the existing limitations / 

boundary of customer’s behavior at a certain stage of the 

customer experience and redefine customer’s script of 

behavior. 

SEBM is close to the user experience mapping method 

([4], [5]) that pays attention to changes in the user 

interface when compared with the methods such as User 

Experience Map [6], Customer Journey Map [7], and 

Mental Model Diagram [8]. Meanwhile, SEBM is not 

oriented toward designing services and user interfaces 

based on the desired user experience. Also different from 

the conventional method, SEBM extracts limits and 

restrictions of the customer behavior from the existing 

user experience and focuses on the change of the 

customer behavior due to the introduction of new goods 

and services. SEBM enables us to visualize the business 

innovation case including before and after situations and 

innovative factors from the customer side. 

SEBM describes the case of business innovation on the 

customer side by focusing on the behavior change of the 

customer. MDDM describes the case of business 

innovation on the enterprise side as a change in the 

combination of management objectives and management 

resources. By combining them, it is possible to express 

them in parallel with the process of business structure 

change on the company side. This makes it possible to 

describe value co-creation [9] in service science as a 

process of interaction between changes in the business 

structure of a company and behavior changes on the 

customer side. 
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2. METHODOLOGIES 

SEBM is a novel table form model that describes the 

customer’s liberation from bounded experience for 

existing goods and services due to the emergence of

goods and services (Fig. 1). SEBM consists of the 

following three-step procedure: 1) decomposing the 

characteristics of the experience into two axes of stage

and phase (Stage-Aspect Decomposition), 2) extracting 

each decomposed stage, and potential limits/constraints 

of the experience in each phase (Boundary Extraction), 

and 3) describing new behavior by solutions to the 

limits/constraints of the experience (Solution and 

Transition). 

Fig.1 System experience boundary map (SEBM). 

SEBM describes the change of customer experience as a 

table decomposed from a certain viewpoint by these 

procedures. This experience map enables us to describe 

when, where, and what kind of constraint exists for a 

customer, and what kind of experience is generated by 

eliminating the constraint. 

 

2.1 Stage-Aspect Decomposition 

First, the characteristics of the customer experience of 

goods and services are decomposed into two axes: the 

Stage and Aspect of realizing the experience. Here the 

Stage is a division according to the order in which the 

experience is realized, such as “Acquire,” “Prepare,” 

“Enjoy,” “Keep,” etc. The Aspect is a classification 

according to the nature of the experience, such as 

“Occurrence,” “Place,” “Device,” “Subject/Object,” etc. 

that the experience is realized for each stage. Each 

category is selected from the perspective of the map 

author based on the contents of the case. 

Stage-Aspect Decomposition (Fig. 1, left) arranges the 

Stages in rows from top to bottom in the order of 

realization, and columns as selected columns. We 

decompose the characteristics of the script that represents 

the experience of the customer on existing goods and 

services into a table format. 

2.2 Boundary Extraction 

Regarding the characteristics of the experience 

decomposed at the “Stage,” the boundaries/constraints 

under the existing goods/services are described based on 

the contents of the case and the viewpoint of the map 

author. This makes it possible to explicitly describe which

limit/constraint is latent in the consumption behavior of 

existing goods/services related to the characteristics of 

the stage or aspect of the experience. (Fig. 1, middle) 

 

In SEBM, since the experience is decomposed in terms of 

stages and phases when there are multiple limits / 

constraints, it is possible to identify and draw the 

potential places of each limit/constraint. Or, even when 

the viewpoints of the case writer and map writer are 

different, those differences can be drawn separately. 

 

2.3 Solution and Transition 

This describes the changes (relaxation of the 

limits/constraints) of new experiences for the 

potential/constraint of the latent experience under the 

specified existing goods/services. Furthermore, the new 

experience made possible by it is described as a script 

(Fig. 1, right). 

 

Here also, even when there are multiple relaxations of the 

limits/constraints, or when the viewpoints of the case 

writer and map writer differ, it is possible to specify and 

draw the changing points. 

Additionally, even if the solution is given to only a part of 

a plurality of potential limits/constraints, the potential 

places of the remaining limits/constraints are specified in 

the same format. For this reason, it is possible to describe 

and compare innovation chains by making multiple 

SEBMs continuous. 

2.4 Connection with MDDM 

When combined, SEBM and MDDM are able to describe 

innovation and value co-creation by customers and 

companies formally. 

Business innovation is described in SEBM as a change to 

a new script by relaxing the potential limits of the 

customer experience, whereas in MDDM, it is described 

as a change in the combination of purpose and means in a 

company's hierarchical business structure (Fig. 2). 

Therefore, SEBM and MDDM have a complementary 

relationship as a case description model for business 

innovation. This is not just a joint description, but a 

bilateral description of the interaction process between 

the changing company’s business and the changing 

customer’s experiences. Depending on the content of the 

case, it has the potential as a formal description model of 

その要因と して可視化することに適する．

SEB M は， 顧客側におけるビジネスイノ ベーショ

ンのケースを顧客の行動変化に焦点を当て記述する

が， 企業側におけるビジネスイノ ベーショ ンのケー

スを経営目的と経営資源の組合せの変化と して記述

する経営意思決定記述モデル M D D M と組み合わせ

ることにより ， 企業側のビジネス構造変化のプロセ

スと並行的に表現することが可能なる．これにより ，

サービス・ サイ エンスにおける価値共創（ Value

co-creation [6]） を企業のビジネス構造変化と顧客側

の行動変化の相互作用のプロセスと して記述するこ

とも可能なる．

2提案手法

システム・ エクスペリ エンス・ バウンダリー・ マ

ッ プ（ SEB M ） は， 財・ サービスの出現による既存

の財・ サービスについてのカスタマー・ エクスペリ

エンスの新たな変化を， 以下の３ 段階の手順により

記述する（ 図 1）．それは， 1) エクスペリ エンスの特

徴のステージ（ Stage） と 局面（ aspect） の２ 軸への

分解（ Stage-aspectdecom position）， 2) 分解された各

ステージ， 各局面におけるエクスペリ エンスの潜在

的な限界／制約（ boundary） の摘出， 3) 限界／制約

に対する解（ solution） による新たな行動の記述であ

る．

図１ ： システム・ エクスペリ エンス・ バウンダリ

ー・ マッ プ（ SEB M ） .

SEB M は， これら手順により ， カスタ マー・ エク

スペリ エンスの変化を一定の観点から分解し た表

（ エクスペリ エンス・ マッ プ） と し て記述する． こ

のエクスペリ エンス・ マッ プにより ， カスタマーに

とって何時（ w hen），何処で（ w here），誰との間（ w ho）

にどのよう な（ how ） 制約が存在し ， その解消によ

ってどのよう なエクスペリ エンス（ w hat） が生成さ

れるのかを記述可能となる．

2.1ステージ・アスペクト 分解（ Stage-A spect

D ecom position）

まずはじめに， 財・ サービスのカスタマー・ エク

スペリ エンスの特徴をステージ（ Stage） と ， エクス

ペリ エンスの実現についての局面（ aspect） の２ 軸へ

の分解（ Stage-aspectdecom position） する． ここで，

ステージとは， エクスペリ エンスが実現する順序に

従った入手（ acquire），準備（ prepare），享受（ enjoy），

保管（ keep） 等の区分である． また， 局面とはステ

ージ 毎に エ ク ス ペ リ エ ン ス が実現する 機会

（ occasion）， 位置（ place）， 手段（ device）， 行動の

主体（ subject）・ 客体（ object） 等の性質に応じた区

分である． それぞれの区分は， ケースの内容（ ケー

ス記述者の視点） に基づきマッ プ記述者の視点によ

り選択される．

ス テ ー ジ ・ ア ス ペ ク ト 分 解 （ stage-aspect

decom position）（ 図 1 左） は， ステージを実現順に

上から下に行と して， 選択した局面を列と して配置

する． カスタマーの既存の財・ サービスについての

エクスペリエンスを表すスクリ プト の特徴を表形式

に分解する．

2.2 限界／制約の抽出（ B oundary Extraction）

ステージの局面で分解されたエクスペリ エンスの

特徴について， 既存の財・ サービスの下での限界／

制約（ B oundary） を， ケースの内容とマッ プ記述者

の視点に基づき記述する． これにより 既存の財・ サ

ービスの消費行動に潜在していた限界／制約が， エ

クスペリ エンスのどのステージ， アスペクト におけ

る特性に関係するかを明示的に記述することができ

る．（ 図 1 中）

SEB M においては， エクスペリ エンスをステージ

と局面に関して分解しているために， 限界／制約が

複数存在する場合において， あるいはケースの記述

者とマッ プ記述者の視点が異なる場合も， それぞれ

の潜在する箇所を特定し て描き分けるこ と ができ

る．

2.3限界に対する解と エクスペリ エンスの

変化（ Solution and Transition）

特定された既存の財・ サービスの下で潜在してい

たエクスペリ エンスの限界／制約について， 新たな

財・ サービスの投入による変化（ 限界／制約の緩和）

を記述する． さ らに， それにより可能となった新た

なエク スペリ エンスをスク リ プ ト と し て記述す

る．（ 図 1 右）
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value co-creation between companies and customers.

Fig. 2 Managerial decision-making description model 

(MDDM). 

 

When connecting MDDM and SEBM, the customer’s 

experience and its changes are regarded as changes in the 

external environment for the company. Then, we take an 

approach to refine some of the environmental 

components of MDDM with SEBM. In MDDM, the 

customer's consumption behavior is described in the 

environmental component as part of the market landscape. 

The interaction between the market and management 

decision-making is expressed by the connection of events 

from the environmental component to the agent, which is 

the trigger of decision-making, or the connection of the 

event to the environmental component that changes from 

the decision of the agent. Therefore, changes in the 

customer's experience of making decisions within 

MDDM are described by replacing some of the 

environmental components with SEBM (Fig. 3). 

Fig. 3 Description of business innovation by connecting 

MDDM (top) and SEBM (bottom). The thick dotted lines 

represent the interactions that occur between corporate 

decision-making and changes in the customer experience. 

There are three possible patterns for this connection: 

1) To consider the limitations/constraints of the

experience at a particular stage/aspect in SEBM as a

trigger event for MDDM management decision-making.

2) To consider new goods and services resulting from

MDDM’s management decision-making as an event and

use them as solutions to the limitations/constraints of the

experience in SEBM.

3) To grasp the change in experience due to the relaxation

of the limit in SEBM as a change in the market 

collectively and connect it to the trigger event of the 

decision-making of the agent on the MDDM side. 

This connection between SEBM and MDDM suggests 

that value co-creation could be formalized. For example, 

when the above-mentioned connections are 

bidirectionally included in the formal description of a 

business case, it is an expression of the interaction 

between changes in the business structure of a company 

and changes in the behavior of customers. 

 

 

3. APPLICATION TO ACTUAL BUSINESS
CASES 

 

The case of actual business innovation is expressed using 

SEBM. As a basic example, we will use the same sample 

case from MDDM [2] and show that this can describe the 

change of customer experience on the customer side. 

We also show that by combining customer experience 

changes by SEBM and management decision-making by 

MDDM, the actual business case can be formalized from 

both the customer and management sides. 

3.1 Applying SEBM to Actual Business Cases 

For the example, we show SEBM’s description of the 

case of Honda’s entry into the North American 

motorcycle market. This is a classic case in Christensen’s 

work [10], but the information from Honda’s website 

([11], [12]) is also taken into account to describe from the 

customer’s perspective. 

The outline of the case [10] by Christensen is as follows: 

・Honda was looking to enter the market for large

high-speed highway bikes like Harley Davidson which

was popular in the North American market with the

advantage of low cost.

・While Kawashima, the manager of American Honda

Motors at that time, was developing a local dealer,

Honda’s large motorcycle was not accepted in the North

American market.

・Whereas the Super Cub, which he brought in for

business and ran off-road distractions, aroused consumer

interest and demand, so Kawashima convinced the Tokyo

head office to introduce a lightweight recreational bike to

これについても限界／制約の緩和が複数存在する

場合において， あるいはケースの記述者とマッ プ記

述者の視点が異なる場合にも， それぞれの変化する

箇所を特定して描き分けることができる．

また複数の潜在する限界／制約のう ち， 解が与え

られたのが一部にとどまる場合においても， 残され

た限界／制約が潜在する箇所が同じ フォーマッ ト の

中で特定されている． このため， SEB M を複数連続

させてイノ ベーショ ンの連鎖を記述・ 比較すること

も可能である．

2.4 企業側の経営意思決定記述モデルとの

連接（ C onnection w ith M anagerialD ecision-

m aking D escription M odel）

ビジネス・ イノ ベーショ ンのケースを顧客側から

形式的に記述する SEB M は，これを企業側から記述

する経営意思決定記述モデル（ M D D M ） と結合する

こ と で ， 顧客と 企業に よ る 価値共創 （ Value

co-creation）を含むイノ ベーショ ンの形式的記述をす

ることができる． ビジネス・ イノ ベーショ ンのケー

スは， SEB M においてはカスタマー・ エクスペリ エ

ンスの潜在的限界の緩和による新たなスクリ プト へ

の変化と して記述される．一方， M D D M では，企業

の階層的なビジネス構造における目的と手段の結合

の変化として記述される．（ 図 2）

図２ ： 経営意思決定記述モデル（ M D D M ）．

このことから SEB M と M D D M は， ビジネス・ イ

ノ ベーショ ンのケース記述モデルと して相補的な関

係にあり ， 両者を結合することで企業と顧客の両面

からイノ ベーショ ンの形式的記述をすることができ

る． これは単に双方的な記述という だけでなく ， 企

業側の変化と顧客側の変化の相互作用のプロセスの

記述であり ， ケースの内容によっては企業と顧客に

よる価値共創（ Value co-creation） の形式的な記述モ

デルとしての可能性を持つものである．

M D D M と SEB M を連接する場合は， 顧客のエク

スペリ エンスとその変化を企業にと っての外部環境

の変化ととらえ，M D D M の環境コンポーネント の一

部を SEB M で詳細化するという アプローチをとる．

M D D M においては，顧客の消費行動は市場の様相の

一部として，環境コンポーネント の中で記述される．

そして， 市場と経営意思決定の間の相互作用は， 環

境コンポーネント からエージェ ント への意思決定の

ト リ ガーとなるイベント の接続， あるいはエージェ

ント 意思決定から変化を被る環境コンポーネント へ

のイベント の接続によって表現される． したがって

M D D M 内での意思決定への顧客のエクスペリ エン

スの変化は，環境コンポーネント の一部を SEB M に

置き換えて記述し ， その SEB M の要素と M D D M の

コンポーネント を接続することで表現する．

図３ ： M D D M （ 上） と SEB M （ 下） の連接によ

るビジネス・ イノ ベーショ ンの記述． 太点線が

企業の意志決定と顧客のエクスペリエンスの変

化の間に発生した相互作用を表す．

この接続のパターンと しては， SEB M における特

定のステージ・ アスペクト におけるエクスペリ エン

スの限界／制約を M D D M の経営意思決定のト リ ガ

ー・ イベント と すること ， あるいは M D D M の経営

意思決定の結果と しての新たな財・ サービスをイベ

ント と して SEB M におけるエクスペリ エンスの限界

／制約の解とすること ，更には SEB M における限界

の緩和によるエクスペリ エンスの変化を集合的に市

場の変化と と らえて M D D M 側のエージェ ント の意

思決定のト リ ガー・ イベント に接続すること こと ，

が考えられる．
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the North American market. 

・Honda changed its strategy and created a new market in

North America.

We describe in SEBM the changes in consumer 

experience before and after the introduction of the Super 

Cub (Fig. 4). For simplicity, the experience stage is 

divided into two parts: “purchase” and “usage,” and 

aspect is divided into “place” and “atmosphere.” 

According to Honda’s website ([11], [12]), the 

limitations/constraints of the potential North American 

customer’s experience were that the large bikes of the 

time had a very bad impression from society as a 

defective vehicle with a leather jacket, covered with oil. A 

store like a garage wasn't the place that the general public 

would want to visit. Small products other than large bikes

for highways were undeveloped (Fig. 4, Boundary

column). 

 

In a market with such potential limitations/constraints, 

the Super Cub gained popularity due to its toy-like ease. 

Some customers took the Super Cub to a camp or picnic 

with a pickup truck and ran through the forest. Such 

usage was not expected at the Japanese head office. 

Kawashima focused on this and reported it to the head 

office, and expanded the sales channels to be an 

inexpensive lightweight recreational bike other than 

specialized dealers. He launched the “Nicest people on 

Honda” campaign. As a result, he was able to offer the 

Super Cub as a vehicle for citizens, such as students and 

women, different from the conventional motorcycle

customers (Fig. 4, Solution column). 

 

Fig. 4 SEBM on customer experience in the case of 

Honda’s entry into the North American market. 

As a result, at the purchase stage, customer behaviors 

such as easily purchasing Super Cubs at sports equipment 

stores and making them a Christmas present for teenagers 

were added. At the use stage, customer behaviors such as 

running off-roads, and students and women moving

casually and fashionably when going to school or going

out were added (Fig. 4 Script (after) column). 

3.2 Combination with MDDM 

Regarding the description of the case including the 

interaction (value co-creation) between the customer and 

company sides by the combination of the customer side 

experience (SEBM) described in Section 2.4 and the 

management side decision-making (MDDM), we show 

the cases of Honda and Sony. 

Figure 5 shows the combination of SEBM and MDDM in 

the Honda case. The unexpected use of off-road riding by 

some customers caused a bottom-up decision to open up 

the market for lightweight recreational bikes in North 

America (thick dotted line from bottom to middle of the 

figure). It also shows that a new experience of daily 

movement of students and women occurred due to 

Honda’s strategy shift (thick dotted line from middle to 

bottom of the figure).

Fig. 5 Combination of MDDM and SEBM in Honda’s 

case. The thick dotted line represents the interaction 

between corporate decision-making and customer 

experience. 

As another example, the case of market creation by 

Sony’s headphone stereo (Walkman) is also described by 

MDDM and SEBM. The following is an outline of the 

case based on Sony’s website ([13], [14]). In the late 

1970s, Sony was improving the performance of compact

cassette tapes and their recorders. Ibuka, the honorary

chairman at that time, personally requested Ozone, the

director of the tape recorder division, to create a 

lightweight and compact playback device for listening to 

music on an airplane. Ozone remodeled a handy type 

monaural recording/playback machine and prototyped a 

stereo playback only machine. When Ibuka tried to test 

this prototype with Morita, who was chairman, Morita 

このよう な SEB M と M D D M の連接は， 価値共創

（ Value co-creation） の形式的記述が可能であること

を示唆する． 例えばビジネスケースの形式的記述に

上に挙げた接続が双方向で含まれるよう な場合， そ

れは企業のビジネス構 の変化と顧客の行動の変化

の相互作用の表現となっている． これは， SEB M と

M D D M の連接により 価値共創のプロセスのスタ イ

ライズド ・ ファ クト を抽出するツールとして有望で

あることを示す．

3ビジネスケースへの適用

実際のビジネス・ イ ノ ベーショ ンのケースを

SEB M を用いて表現する．基本的な例と して、M D D M

の例[2]と同じケースを用いること と し ， これにより

顧客側におけるカスタマー・ エクスペリ エンスの変

化を記述できることを示す．

また， SEB M によるカスタマー・ エクスペリ エン

スの変化と M D D M による経営意思決定を組み合わ

せて， 実際のビジネスケースを顧客側と経営側との

両面からその変化を形式化できること を示す。

3.1 ビジネスケースへの SEB M の適用

実際のイノ ベーショ ンのケースへの適用例として、

M D D M の例としても取り上げた、ホンダによる北米

二輪車市場への進出過程のケースについての SEB M

による記述を示す．これは，クリ ステンセンの著作[7]

にある古典的なケースであるが， 更にホンダの W eb

サイト における情報も加味して， 顧客側の視点から

の記述とする。

クリ ステンセンによるケース[7]の概略は， ホンダ

が北米市場で人気のあった H arley D avidsonのよう な

大型高 のハイウェ イ・ バイク市場に、 低コスト を

武器に参入しよう と し ていたこと 、 このためロス・

アンゼルスに派遣された川島（ アメ リ カン・ ホンダ・

モーターズ支配人 当時）等が現地ディ ーラーの開拓

を行っていたものの、 ホンダの大型バイクは， 北米

市場に受け入れられなかった． 一方， 自身が営業用

に持ち込みオフロード で気晴らし に走らせた Super

C ubが消費者の関心と需要を喚起したことから， 川

島が、 軽量のリ クリ エーショ ン・ バイクを北米市場

に本格投入するよう 東京本社を説得した．ホンダは，

戦略を変更し北米において新たな市場を創 した，

という ものである．

このホンダのケースにおける SuperC ub投入前後

の消費者のエクスペリ エンスの変化を， SEB M で記

述する（ 図 4）． 簡略化のため， エクスペリ エンスの

ステージは購入と利用の二つ， アスペクト は場所と

雰囲気の二つのみに分割する． これについてホンダ

の W ebサイト によれば，北米の潜在的顧客のエクス

ペリ エンスの限界／制約と して， 当時の大型バイク

は， 革ジャケッ ト を着た不良の乗物として社会から

の印象が極めて悪く ， またオイルまみれのガレージ

のよう な販売店も一般市民が訪れたく なるよう な場

所ではなかった． またハイウェ イ用の大型バイク以

外の小型製品は未発達であった．（ 図 4 B oundary列）

このよう な潜在的限界／制約を抱えた市場で，

SuperC ubはおもちゃのよう な気軽さで人気を呼び，

ピッ クアッ プト ラッ クでキャンプやピクニッ クに持

ち出し山林を走り回るなど日本では想定していなか

った使い方をする顧客が現れた． これに着目した川

島は本社に報告し ， 安価な軽量リ クリ エーショ ン・

バイクと して専門ディ ーラーに以外にも販路を広げ

ると と もに， N icestpeople on H onda（ 素晴らし き人

ホンダに乗る） キャンペーンを開始して， これまで

の m otorcycleとは異なる学生や女性など市民の乗物

として SuperC ub を提供した（ 図 4 Solution列）．

図４ ： ホンダの北米市場進出のケースにおけるカ

スタマー・ エクスペリ エンスについての SEB M

これにより 顧客の行動は， 購入ステージにおいて

は SuperC ub をスポーツ用品店等で手軽に購入する

だけでなく ， ティ ーンエイジャーへのクリ スマスプ

レゼント とすること ， 利用ステージにおいては， ア

ウト ド アでオフロード を走行すると う いう 活動に加

え， 静かな４ サイクルエンジンとスカート をはいた

まま乗れる形状から， 学生や婦人にとって通学や外

出で気軽でファ ッ ショ ナブルに移動すること といっ

た行動が新たに追加さ れるこ と と なっ た．（ 図 4

Script(after)列）

3.2 経営意思決定モデルとの組み合わせ

2.4 節で述べた， 顧客側のエ ク スペリ エン ス

（ SEB M ） と ， 経営側の意思決定（ M D D M ） の組み

合わせによる顧客側， 企業側間の相互作用（ 価値共

創） も含めたケースの記述について， ホンダのケー

スに加えソニーのケースについても例を示す．

ホンダのケースにおける SEB M と M D D M の組み

合わせを図５ に示す． このケースにおいては， 一部

の顧客によるオフロード ・ ライディ ングという 想定

外の利用から，北米における軽量リ クリ エーショ ン・

バイクの市場開拓という ボト ムアッ プの意志決定を

引き起こしたこと を， 図 5の下から中段への太破線

で示している． またホンダの戦略転換により学生や

婦人の日常の移動という 新たなエクスペリ エンスが

発生したこと を， 図 5の中段から下への太破線で示

している．

図５ ： ホンダのケースにおける M D D M と SEB M

の組み合わせ． 太点線が企業の意志決定と顧客

のエクスペリ エンス間の相互作用を表す．

今一つの例として， ソニーのヘッ ド ホン・ ステレ

オ（ ウォークマン） による市場創造についてのケー

スについても， M D D M と SEB M による記述の例を

示す． ソニーの W ebサイト （ [10],[11]） によるケー

スの概要は次のとおりである． 70年代後半にソニー

は， コンパクト カセッ ト テープとその録音再生機の

性能を向上させていた． 当時名誉会長であった井深

が個人的に， テープレコーダー事業部長の大曽根に

飛行機の中で好きな音楽を聴く ための軽量小型の再

生機を依頼した． 大曽根はハンディ タイプのモノ ラ

ル録音再生機を改造してステレオ再生専用機を試作

した． この試作機を井深が会長である盛田に試用さ

せると 、 盛田がこの試作機を， W alkm an と して若者

向けの市場に投入する決断をした． この結果， ソニ

ーは新たにハンディ な高音質再生専用機の市場を創

造した．

このソニーのW alkm anのケースにおけるエクスペ

リ エンスの限界は， 音楽を楽しむ機会の制約に存在

していた． それはコンパクト カセッ ト テープと録音

再生機の性能向上によって， 好みの音楽を自由にコ

ンパクト カセッ ト テープに録音できるよう になった

にもかかわらず， 再生にも大型で重い録音再生機材

を使用しなければならないという ， 先入観による制

約によってもたらされていた．

図６ ： ソニーのケースにおける M D D M と SEB M

の組み合わせ． SEB M 内右側の変化のない箇所

の記述は省略している

この限界と解と してのステレオ再生専用機は， 第

ゼロ次のユーザーとしての井深と技術者と しての大

曽根の協同よって発見されている． 更に， ユーザー

と しての井深， 経営者と して盛田， 技術者と し ての

大曽根の連携によって，製品として市場に投入され，

音楽を街へ持ち出すという 新しいエクスペリ エンス

を可能にしている

以上２ つの例でみたよう に， SEB M と M D D M を

連接してケースを記述することは， 顧客側に潜在す

るエクスペリ エンスの限界についての， 顧客側・ 企

業側双方からの相互作用による解の発見と ， 新しい

エクスペリ エンスの生成について， 形式的に記述す

ることを可能になる． これは新しい製品とその使用
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decided to introduce this prototype as a Walkman into the 

market for young people. As a result, Sony created a new 

market. 

The limit of the experience in this Sony Walkman case 

was the constraint of the opportunity to enjoy music. 

Despite the improvements in performance of compact

cassette tapes and recording/playback equipment, it 

became possible to freely record music on compact 

cassette tapes, but the preconception existed that large

and heavy recording/playback equipment must be used 

for playback. 

 

Fig. 6 Combination of MDDM and SEBM in Sony’s case. 

The description of the unchanged part on the right side of 

SEBM is omitted. 

The stereo reproduction-only machine had this limit and 

solution discovered by the cooperation of Ibuka as a 

zero-order user and Ozone as a technician. Furthermore, 

with Ibuka as a user, Morita as a manager, and Ozone as a 

technician, the Walkman was introduced to the market as 

a product, enabling a new experience of bringing music 

(Fig. 6). 

As we have seen, describing cases by connecting SEBM 

and MDDM allows the following two points to be 

described formally: 

1) discovering the solution of the potential experience

limit on the customer side by interaction from both the

customer and company sides, and 2) creating a new 

experience. 

4. CONSIDERATIONS

Regarding connecting SEBM and MDDM, we consider 

the possibility of application in business case learning 

and business gaming learning from the viewpoint of 

facilitation support and learning log-analysis. 

In learning with business case or gaming about business 

innovation, it is desirable to consider both the 

organizational decision-making of a company and the 

change of ownership value, use value, or consumption 

behavior change in the customer from both sides. 

However, the content of the teaching material and 

viewpoint of the learner do not necessarily include both 

in a well-balanced manner. In such a case, to promptly 

consider the experience of the customer about teaching 

materials and learners who tend to lean toward the 

decision-making process inside the company, conversely, 

the process of implementation within the company when 

tending to the marketing and product design tend to occur. 

To speed up the discussion, preparing SEBM, MDDM, or 

both may be effective in reducing the load on the 

facilitator in correcting bias and variations in learning. 

In business case learning or gaming, it is difficult to 

record the log in a form that can be compared between 

learners. However, if it becomes easy to formally 

describe the changes in the business structure and 

customer experience, it will be possible to look back on 

the learners at the time of after-review and to compare 

them with the records of past learners. The description 

including useful findings in such inter-comparison may 

be a stylized fact extracted from the case or gaming. 

5. SUMMARY AND REMARKS

This paper has proposed SEBM that formally describes 

the changes in the customer experience due to new 

products and services in the case of business innovation. 

SEBM can describe the process of business structure 

change on the enterprise side and the change of customer 

experience in parallel by combining with MDDM. In 

addition, it is possible to describe the value co-creation 

formally as a process of the total action. 

SEBM is considered to be promising for application in 

business case learning and business gaming learning, and 

we would like to deepen its investigation in the future. 

合わせを図５ に示す． このケースにおいては， 一部

の顧客によるオフロード ・ ライディ ングという 想定

外の利用から，北米における軽量リ クリ エーショ ン・

バイクの市場開拓という ボト ムアッ プの意志決定を

引き起こしたこと を， 図 5の下から中段への太破線

で示している． またホンダの戦略転換により 学生や

婦人の日常の移動という 新たなエクスペリ エンスが

発生したことを， 図 5の中段から下への太破線で示

している．

図５ ： ホンダのケースにおける M D D M と SEB M

の組み合わせ． 太点線が企業の意志決定と顧客

のエクスペリ エンス間の相互作用を表す．

今一つの例として， ソニーのヘッ ド ホン・ ステレ

オ（ ウォークマン） による市場創造についてのケー

スについても， M D D M と SEB M による記述の例を

示す． ソニーの W ebサイト （ [10],[11]） によるケー

スの概要は次のとおり である． 70年代後半にソニー

は， コンパクト カセッ ト テープとその録音再生機の

性能を向上させていた． 当時名誉会長であった井深

が個人的に， テープレコーダー事業部長の大曽根に

飛行機の中で好きな音楽を聴く ための軽量小型の再

生機を依頼した． 大曽根はハンディ タ イプのモノ ラ

ル録音再生機を改造してステレオ再生専用機を試作

した． この試作機を井深が会長である盛田に試用さ

せると 、 盛田がこの試作機を， W alkm an と して若者

向けの市場に投入する決断をした． この結果， ソニ

ーは新たにハンディ な高音質再生専用機の市場を創

造した．

このソニーの W alkm anのケースにおけるエクスペ

リ エンスの限界は， 音楽を楽しむ機会の制約に存在

していた． それはコンパクト カセッ ト テープと録音

再生機の性能向上によって， 好みの音楽を自由にコ

ンパクト カセッ ト テープに録音できるよう になった

にもかかわらず， 再生にも大型で重い録音再生機材

を使用しなければならないという ， 先入観による制

約によってもたらされていた．

図６ ： ソニーのケースにおける M D D M と SEB M

の組み合わせ． SEB M 内右側の変化のない箇所

の記述は省略している

この限界と解と してのステレオ再生専用機は， 第

ゼロ次のユーザーとし ての井深と技術者と し ての大

曽根の協同よって発見されている． 更に， ユーザー

と しての井深， 経営者と して盛田， 技術者と しての

大曽根の連携によって，製品として市場に投入され，

音楽を街へ持ち出すという 新しいエクスペリ エンス

を可能にしている

以上２ つの例でみたよう に， SEB M と M D D M を

連接してケースを記述することは， 顧客側に潜在す

るエクスペリ エンスの限界についての， 顧客側・ 企

業側双方からの相互作用による解の発見と ， 新しい

エクスペリ エンスの生成について， 形式的に記述す

ることを可能になる． これは新しい製品とその使用

価値が生成される価値共創（ Value co-creation） のプ
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Abstract

Multi-feature fusion is a useful way to improve the deep
learning for hyperspectral image(HSI) classification. But
the multi-feature fusion is usually at the decision level of
classifier, which causing less link between features or
poor extensibility of feature. In this paper, a multi-feature
fusion based deepForest for HSI classification is
proposed, which uses three deep multi-grained scanning
branches in dgcForest to extract and fuse morphological
features, saliency features, and edge features, and the
fused features are sent into cascade forest in dgcForest for
classification. Experimental results indicate that the
proposed framework consumes less training time and has
better performance on two HSI data sets.

Keywords: DeepForest, Hyperspectral Image Classification,
Multi-Feature Fusion

1. INTRODUCTION

To make full use of information contained in
hyperspectral data, multi-feature based strategy has been
widely applied to current popular method. He et al.[1]
proposed a multi-scale 3D deep convolutional neural
network to jointly learn both 2D multi-scale spatial
feature and 1D spectral feature from HSI data in an
end-to-end approach, achieved better results with
large-scale data set. However, DNN is hard to fuse
multi-feature obtained by different method limited by the
structure of neural network. Zhang et al.[2] and Jia et al.[3]
chosen morphological profiles, Gabor textural, etc. and
used classic classifier like the SVM to predict, improved
classification accuracy of classic classifier. But those
methods haven’t fused features or just fused features on
decision level, without considering the correlation among
features. Thus there will be a certain potential for finding
a better feature connector and classifier.

Deep forest is a new deep model of the alternative DNN
proposed by Zhou et al.[4], which is a powerful opponent
of DNN on the accuracy and time consuming. dgcForest
is an improved version of deep forest, modified for HSI

classification, which improved the ability of deep forest
to extract deep feature by deepening the original
multi-grained scanning forest[5]. Although dgcForest
achieved a more satisfactory effect, but its ability to
extract image feature in different HSI data sets needs to
be improved.

Extended morphological profile(EMP) is a simple and
commonly to use feature map that can denoise images[6].
Saliency detection can highlight the spatial scene
features[7]. However, saliency detection will weaken the
boundary information of each area in HSI. Edge detection
can detect the edge feature of feature map, which makes
up for the deficiency of saliency detection. Thus the
combination of three features has certain rationality.

In this paper, we proposed a multi-feature fusion based
deepforest method for hyperspectral image classification.
The main contributions of this paper are summarized as
follows.
1) Three deep multi-grained scanning branches in
dgcForest were used to deeply extract EMP features,
saliency features and edge features, which can
supplement each other, to make full use of spatial
information of HSI.
2) In order to enhanced features, voting fusion
method was used to fuse three deeply extracted
features, which can make the link between features
closer than decision-level fusion method.

2. PROPOSED METHOD

Before using extended morphological profile(EMP),
Principal Component Analysis(PCA) needs to be used to
reduce the dimension of raw HSI, as well as to reduce
redundancy among bands. HSI often contains
background information that does not need to be
classified. When spatial information is used for
classification, the classification accuracy is easily
affected by background information. Boolean Map
Saliency Detection(BMS) is a simple and efficient visual
saliency detection method, which can be used to highlight
features of the foreground. We use BMS on EMP features
to obtain enhanced features. Saliency detection is hard to
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detect a clear outline of object, the edge feature of the
ground object will be weakened. Thus an edge detection
method called canny edge detection is introduced to
detect the edge of EMP feature map.

In the processes of deepforest based multi-feature fusion,
three deep multi-grained scanning branches in dgcForest
are used to further extract three different features and
output two vector blocks with size of w/2 × w/2 × c,
respectively. w is size of sliding window to obtain pixel
block sample. c is dimension of vector obtain by each
minimum unit in cascade forest[5]. The output vector is soft
output and indicates strength of each feature, which can be

fuzzy, posterior probabilities, certainty, or possibility
values[8]. In our proposed framework, voting fusion
strategy was used to fuse three features. Thus, a fused
feature (FF) can be obtained by add three soft output (SO).

]n，......，F1,  F1,  F1[FFF  and ]
l
n......S

l
3,S

l
2,S

l
1[S

l
SO  in which

321 l
iS

l
iS

l
iSiF  . Fi is each degree of support of fused

feature and 1l
iS is each degree of support of each extracted

soft output by three different extraction branches. n = w/2
×w/2×c[5]. Them, fused features with constant dimension
are obtained.

Finally, the fused vector was sent into cascade forest to
obtain final prediction.

Fig. 1 The flowchart of our proposed method.

3. EXPERIMENTALRESULTS

This subsection presents the classification accuracy of
several states of the art methods and three cases that our
method use different type of features. Two HSI data sets
are used in experiment. And 10 percent of each data set
was chosen as training data set.

Table 1 The detail of two data sets.
Dataset name Classes Pixels bands resolution Train data scale

Indian Pine 16 145*145 200 20m 10%(each class)

Salinas 16 512*217 200 3.7m 10%(each class)

EMP, EMP+Saliency, MfdForest means that our 
algorithm uses different type of feature extraction branch. 
The accuracy and running time of different algorithms 
can be seen in Fig 2, Fig 3, Table 2, Table 3. Table 1 
shows the detail of two data sets.

In Fig 2 and Fig 3, our algorithm is ahead of other 
methods in OA in two data sets. Although our method has 
a lower accuracy than ResNet when using less than three 
branches in Indian Pines data set, but three branches case 
still has a best performance. What’s more, in the case of

our method using different number of extraction branches,
the accuracy was increased with more branches, it shows
that each feature we chosen and feature fusion method we
used has played a significant role. In Table 2 and Table 3,
our method also has superiority in OA, AA and Kappa
comparing to other methods, and AA has a subtle change
with case of using two extraction branches in Indian
Pines data set, it shows that saliency detection hasn’t
improve classification in some classes, which is the point
we need to solve later.

In terms of running time, which is the total time of
training and testing, although our improved algorithm is
slower than dgcForest, the reduction in speed has not be
presented as multiple. This effect is mainly achieved by
our parallel computing branch. Therefore, there is still an
advantage in running time.

4. CONCLUSION

In this paper, we introduce a multi-feature fusion based
deep forest to extract and fuse three feature maps of the
HSI for improving classification accuracy. For a certain
pixel, even the classification improved by certain feature
map is not good, but one of the other two features may
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has a better effect, so it can work together for each pixel
to get the best results. Although we use three branches to
increase the size of the model, these three branches

structures can be done in parallel, so as not to cause
excessive speed reduction. The effectiveness of our
method can also be seen from the experimental results.

Fig. 2 OAof different methods in Indian Pines. Fig. 3 OAof different methods in Salinas.

Table 2 Accuracy comparison and running time of different algorithms in Indian Pines data set
Method ACGAN ResNet DgcForest EMP EMP+Saliency MfdForest

OA 94.38±1.88 98.63±0.25 97.73±0.23 97.96±0.3 98.32±0.14 98.68±0.15

AA 76.29±3.28 90.33±0.29 95.92±0.51 94.62±2.62 94.59±2.02 96.8±1.54

K*100 93.58±2.15 98.44±0.28 97.41±0.18 96.23±0.77 97.37±1.01 98.55±0.71

Time(s) 836.15 923.48 94.6 114.37 139.93 152.11

Table 3 Accuracy comparison and running time of different algorithms in Salinas data set
Method ACGAN ResNet DgcForest EMP EMP+Saliency MfdForest

OA 92.12±1.42 97.84±0.12 98.71±0.11 99.18±0.22 99.43±0.28 99.62±0.21

AA 86.59±2.96 98.63±0.27 98.63±0.09 99.18±0.28 99.43±0.49 99.62±0.32

K*100 86.59±2.96 97.59±0.13 98.68±0.12 99.09±0.33 99.36±0.24 99.57±0.15

Time(s) 1020.11 1861.4 368.9 437.21 472.98 531.29
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Abstract

Aiming at the problem of demagnetization fault 
diagnosis of permanent magnet synchronous motor 
(PMSM) under the condition of inductance change, a 
demagnetization fault detection method based on 
adaptive sliding mode observer is proposed. Firstly, The 
mathematical model of demagnetization fault of PMSM 
in synchronous rotating coordinate system is established, 
and the inductance disturbance is analyzed separately. 
Then, considering the different characteristics of flux 
linkage fault and inductance disturbance, an adaptive 
sliding mode observer is proposed, and two different 
adaptive laws are designed to ensure the accuracy of fault 
diagnosis and to eliminating the influence caused by 
inductance disturbance, thus finally achieving the purpose 
of the robust diagnosis of demagnetization fault.

Keywords: PMSM, demagnetization fault, inductance 
disturbance, adaptive control, sliding mode control.

1. INTRODUCTION

Permanent magnet synchronous motor (PMSM) has the 
advantages of simple structure, high efficiency and 
high power density, and is widely used in machinery 
manufacturing equipment, industrial robots, computer 
peripherals, instrumentation, mini-cars and electric 
bicycles. Traditional AC servo system generally adopts 
PID control, which has the advantages of simple 
algorithm, high reliability and convenient adjustment. 
However, PMSM is a complex object with multivariable, 
strong coupling, nonlinearity and variable parameters. 
Although conventional PID control can meet the control 
requirements in a certain range, it is difficult to meet the 
requirements of high-performance control when the 
system parameters change or are affected by external 
uncertain factors [1].

In recent years, the research on the fault diagnosis of 
permanent magnet synchronous motor has been highly

concerned and studied by scholars at home and abroad. 
Various disturbance factors that affect the stable operation 
of the motor will be produced during PMSM operation. 
The main disturbance factors are load disturbance, motor 
parameter disturbance and external nonlinear disturbance. 
The appearance of various disturbance factors will make 
the permanent magnet magnetic conductivity of 
permanent magnet motor drop or demagnetize, and the 
motor will not run stably, and even the motor will be 
scrapped in serious cases [2]. Therefore, it is particularly 
important to study the demagnetization fault detection of 
permanent magnet synchronous motor with disturbance 
factor. At present, the main fault diagnosis methods are 
sliding mode control, adaptive control and so on. Sliding 
mode control has good control performance for nonlinear 
systems, so it has been widely used in various industrial 
control objects. And, it is insensitive to the model error of 
the research object, the change of object parameters and 
external interference [3], which makes sliding mode 
control have very important theoretical research 
significance in the fault diagnosis problem of permanent 
magnet synchronous motor. Adaptive control can modify 
the control process according to the change of the 
dynamic characteristics of the controlled object and its 
disturbance. Using adaptive estimation algorithm [4], a 
specified performance index can reach and maintain 
optimal solution or approximate optimal solution.

At present, many literatures have studied various 
disturbance factors of permanent magnet synchronous 
motor [5], among which Cho Y [6] studied space vector 
control under load disturbance, Z Chang-fan [7] studied 
vector control under resistance disturbance, and Wu H [8] 
studied vector control under motor parameter disturbance. 
Aiming at the adaptive control method, Kim [9] proposed 
an adaptive speed control scheme under parameter 
variation. Nguyen A T [10] proposed a simple adaptive 
driving speed controller under parameter disturbance, 
Jing L [11] proposed an adaptive sliding mode observer 
under load and parameter disturbance to reduce speed 
fluctuation, and Jin-Woo Jung [12] proposed an adaptive
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proportional-integral-derivative (PID) speed control 
scheme for PMSM.

In the above research literatures, either the 
inductance disturbance is not considered, or the 
inductance disturbance is assumed to be a constant value 
change, that is, the change rate of inductance derivative is 
approximately zero.However, in practice, the temperature 
or current of the motor changes greatly during the 
long-term movement, and the inductance changes in 
various processes. In this paper, aiming at the problem 
that the traditional sliding mode observer can not 
accurately detect the demagnetization fault when the 
inductance is variable and the change rate of inductance 
derivative is not 0 in PMSM operation, an adaptive 
sliding mode observer is proposed to detect the 
demagnetization fault. Considering the different 
characteristics of flux linkage fault and inductance 
disturbance, an adaptive sliding mode observer is 
proposed and two different adaptive laws are designed to 
ensure the accuracy of fault diagnosis and to eliminate the 
influence caused by inductance disturbance, thus 
achieving the purpose of demagnetization fault diagnosis.

2. DESCRIPTION OF THE PROBLEM

In magnetic field oriented coordinate d-q, the 
mathematical model [13] of demagnetization current of 
the PMSM is

d d
d q

q q f
q d

di u R i i
dt L L
di u R i i
dt L L L




 

   

    


(1)

where di , qi are current of d q axis, du , qu are
voltage of d q axis, R is resistance,  is angular
velocity, L is inductance, f is the nominal value of
flux linkage.

When the demagnetization fault occurs in the motor, the 
amplitude and direction of the permanent magnet flux 
vector will change.As shown in the Fig.1, the flux linkage

vector of permanent magnet changes from f
to r .

There is a deviation angle  between the magnetic field
direction of the motor and the permanent magnet flux
linkage direction. rd is flux linkage of d-axis, rq is
flux linkage of q-axis.

Fig.1 Change of flux linkage of PMSM

Under the inductance disturbance, the demagnetization  
mathematical model is given as follows
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where L is the inductance disturbance, rd is flux
linkage of d-axis, rq is flux linkage of q-axis.
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(3)

The state equation of the PMSM is obtained from 
equation (3)
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3. DESIGN OF ADAPTIVE SLIDING
MODE OBSERVER

For the PMSM system described in (4), an adaptive 
sliding mode observer is constructed as follows

ˆ ˆˆ ˆ ˆ( - )
ˆ ˆ
x Ax Bu Ef G y y d
y Cx

     



(5)

where G is to-be-designed matrix, superscript "∧" is the 
observed value of relevant disturbances.

Observer deviation is defined as, e(t)  =x̂(t)  −x(t).

Output deviation is defined as, ey (t)  = ŷ(t)  −y(t)

   f t d t

ˆe(t) x(t) x(t)
( A LC )e(t) Ee e

  

 
   

(6)

A new variable is defined as

 f d t
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where n nR , diag( ,..., )    and 0 

According to formula(6) and (7), we obtain
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Fixed value fault shows that the fault is fixed value or slow 

0change, and satisfies f (t)
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Since the disturbance d is variable, 0d
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 d t
ˆe d d
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In order to achieve the optimal value of sliding mode 
condition, the adaptive control estimation algorithm is 
designed as follows

1
Tf̂ (t) E Pe(t)



  (11)

2d̂(t) P s(t)


  (12)
where 1 2

r r, R   is the adaptive learning rate, and

1 20 0,   . P is to-be-designed matrix.

Lemma 1: For any positive number  µand symmetric 
positive definite matrix P , the following inequality 
holds

12 T T T nx Py x Px y Py, x, y R


   (13)

Following positive definite function is chosen as 
Lyapunov function
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By deriving formula (14) and substituting (6), (11) and 
(12), we obtain
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According to Lemma 1, we obtain
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Since E is a Full column rank, the inverse matrix of E 

exists and is unique. E  = +( ET E )−1 ET
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where
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Letting  min ( )    , we obtain 2V Z 
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can make the state estimation error e and the perman-

feent magnet flux linkage estimation error      converge 
to zero.

4. SIMULATION ANALYSIS

parameters of PMSM used in the MATLAB/Simulink are 
are given in Table 1. 

Table1 The setting value of motor parameters

Motor parameters or slow change

Resistance/ / 2.875

Number of pole-pairs 4

Inductance /H 0.0085

The rotor flux linkage/Wb 0.175

The rotor inertia/Kgm 0.008

The parameters of the observer module are as 
following

8000 1300
2000 8000

L  
   

1

0 5 1
1 1
.


 

   

2

10 1
1 10


 

   

0 1 1
1 5
.

P  
   

The load torque disturbance changes from 0Nm to 20Nm 
at 0.05s. The flux linkage deflects π/9 at 1s. The 
inductance disturbance changes from 0.0085H to 0.0080H 
at 1.5s. System simulation time is 0-2s.The following 
simulations are based on adaptive sliding mode observer 
and traditional sliding mode observer, and the simulation 
waveforms are shown in Fig. 2- Fig. 9.

As is shown in Fig. 2, since we choose the control 
algorithm with id =0, the current id always stays at 0 A 
regardless of load in 0.05s, the demagnetization fault in 
1s, and the inductance change in 1.5s. But at the moment 
of disturbance and fault, the current jitters and then 
quickly recovers to 0 A. Therefore, we can know that 
under the control algorithm with id =0, the d-axis current

will be restored to zero regardless of load, fault or
disturbance.Comparing fig.2 and fig. 3, it can be obtained
that both observers can recover quickly. However, the
adaptive sliding mode observer can recover faster than
the traditional sliding mode observer, which is obviously
better than the traditional sliding mode observer.
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Fig.4 Simulation waveforms of qi , q̂i based on adaptive
sliding mode observer

we

PMSM system based on  adaptive sliding mode observer 
method is established in MATLAB/Simulink.  The main
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Fig.5 Simulation waveforms of qi , q̂i based on
traditional sliding mode observer

As is  shown in  Fig. 4, when the  PMSM is  loaded at  
0.05s, the current iq jumps from initial value 0A to
19A.When the demagnetization fault occurs at 0.4s and 
the inductance changes at 1.5s, iq increases slightly. We
can conclude that only the loading makes iq increase by a
large margin, the demagnetization fault has little effect on
qi and the inductance parameter variation of the PMSM

. Comparing fig. 5, itbasically has nothing to do with iq
can be seen that the adaptive sliding mode observer and 
the traditional sliding mode observer have the same 
performance on the q-axis current simulation waveform, 
and there is no obvious difference.

0 0.2 0.4 0.6 0.8 1 1.2 1.4 1.6 1.8 2

0.16

0.18

0.2

0.22

0.24

0.26

Time[s]

D
-a

xi
s 

Fl
ux

 L
in

ka
ge

[W
b]

ψrd hat
ψrd

0.98 1 1.02 1.04 1.06

0.15

0.16

0.17

0.18

0.19

Fig.6 Simulation waveforms of rd , ˆ rd based on
adaptive sliding mode observer

As is shown  in Fig.  6, when the  demagnetization

occurs at 1s, rd decreases from 0.175Wb to 0.170Wb,

rd . It shakesˆ rd shakes and then quickly keeps up with
when the inductance disturbance occurs at 1.5s. From Fig. 
6 and Fig. 7, it can be seen that compared with the 
traditional sliding mode observer, the flux linkage 
observation based on the adaptive sliding mode observer 
can track the set value more accurately, and the 
amplitude is smaller and the speed is faster.
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Time[s]

As is shown in Fig. 5, when the demagnetization occurs 
at 1s,   ψ increases from 0 to 0.06Wb, ψ̂   shakes and 
then quickly keeps up with ψ   . It takes when the 
inductance disturbance occurs at 1.5s. In Fig. 9, it can 

^be clearly seen that   ψ rq    shakes to a great  extent after 
demagnetization fault, and although ψ     finall keeps up 
with ψ     .i t takes more time and has a larger amplitude.

Matlab simulation results verify the feasibility and effic- 
tiveness of theoretical method.

rq

rq

^̂
^ rq

rq
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5. CONCLUSION

In this paper, aiming at the problem that the 
inductance is variable and the change rate of inductance 
derivative is not 0 in PMSM operation, an adaptive 
sliding mode observer based demagnetization fault 
diagnosis method for PMSM is proposed.Major 
contributions:1. The mathematical model of demagne-
tization fault of PMSM in synchronous rotating 
coordinate system is established considering the change 
of flux linkage and inductance. 2. Considering the 
characteristics of inductance disturbance, an adaptive 
sliding mode observer is designed, and two adaptive 
estimation algorithms of flux linkage and inductance are 
designed to realize the demagnetization fault detection of 
PMSM. 3. The Matlab simulation results verify the 
effectiveness of this method, and provide reference value 
for practical engineering application. However, this paper 
only analyzes the demagnetization fault of PMSM under 
inductance disturbance. In practical application, the 
working conditions are more complex and changeable, so 
it is necessary to study the influence of various 
disturbance factors on the motor, and how to diagnose the 
fault quickly.
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Abstract

At present, the detection and pose estimation for
texture-less objects still face some challenges, such as
occlusion, background clutter, and object depth changes.
Among the many methods of texture-less object detection
and pose estimation, LineMOD algorithm is one of the
most representative algorithms, but it has the problem of
being sensitive to the depth of the template. This paper
improves the problem of LineMOD's sensitivity to the
depth of the template, and proposes a multi-scale
template training method during the template training
stage. When performing template matching, the test
image is first divided into several regions, and then
according to the depth of each test image area, the trained
template at a similar depth is selected.Thus, the depth of
the template used by the algorithm in template matching
is similar to the depth of the target object without
traversing all templates, which ensures the recognition
accuracy.In addition, the object roughing technique is
proposed in this paper. The algorithm will avoid a lot of
useless matching operations and further improve the
speed of the algorithm. Experiments show that the
improved strategy of LineMOD algorithm in this paper
can effectively solve the problem of the template depth
sensitivity of the algorithm.

Keywords: Computer Vision; Object Detection and Pose
Estimation; LineMODAlgorithm

1. INTRODUCTION

Object detection and pose estimation are important
components in computer vision systems and research
problems in the field of computer vision. Research on
object detection and pose estimation algorithms is also
crucial to the field of robotics and augmented reality. In
order to improve the degree of automation and production
efficiency, many factories use a large number of robots
instead of manual workers [1]. For example, in the
mutual fields of augmented reality and object sorting,
robots are already the most important part. Augmented
reality is a hot research field in recent years. Its purpose
is to fuse and interact the virtual world with the real
world. The realization of augmented reality technology is
based on object detection and pose estimation, and on this
basis, a virtual world is established and enabled to
interact with the real world. Although robots have high

demands in the industry, there are still some technical
problems in the robot system that need to be effectively
solved, such as the robot grabbing scattered and
disordered objects. A good vision system is the
prerequisite for the robot to complete any operation, and
the robot's vision system mainly includes the recognition
and attitude estimation technology of the target object.

Due to the wide application of object detection and pose
estimation, in recent years, many scholars have conducted
in-depth research on it and proposed many excellent
algorithms. However, most of these algorithms are for the
detection and pose estimation of textured objects. There
are still many problems to be solved for the detection and
pose estimation of texture-less objects. In the industry,
there are a large number of applications for the detection
and pose estimation of texture-less objects. Because of
the rich pattern information on the surface of textured
objects, effective features can be extracted from these
rich patterns, so the detection and pose estimation of
textured objects is relatively simple. Texture-less objects
cannot extract effective features from their surfaces
because their surfaces are smooth and non-textured.
Therefore, this paper mainly studies the detection and
pose estimation of texture-less objects. Based on the
LineMOD algorithm,an improved strategy is proposed
for the depth sensitivity of its template, which enables it
to perform object detection and attitude estimation
quickly and accurately in scenes with a wide range of
object depth variation.LineMOD method was proposed
by hinterstoiser [2] in 2011. It mainly solves the problem
of real-time detection and positioning of 3D objects in
complex background. It uses the information of rgbd, and
can deal with the situation without texture, and does not
need lengthy training time.

2. RELATEDWORK

At present, object detection and pose estimation
techniques are mainly divided into four categories:
methods based on local features, methods based on deep
learning, methods based on point pair and methods based
on template matching. This section will summarize and
explain the advantages and disadvantages of these four
categories of methods.

2.1 Methods Based On Local Features
Local features have been widely used in object detection.

The 13th China-Japan International Workshop on Information Technology & Control Applications (ITCA 2020)
Enshi, Hubei, China, 26-28 September 2020
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Common local features are SIFT [3], SURF [4], ORB [5].
These features are carefully designed, and have some
unique advantages, such as rotation, lighting and scale
invariance, so these features have good robustness when
dealing with scenes with occlusion and lighting changes.
However, these features are only suitable for the
recognition of textured objects, and the recognition effect
for texture-less objects is not good. In many fields, such
as industrial robot operation and augmented reality
technology,operation objects are often texture-less
artifacts, so these local feature-based methods are not
applicable to actual industrial scenes.

2.2 Methods Based On Deep Learning
Since deep learning technology can break through the
limitations of some traditional methods, deep learning
technology has been widely used in the field of object
detection and recognition. In 2D object detection and
recognition, more representative methods include CNN
[6], RCNN, faster-RCNN [7], YOLO [8] [9], SSD [10].
On the basis of these 2D object detection and recognition
methods, object detection and 6D pose estimation
techniques have been gradually developed, which are
mainly divided into two categories: SSD-6D and
YOLO-6D. SSD-6D [11] is composed of two basic
network structures, namely SSD network and automatic
encoding network. Among them, the SSD network takes
separate RGB images as input, which is mainly
responsible for object recognition and pose estimation;
while the automatic coding network takes the CAD
model of the target object as the input, mainly to extract
the high-dimensional features of the target object. When
the SSD-6D network is working, the SSD network first
outputs the area where the target object in the test image
is located, and then obtains the target object's posture by
comparing the features extracted from the area with the
features extracted by the automatic encoding network.
The YOLO-6D[12] network takes RGB images as input
and outputs the 3D bounding box and classification
prediction of the target object in the test image. After
obtaining the 3D bounding box of the object, the posture
of the target object can be calculated by the PNP
algorithm [13]. The advantage of the method based on
deep learning is that after the network training is
completed, the speed of object recognition and pose
estimation can be faster and the accuracy can be higher.

The disadvantage is that the hardware requirements are
higher, and each time a new target object is added, the
network needs to be retrained, which greatly limits the
industrial application of this type of method.

2.3 Methods Based On Point Pair
Drost et al. proposed a method based on matching
directional point pairs between the point cloud of the test

scene and the object model [14], which has become one
of the classic 6D pose estimation methods. Prior to this,
the accuracy and speed of the global-based method did
not meet the satisfactory requirements, and was mainly
limited to the classification and recognition of certain
specific objects; in contrast, the local matching method
based on local invariant features was proved very
effective, but the production of local invariant features
depends largely on the quality of the acquired data and
model data. Compared with these methods, the method
adopts the idea of global modeling and local matching.
During training, the points of the model are sampled, and
similar features are grouped together and stored in a hash
table; during the test, random reference points are found
in the scene, similar model point pairs are searched in the
hash table, and a fast voting method similar to Hof
transform is used to vote for each matching point pair, the
peak value in the accumulator is extracted as the
candidate of pose, and the best pose is finally selected
through ICP optimization. Compared with the local
matching method that requires dense local information,
this method uses a sparse set of directional points to
represent the model and scene data. In this way, the
recognition speed can be significantly improved without
reducing the recognition rate.

2.4. Method Based On Template Matching
LineMOD algorithm [15] is the most representative
template matching algorithm and the algorithm with the
best effect. The LineMOD algorithm renders the RGB
image and depth image of the target object from different
perspectives, and then extracts the gradient direction and
the surface normal direction from these images as
features to make a template. Unlike traditional template
matching methods, in the template trained by the
LineMOD algorithm, its features are discretized, so not
all feature points participate in the template matching
operation, so this will greatly reduce the computational
complexity of the algorithm. In the detection phase, the
template and the test image are tested for similarity using
a sliding window. If the similarity is higher than the set
threshold, it indicates that there is a target object in the
test image, and the pose of the corresponding template
can be regarded as the initial pose of the target object.
After the initial posture of the target object is obtained,
the precise posture of the target object can be further
solved by the ICP algorithm [16]. The LineMOD
algorithm has the advantage of fast speed and high
accuracy of object pose estimation, and when a new
target object needs to be added, training a new target
object template is very fast.Just render the template image
of the target object and then extract and save the template
features.This feature makes it have a unique advantage in
actual industrial production. However, the disadvantages
of LineMOD algorithm are quite obvious, because it is a
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template matching algorithm, soit is sensitive to
occlusion and template depth.
Rigas et al. [17][18] proposed the LCHF method, which
is different from the LineMOD method to extract the
template from the entire template image. This method
divides the template image into several small blocks, and
then extracts the template from each image block. In
order to improve the algorithm speed, the random forest
is trained by comparing the similarity between templates,
and the template is stored orderly, which greatly improves
the matching efficiency.It is difficult to master the size
and number of the template image blocks in this method
and its implementation is complicated. Haoruo Zhang et
al. [19] proposed a cascading template matching method,
and in order to solve the problem of sensitivity to
template scale, scale-independent technology was
proposed. First, the template under fixed depth was
trained. In the test stage, the scene image was scaled to
the size of the template image according to the
relationship between scene depth and template depth, and
then the template matching operation was carried out.
However, there is a zooming operation in this method. If
the zooming is serious, the image information may be lost
seriously.

In summary, considering the requirements of industrial
reliability, real-time performance, and rapid training of
newly added objects, the LineMOD algorithm is still the
most suitable method among these methods, but the
template depth sensitivity problem of this algorithm has
not yet been obtained. This paper proposes an improved
solution to the depth-sensitive problem of the template of
LineMOD algorithm. Compared with literature [19], this
method does not require serious image scaling.
Experiments show that the improved strategy in this
paper enables the LineMOD algorithm to perform object
detection and attitude estimation quickly and accurately
in scenes with a wide range of object depth variation.

3. PROPOSEDMETHOD

In order to improve the recognition accuracy, the
LineMOD algorithm needs to train the template at
various depths of the target object. Since the LineMOD
algorithm needs to traverse all the templates of the target
object during template matching, the speed of the
algorithm will decrease as the depth of the object
template increases. If the depth of the target object in the
scene varies in a large range, the number of templates
will be greatly increased by training the templates at
various depths of the target object, and the speed of the
LineMOD algorithm will inevitably decrease.Aiming at
this problem of LineMOD algorithm, this paper improves
the template invocation mode of this algorithm when
template matching, and proposes a template invocation

object strategy based on Scene-Patch.The strategy mainly
includes three key technologies: multi-scale template
training method, scene image region division based on
depth map, and rough object positioning, which enables
the algorithm to select the templatespecifically when the
template depth typeincreases.Therefore, the algorithm can
still quickly identify the target object in the scene when
the depth of the target object changes in a wide range.

3.1. Multi-Scale Template Training
The templates trained at multiple depths are called
multi-scale templates. Since the template depth is a
discrete quantity, it is impossible to train the templates at
all depths when training multi-scale templates. Therefore,
it is necessary to determine the step size of the depth
change and the depth range to be covered when training
the template. The step size of the depth change can be set
according to the size of the target object. In practical
application, the distance between the target object and the
camera is a variable within a certain range.In the actual
scene, the maximum and minimum depth of the target
object in the scene image can be determined, thus the
depth range that the template needs to cover can be
determined.Thetraining method of the multi-scale
template is as follows.

Determine the maximum and minimum depth that th-
e target object can reach in the actual scene, denoted
as max min( ) /m D D r  maxD and minD , then the de-
pth range covered by t-he template is [ minD , maxD ].
The radius of the circumscribing sphere of the target
object is denoted as r , and several depth layers ar
e set in steps size of r , and the depth of eachdepth
l ay e r i s deno t ed as iD ,whe re  mi ,,2,1  ,

maxmin DDD i  .

Fig.1 Multi-scale template training flowchart
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Table 1. The pseudo code for coarse positioning of an object
Object coarsepositioning

Input: the scene image area block W and its corresponding depth D , template T with depthD
Output: there may be a set  P of target object positions in area W
Parameter: Sampling step size of detection point s ， R，
1: 1 2( , , ) ( , )nw w w W s Determine the detection pointsin the area block W
2: max min( , ) ( , )N N T  Calculate the maximum andminimum number of deep edges in thetemplate

3: for i←1to n
4: ( , )i il w R Calculate the imaging size of the target object at the detection point
5: ( , , )i i iw l D w Zoom the image block at the detection point
6: Calculate the number of depth edges inum of the imageblock iw
7: if min max80% 150%iN num N    then
8:    = + iP P r ir is the position of the detection point iw
9: end for

Train the template sequences at the corresponding depths
of all the depth layers, then a total of m template
sequences can be obtained.The depth of the template in
each template sequence is the same, and the depth is
equal to the depth iD of the corresponding depth layer.
The process of multi-scale template training is shown in
Fig 1.

3.2. Scene Image Region Division Based On Depth
Map
The purpose of the scene image area division based on
the depth map is to divide the scene image into several
areas according to the depth value of each pixel of the
scene image, and the depth value in each area is within an
approximate range. In the subsequent template matching
operation in the image area of each scene, the training
template at that depth can be targeted according to the
depth of the corresponding depth layer in the image area
of each scene, and only match the template with the
training template at this depth.In this way, it does not
need to traverse all templates of the target object, but also
ensures the normal use of linear storage acceleration
technology.The scene area division strategy based on the
scene depth image is described as follows.

Set the initial points at the same interval on the scene
depth map, denoted as ic ,  ni ,,2,1  , the size of
n depends on the size of the scene image, and the radius
of the circumscribing sphere of the target object is
denoted as r . Taking each initial point as the center,
spread the range of the surrounding area in a breadth-first
search strategy. When the maximum depth
value max and the minimum depth value min in the area
satisfy equation (1), the diffusion is stopped. At this time,
the area to which each initial point diffuses during the
diffusion process is a divided scene image area, denoted
as iC ,  ni ,,2,1  .

r2minmax   (1)

In this way, the scene image is divided into several
regions with approximately equal depths. The color

image is divided in the same way according to the
division result of the depth image. After the scene image
is divided into several areas iC with substantially the
same depth, there is a lot of overlap between the image
areas. If template matching is performed directly on these
image areas, many repeated matching operations will be
generated ,which greatly reduces the speed of the
algorithm. Therefore, in order to integrate each region
block of the scene image, it is also necessary to merge the
region blocks of the scene image. When merging scene
image area blocks, first calculate the average depth of
each scene area block as i

avgd , attach each scene image
area block to a depth layer that minimizes the difference
between i

avgd and iD .Then the scene image blocks
attached to the same depth layer are merged to form a
new scene image block. In each new scene image area
block, there may be multiple small area blocks that are
not connected to each other. If the scene images are not
connected, subsequent template matching operations
cannot be performed. Therefore, it is necessary to
separate the unconnected area blocks in each new scene
image area. After separation, the final scene image area
blocks are recorded as iW ,  mi ,,2,1  . Each scene
image area block corresponds to the depth layer to which
it is attached,and its depth is represented by the depth of
the depth layer. When template matching is carried out on
each scene image area block later, the template under this
depth can be directly called. The scene RGB image is
divided in the same way according to the division result
of the depth image.

3.3. Coarse Positioning Of Objects
After the scene image is divided into the area blocks with
the depth difference within a certain range according to
its depth value, many of these area blocks obviously do
not have the target object in them. Inspired by literature
[19], this section proposes a filtering method based on
depth edge detection. While filtering out scene image
area blocks that obviously do not contain the target object,
it is possible to locate possible target objects in the
remaining scene image area blocks s position.
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In a certain area block W of the scene image, the
detection points are set with a fixed step, each detection
point is denoted as iw ,  ni ,,2,1  , where n
represents the number of detection points, and its size is
determined by the size of the area block and the sampling
step of the detection point, the actual depth of each
detection point is denoted as iz ,  ni ,2,1  .
According to the depthD corresponding to the area block
W , the template of the target object trained at this depth
is retrieved. The size il of the target object imaged at the
actual depth of the detection point iw can be obtained
from equation (2):

( / )i il f R z  (2)
Where f is the focal length of the camera and R is the
diameter of the circumscribing sphere of the target object.
When the detection point iw is on the target object in the
scene, il is just the side length of the largest 2D bounding
box of the target object. Similarly, the size L of the
template image with the depth D can be obtained from
equation (3).

( / )L f R D  (3)

The test image block with the detection point iw as the
center and il as the side length is scaled to the same size
as the template in the proportional relationship of
equation (4). The main purpose of this operation is to
scale the imaging of the target object at the depth of each
inspection point in the scene image to the size imaged by
the template at the depthD , in preparation for the coarse
positioning of the object. Although there are image zoom
operations here, the depth values contained in the scene
image area blocks are within a certain range, and the
corresponding depths are not much different from the
depth D of the called template, even if there is an image
zoom operation,the scale is not too large, and the impact
of image scaling can be ignored.

/ /i il L D z (4)

After scaling the test image block at the detection point
iw to the same size as the template image, in order to

simplify the symbol marking, the test image block
corresponding to each detection point is still marked
with iw ,  ni ,2,1  . The coarse localization
technique in this section is based on depth edge detection.
In fact, the depth edge of the image is calculated by the
Soble operator. The depth edge appears at pixels where
the calculation result of the Soble operator is greater than
the set threshold. In this paper, the threshold is set to
30% , where  is the side length of the maximum
bounding box of the target object. The maximum and
minimum values of the number of depth edges of the
template at depth D are calculated as maxN and minN ,
respectively. If the number of depth edges inum in the
image block iw satisfies the relationship (5), it indicates
that there may be a target object at the detection point
iw .

min max80% 150%iN num N    (5)

The detection points that satisfy the relationship (5) are
called target detection points. In this paper, only the area
blocks of the scene image that contain the most target
detection points are retained, and the other area blocks
are directly discarded. Since the position of the target
detection point in the scene image is known, the possible
position of the target object in the test image is also
determined.Subsequently,the template matching operation
will only be performed at the target detection point in the
reserved scene image area block. Avoid a lot of useless
matching, thereby improving the speed of object
recognition. Taking the scene image area blockW as an
example, the pseudo code for coarse positioning of an
object is as shown in Table1.

3.4. Invocation Method Of Multi-Scale Template
After the coarse positioning technology of the object, the
target detection point in the scene image can be located,
and only the test image area block containing the most
target detection points is retained.However, the target
object may exist at the detection point of the target, so it
is necessary to accurately identify the object through
template matching later.When accurate object recognition
is performed, the template matching operation will be
performed only at the target detection points of the
remaining scene image area blocks to identify the target
object. When performing template matching at the target
detection point, the template trained at the depth can be
retrieved according to the depth of the depth layer
corresponding to the scene image area block, and
template matching is only performed with the template
trained at the depth, without traversal all templates of
target objects, which will greatly improve the speed of
the algorithm. Therefore, the template invocation strategy
based on scenarios-patch enables the LineMOD algorit-

Fig.2 Flowchart of template invocation method based on
Scene-Patch
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hm to be used in scenes with a wide range of depth
changes of target objects.In the case that the depth of the
template is always similar to the depth of the target object
in the scene, the target object in the scene can be quickly
identified, so as to solve the problem that the LineMOD
algorithm is sensitive to the depth of the template. The
flow of the template invocation method based on
Scene-Patch is shown in Fig 2.

4. EXPERIMENTS

4.1. Introduction To The Data Set
In this paper, we will test the improved strategy of this
article on the LineMOD dataset. This dataset was created
by Hinterstoisser et al. and has become the most
commonly used dataset for evaluating the performance of
object pose estimation algorithms [20]. The LineMOD
data set contains 15 kinds of 3D models of non-textured
objects. During the experiment, the template images can
be directly rendered from the 3D models of these objects,
and then the templates are trained from the template
images. In addition, each object in the data set has more
than a thousand test image sequences, and each test
image carries information such as the pose of the target
object in the test image, the distance between the target
object and the camera, and camera parameters. The
distance between the target object and the camera in the
test image is called the depth of the target object in the
test image, and the depth of the target object in the test
image of this data set varies from 65 cm-115cm.

4.2. Multi-Scale Template Training
The biggest difference between this paper and the
original LineMOD algorithm when training the template
is the difference in step size of depth change.This paper
uses the radius of the circumscribed spherel of the target
object as the depth change step, and the original
LineMOD algorithm takes a fixed value of 0.1m as the
depth change step. The other parameter settings when
training the template are respectively: the azimuth step
length when acquiring the template image is 15°, the
pitch angle range is -45°-45°, the step length is 10°, and
the in-plane rotation range is -45°-45 °, the rotation angle
step is 10°. The total template number of each object in
the LineMOD data set trained in this paper is compared
with the original LineMOD algorithm as shown in Figure
4. Object numbers 1-15 in the figure correspond to the
monkey, vise, drill, camera, watering can, electric iron,
and table lamp, telephones, toy cats, punching machines,
toy ducks, drinking cups, bowls, egg boxes and glue.
Since the original LineMOD algorithm uses a fixed depth
step when training templates, the number of templates
trained for each object is 11,664. It can be seen from
Figure 3 that the number of templates of most objects
trained in this paper is greater than the number of

templates trained by the original LineMOD algorithm. As
can be seen from Table 2, the improved LineMOD
algorithm can effectively solve the depth sensitivity
problem, and the object recognition rate has a certain
improvement compared with the original algorithm.

Fig.3 The number of templates trained by the LineMOD
algorithm for each object in the LineMOD data set before
and after improvement

4.3. Test Results And Analysis
This article first tests the accuracy of the improved
LineMOD algorithm for object pose estimation. When
conducting an object pose estimation experiment based
on the LineMOD algorithm, first of all, it is necessary to
determine the method for evaluating the correctness of
the estimated pose. This article uses the evaluation
method proposed in [15] to judge whether a pose
estimation result is correct.

Suppose an object model M , which is composed of n
points, denoted as  nmm ,,1  .The object pose
estimated by the algorithm is denoted as  tR， , and the
real pose of the target object in the scene image is
denoted as  tR , , then the calculation formula of
accuracy s of estimation pose is shown in Equation (6).

   tmRtmRavgs
Mm




(6)

As for the target object with symmetrical geometric
structure or rotating structure, the same template image
may be obtained from different perspectives, so the
calculation method of accuracy s of pose estimation
needs to be modified, as shown in Formula (7).

   tmRtmRavgs
MmMm




21
21

min
((

(7)

If the accuracy of pose estimation s satisfies equation (8),
it indicates that pose estimation is correct.

sdkm  (8)

In Equation (8), mk is the control coefficient, which is
set as 0.1 in this paper, and is the diameter of the target
object's packet catching ball.
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Table 2. The recognition rate (%) of the LineMOD algorithm before and after the improvement of the pose estimation of each
object in the LineMOD data set

Target object
Target object

radius(cm)

Number of depths The total number of template The recognition rate

Original

LineMOD

Improved

LineMOD

Original

LineMOD

Improved

LineMOD

Original

LineMOD

Improved

LineMOD

Little monkey
5.1 6 11 11664 21384 98.5 98.6

Vice
12.4 6 5 11664 9720 99.1 99.3

Driller
13.1 6 5 11664 9720 98.2 98.1

Camera
8.6 6 7 11664 13608 99.3 99.5

Watering can
10.0 6 6 11664 11664 98.7 98.9

Electric iron
13.9 6 5 11664 9720 98.3 99.0

Table Lamp
14.1 6 5 11664 9720 99.0 98.6

Telephone
10.6 6 6 11664 11664 97.2 98.4

Toy cat
7.7 6 7 11664 13608 99.5 99.6

Hole puncher
7.3 6 7 11664 13608 97.6 98.3

Toy duck
5.5 6 10 11664 19440 98.1 98.0

Drinking glass
6.2 6 9 11664 17496 98.6 97.5

Bowl
8.4 6 7 11664 13608 99.8 98.6

Egg box
8.2 6 7 11664 13608 99.6 99.8

Glue
8.8 6 7 11664 13608 97.3 98.1

Finally, the accuracy of pose estimation of the target
object is taken as the evaluation standard. The accuracy
of pose estimation is the ratio between the correct number
of test images estimated by the target object and all the
test images of the target object.The improved LineMOD
algorithm visualizes the pose estimation of the target
object in some test images in the data set as shown in
Figure 4, where the calculated pose of the target object in
each picture is expressed in the form of a
three-dimensional coordinate axis.

Before and after improvement, LineMOD algorithm
estimates the correct rate of pose estimation of each
object in LineMOD data set as shown in Table 3. The
improved LineMOD algorithm has an average pose
estimation accuracy rate of 95.8% on the LineMOD data
set, while the original LineMOD algorithm has an
average pose estimation accuracy rate of 95.3% on the
LineMOD data set. The improved LineMOD algorithm
improves the average pose estimation accuracy of the
dataset by 0.5% compared with the original LineMOD
algorithm.

Fig.4 shows the effect of improved LineMOD algorithm
pose estimation

In terms of speed, in the environment where the computer
hardware is configured with an Intel core i7 quad-core
processor and 8G of running memory, the average time
required for the original LineMOD algorithm to complete
the object pose estimation of a test image of the
LineMOD data set is 0.2s ,the average time required for
the improved LineMOD algorithm to complete the object
pose estimation for a pair of test images in the LineMOD
data set is 0.15s. The depth of the target object in the test
image of the LineMOD dataset is not constant, and the
variation range is 65cm-115cm. Therefore, it is necessary
to train templates at various depths to ensure the accuracy
of the algorithm. It can be seen from Section 4.2 that the
improved LineMOD algorithm has trained more types of
templates for most objects in the LineMOD data set. The
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Table 3. The accuracy rate (%) and time of the LineMOD algorithm before and after the improvement of the pose estimation
of each object in the LineMOD data set.

The accuracy rate (%) The time(s)

Target object
(number of test images)

Original
LineMOD

Improved
LineMOD

Original
LineMOD

Improved
LineMOD

Little monkey (1235) 94.6 95.3 0.199 0.149
Vice (1214) 97.3 98.1 0.194 0.146
Driller (1187) 91.5 92.6 0.191 0.143
Camera (1200) 96.1 98.5 0.192 0.149

Watering can (1195) 95.6 96.7 0.191 0.146
Electric iron (1151) 95.9 98.4 0.189 0.138
Table Lamp (1226) 94.5 94.3 0.202 0.147
Telephone (1224) 93.1 95.1 0.205 0.148
Toy cat (1178) 98.6 97.9 0.192 0.141

Hole puncher (1236) 93.2 92.6 0.211 0.155
Toy duck (1253) 94.5 96.0 0.215 0.158

Drinking glass (1239) 96.8 95.8 0.198 0.157
Bowl (1232) 99.0 94.8 0.203 0.148

Egg box (1252) 99.2 98.2 0.219 0.169
Glue(1219) 90.6 93.0 0.199 0.156

The
average (18241)

95.3 95.8 0.2 0.15

number of templates trained is greater than the number of
templates trained by the original LineMOD algorithm.
When the number of templates increases, the improved
LineMOD algorithm's pose estimation speed is faster
than the original LineMOD algorithm.This is because the
original LineMOD algorithm needs to traverse all
templates of the target object when it performs pose
estimation for the target object, and the improved
LineMOD algorithm can specifically call the template at
the corresponding depth for template matching, which
greatly improves the speed of the algorithm, so the speed
of the improved LineMOD algorithm will not be affected
when the depth of the target object template
increases.Furthermore, when the depth of the target
object in the scene varies in a large range and more
templates need to be trained, the improved LineMOD
algorithm can still quickly estimate the pose of the target
object, thus solving the problem that the original
LineMOD algorithm is sensitive to the depth of the
template.

5. CONCLUSIONS

The LineMOD algorithm can realize the recognition and
pose estimation of texture-less objects in a messy
background. It can adapt to the needs of different scenes
by adding different templates, and has the advantages of
fast speed and high precision.At present, it is still widely
used in the field of pose estimation of texture-less objects
in industry. However, this algorithm has the problem of
depth sensitivity to the template, which makes it difficult
to achieve satisfactory results in some special industrial
scenarios.

This paper proposes corresponding improvement schemes
for the defects of the LineMOD algorithm, improves the
template invocation methodof the algorithm, and
proposes a template invocation strategy based on
Scene-Patch, which can make the LineMOD algorithm in
scenes where the depth of the target object varies widely
and the depth of the target object in the scene is always
the same as the depth of the template,the target object can
still be quickly and accurately identified. Experiments
show that this strategy can solve the problem of
LineMOD algorithm's sensitivity to the depth of the
template.
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Abstract

As a major branch of musical robots, the dulcimer robot
has the advantages of speed and flexibility in
performance. Before the robot performs, the coordinates
of the dulcimer keys need to be transmitted to the robot
for completing the positioning. However, the traditional
manual positioning method is inefficient. A visual
positioning method based on binocular vision is proposed
in this paper on account of solving this problem, which
can obtain the 3D coordinates of the dulcimer keys in a
short time. To solve the problem of identifying the
dulcimer keys from the complex background, a
grayscale-based template matching method is used to
identify them. To solve the spatial positioning of the
dulcimer keys, a binocular stereo vision model is used to
complete the three-dimensional reconstruction of them.
The experimental results show that the visual positioning
method proposed in this paper can effectively identify
and locate the dulcimer keys.

Keywords: Music robot, Dulcimer keys, Template
matching, Binocular stereo vision, Visual positioning.

1. INTRODUCTION

With the continuous development of science and
technology, more and more humanoid robots have been
developed to serve and meet the various needs of human
beings [1]. As an important branch of future robots,
musical robots are also frequently used in daily life. The
dulcimer performance robot is a typical music robot.
Before the robot performs, it needs to obtain and transmit
the 3D coordinate information of the dulcimer phonemes
to the robot. Only in this way can the robot hammer the
dulcimer correctly. However, the traditional manual
positioning method for the dulcimer phonemes is low in
efficiency. Generally, this method takes 3-5 minutes to
locate a phoneme, and the long-term positioning work
severely hinders the development of the music robots.
Therefore, a positioning method with high efficiency and
high precision is of great significance to solve this
problem.

It can be clearly seen from Fig. 1 that the dulcimer is con-

Fig. 1 Robot and dulcimer

sisted of many dulcimer keys and strings, and its structure
is very complicated. Where, the strings, weakly textured
objects, are composed of a series of thin and dense steel
wire, and it is difficult to extract their features. The
dulcimer keys are a number of white convex cone
protruding outwards. Compared to the strings, the size of
dulcimer keys is larger and easier to recognize. Therefore,
it plays an important role in distinguishing phonemes.
Based on the above analysis, the recognition and
positioning of dulcimer phonemes is transformed into the
recognition and positioning of dulcimer keys.

However, recognizing of dulcimer keys is not easy. On
the one hand, the RGB image obtained by camera is
greatly affected by the ambient light due to the dulcimer
key is white. Its color will change as the ambient light
changes. On the other hand, the captured image may be
interfered by background, and any object similar to the
shape of the element on the dulcimer may cause incorrect
recognition. Another important issue is that the
recognition algorithm must be efficient enough to meet
the real-time performance requirements of a music robot.

Although there is no special literature on the research of
recognition for the dulcimer keys until now, many
methods for object recognition and positioning have been
proposed in a large amount of literature. These methods
are broadly divided into three types: color-based method
[2, 3], shape-based method [4, 5], grayscale-based
method [6, 7].

The main principle of the color-based method is to map
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the RGB (Red, Green, Blue) color space to the HSV color
space [8]. Although the advantage of this method is
simple and fast, the color is greatly disturbed by external
environmental factors and the robustness is poor. The
principle of the shape-based method is to detect target
edges, such as sudden points, to obtain target edge
information, and then match these geometric elements.
This method can greatly reduce the amount of data and
exclude irrelevant pairs of data [9]. Although this method
is faster, its disadvantage is that it is greatly affected by
lighting factors. The last method uses the detailed
information of the image grays and gradient to extract
feature points. Then, the feature points are matched
according to the relative position information [10]. The
advantage of this method is that it can effectively adapt to
various lighting changes and other occlusions. Thus,
grayscale-based template matching method can be used
for recognition of dulcimer keys.

To locate dulcimer keys from vision, their 3D information
need be obtained. Although the traditional monocular
camera is widely used [11], it is difficult to directly obtain
the 3D information of the target. In recent years,
binocular stereo vision has been widely used in industry
and other fields due to its advantages of high accuracy,
real-time, and relatively low cost [12, 13]. Binocular
stereo vision is an important form of machine vision,
which is very suitable for positioning the dulcimer keys.

A positioning system is designed in this paper, which can
be used to locate the dulcimer keys with high accuracy in
close-range measurement. Firstly, the RGB-D image of
dulcimer, pixel-aligned RGB and depth image, is
obtained by using binocular vision. Then, these images
are preprocessed, which helps subsequent algorithms to
process these images. Afterwards, the template matching
method is used to identify the dulcimer keys, and
binocular vision is used to locate them. Finally, the 3D
coordinates of the dulcimer keys relative to the camera is
obtained, and the positioning is accomplished. This
system uses binocular vision to obtain static RGB-D
images. The advantage is that it can reduce the difficulty
of the algorithm to process these images. In addition, the
image can also be calculated off-line to avoid continuous
occupation of the binocular camera.

The rest of this paper is organized as follows. In the
section 2, the system framework for positioning dulcimer
keys will be given. The section 3 is the image processing
part, including the template matching algorithm for
identifying dulcimer keys and the binocular stereo vision
system for positioning them. The section 4 is the
experimental part, which includes the result of the
experiment and the effectiveness analysis of the method.
The section 5 gives a brief summary of the full text.

2. SYSTEM FRAMEWORK

The positioning method proposed in this paper mainly
focus on visual positioning of dulcimer keys, which can
obtain their high-precision 3D coordinates in a short time.
It consists mainly of three steps: image acquisition and
preprocessing, dulcimer keys recognition and dulcimer
keys positioning. The specific procedure of this system is
shown in Fig. 2.

Fig. 2 The procedure of the positioning system

In the first step, the binocular vision model is used to
obtain the RGB-D image of dulcimer. Then, these images
are preprocessed in order to obtained high quality images
that are easy to be processed by the algorithm. In the next
two steps, the key issue is how to recognize and locate
weakly textured dulcimer keys from the complex
dulcimer surface. The grayscale-based template matching
method is used to obtain the pixel coordinate of the
dulcimer keys and the binocular stereo vision is used to
complete the 3D reconstruction of them. Finally, the 3D
coordinates of these keys can be obtained.

3. IMAGE PROCESSING

This section contains the specific process of recognition
and positioning the dulcimer keys.

3.1 Images acquisition and pre-processing
The binocular camera can obtain depth information of the
object by using two cameras [14]. The mathematical
model of active binocular vision is shown in Fig. 3. As
shown in this figure, Z c and Zc are the optical axes
of the left and right cameras, respectively. The two
optical axes are parallel within the error range. The
distance between the optical axes is T , Cl and Cr
are the centers of the left and right camera sensor chips,
respectively. The f is the focal length of the camera,
and ( , , )x y fPx and ( , , )x y fPx    are 2D coordinates
of the laser point P imaged by the left and right
cameras.

Parallax ( )d d x x  is the pixel difference between
two imaging points. The mathematical relationship
bet-ween the depth Z and the disparity d can be
obtained from the similar triangle theorem as shown in
Eq. (1).
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Based on the above theory, the RGB-D image containing
color and depth information can be obtained. These two
images are used to complete positioning for the dulcimer
keys.

Fig. 3 Mathematical model of active binocular camera

The RGB image carry a lot of color information, and
some image processing algorithms are difficult to directly
process the color images. Therefore, it is necessary to
preprocess the image. The image pre-processing step
consists of the RGB image segmentation and graying
process. First, the image is segmented with
frame-difference method, which is considered the fastest
method with the best results. Then we further process the
image to obtain a grayscale image, which can improve
the processing speed of the algorithm and avoid irrelevant
background interference.

The principle of frame-difference method is that to
perform difference operation on images. Assuming the
two frames are kf and 1kf  , and their pixel values are

( , )kf x y and 1( , )kf x y . The difference image binary
threshold is T , the difference image ( , )D x y is shown
in Eq. (2).

11, ( , ) ( , )
( , )

0,  others 
k kf x y f x y T

D x y   





(2)

The result of extracting dulcimer by frame-difference
method is shown in Fig. 4.

(a) Before

(b) After
Fig. 4 The effect of frame-difference method

As shown in Fig. 4, the method can complete the
extraction of dulcimer in complex environment well.
Compared to the original image Fig. 4(a), the Fig. 4(b) is
an 8-bit single-channel grayscale image containing only
the dulcimer. Therefore, the background can be filtered
out with frame-difference method.

The depth images carry a lot of depth information about
the dulcimer keys. However, the binocular camera uses a
video stream to transmit, the depth frames are saved will
not be the same anytime. Part of the depth information
that is not collected in the previous frame may be
collected in the next few frames. As shown in Fig. 5(a),
the black area in the figure is the depth loss area. To solve
the problem, this paper proposes a multi-frame synthesis
method, whose steps are as follows:

(1) Save several (approximately 20) depth images of
target from the same perspective.

(2) Iterate through all the pixels in the head frame and
return the coordinates of the pixel holes to the next
depth frame.

(3) Fill the head frame with the next frame depth
information at the coordinates.

(4) Loop through the above steps until all images are
called.

It can be clearly seen from Fig. 5(b) that the synthesized
depth image is obviously better than the original image.
Because of its less loss of depth information, the error of
3D reconstruction is reduced.

(a) Original image
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(b) Processed image
Fig. 5 The effect of multi-frame synthesis method

Most useless information is filtered out through image
preprocessing, and high-quality depth images are
obtained. These images are used in subsequent steps to
identify and locate the dulcimer keys.

3.2 Recognition of dulcimer keys
As can be seen from Fig. 1, the white dulcimer keys are
similar in color to the dulcimer surface, and the image is
easily affected by the external light. Many scholars have
proposed some target recognition methods, which can be
broadly divided into color-based method [2], shape-based
method [5], grayscale-based method [6]. Compared with
the previous two methods, the grayscale-based method is
faster and real-time in the recognition of dulcimer keys.

Based on the pre-processed RGB image obtained in the
previous step, the image contains brightness information
only. In this section, a grayscale-based template matching
method can be used to identify the dulcimer keys and
further obtain the pixel coordinates of these keys.

The matching process is shown in Fig. 6. Suppose T
and I represents a template image of size w h and an
image to be matched, respectively. The coordinate
( , )x y  is the starting coordinate of the upper left corner
of the T .

Fig. 6 The process of template matching

According to certain rules, to slide the template image T
into the image I until all pixels are matched. For the
single-channel gray image I , NSD (Normalized square

difference, NSD) method is used to calculate the
score. This method is simple in calculation and high in
precision [15], which meets the real-time requirement of
recognition algorithm for dulcimer keys. The matching
score for each pixel is given based on Eq. (3). When the
matching score ( , )R x y meets the requirements, the
coordinates of the dulcimer keys in the image I are
recorded.
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The closer ( , )R x y is to 0 , the higher the similarity is,
or the lower it is. Marking the dulcimer keys recognized
and recording the pixel coordinates of it in order. These
coordinates are used to obtain the 3D coordinates of the
keys in the next step.

3.3 Positioning of dulcimer keys
After obtaining the pixel coordinates of dulcimer keys,
the binocular vision is used to complete the 3D
reconstruction of these keys. The RGB-D image obtained
by camera are shown as Fig. 7.

Fig. 7 The RGB-D image of dulcimer

After obtaining the depth information of dulcimer key
Z from depth image, the 2D coordinates of this key are
converted into 3D coordinates. The transformation
process is shown in Fig. 8.

Fig. 8 Coordinate transformation

It can be seen from Fig. 8 that the figure involves the
transformation of three coordinates, which are the image
coordinate system -iO xy , the pixel coordinate system

-pO uv and the camera coordinate system -C C C CO X Y Z .
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The point ( , )p u v is the dulcimer key in the coordinate
system -pO uv , and the point ( , , )P X Y Z is it in

-C C C CO X Y Z . The transformational relation between the
pixel coordinate system and the image coordinate system
can be obtained from Eq. (4).

0

0

0
0 1/

1 0 0 1 1

1/ du u x
v dy v y

x     
          
          

(4)

Where, dx and dy are the pixel sizes on x and y
axis, separately. The relationship between the pixel
coordinate system and the camera coordinate system can
be obtained from Fig. 3 and Fig. 8 as shown in Eq. (5):

0
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1 0 0 1 0 0
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1

1 dxu u f X
Z v dy v f
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Y

       
              
              

(5)

Thus, we have completed the 3D reconstruction for
dulcimer keys, and obtained the 3D coordinate
information of these keys relative to the camera. The
positioning of dulcimer keys can be achieved effectively.

4. EXPERIMENTANDANALYSIS

This section includes the positioning experiment and
comparison experiment. Then, the experimental results
and analysis are given.

4.1 Experimental environment
The binocular vision equipment used in this experiment is
the Realsense D435 depth camera designed by Intel. Its
related parameters are shown in Table 1.

Table 1. Camera parameters
Parameters Parameter Values

Resolution (pixels) 1280×720

Focal length 1.93 mm

Base line 50 mm

Pixel size 2.04 um

Field of view H 69.4°; V 42.5°; D 77°

This experiment was run on Windows 10 Pro operating
system with an Intel Core i7 CPU, 16 GB RAM, and the
program running platform was Visual Studio 2019
Community.

4.2 Positioning experiment
This experiment uses the RGB-D image obtained by
binocular camera to recognition and positioning of
dulcimer keys. Firstly, the template matching method is
used to identify the dulcimer keys. Then, the depth image
is used to carry out 3D reconstruction of the them. Finally,
the positioning of the dulcimer keys is completed.

The positioning experiment results are shown in Fig. 9. It
can be seen from the figure that all the 48 dulcimer keys
in the field of vision have been identified and positioned,
and the 3D coordinates of each key have been obtained.
And then the point-cloud of dulcimer keys are shown in
Fig. 10.

Fig. 9 Results of dulcimer keys positioning

Fig. 10 Point-cloud of dulcimer keys

It can be seen from the point cloud that the positions of
these dulcimer keys are basically consistent with their
actual positions.

In order to verify the accuracy of 3D reconstruction, the
distance information is used as the evaluation index in
this experiment. Suppose the dulcimer is divided into two
areas A and B evenly from the center. The distances
were measured 3 times from the A and B areas, and
the results are shown in Table 2.

Table 2. Results of distance test
Area Measured(mm) Actual(mm) Error rate(%)

A 745 740 0.68

A 706 705 0.14

A 597 595 0.34

B 732 730 0.27

B 668 670 0.30

B 603 600 0.50

It can be clearly seen from Fig. 9 and Table 2 that based
on the positioning method, dulcimer keys within the
range of 500-800 mm can be located. In addition, the
distance error rate is less than 0.8 % . The 10 dulcimer
keys were selected randomly and the distance between
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them was measured on account of testing of the 3D
reconstruction effectiveness. The 5 groups of
measurement data are shown in Table 3.

Table 3. Results of distance test
Group Measured(mm) Actual(mm) Error(mm)

1 33 33.9 0.9

2 36 35.7 0.3

3 76 78.9 2.9

4 130 129.5 0.5

5 154 155.2 1.2

It can be seen from Table 3 that the maximum error the
measurement data is no more than 3 mm . This error is
allowed in this dulcimer performance system. The
experimental results show that the positioning method of
dulcimer keys has high accuracy, which basically meets
the requirements of positioning.

4.3 Comparison of other methods
In order to further illustrate that our method is faster than
the traditional manual positioning method, the time
required by the two positioning methods is selected as the
evaluation index.

The three points AP , BP and CP on the dulcimer are
located by our method and manual positioning method.
The time required for each method was recorded, as
shown in Table 4.

Our method includes all the time of recognition,
positioning and inverse solution of manipulator, and the
average time of this algorithm is only 5.4 seconds.
Compared with the traditional manual positioning method,
our method takes less time and has high efficiency.

Table 4. Comparison results of positioning time.

Method PA PB PC Avg.

Our method 5.3s 6.2s 4.8s 5.4s

Manual method 190s 170s 170s 176s

Our method includes all the time of recognition,
positioning and inverse solution of manipulator, and the
average time of this algorithm is only 5.4 seconds.
Compared with the traditional manual positioning method,
our method takes less time and has high efficiency.

Another result of comparison experiment is given on
account of illustrating the 3D reconstruction effect of our
method is better. By comparing the number of invalid 3D
points with Wang [9], the results of the two experiments
are shown in Table 5.
It can be seen from Table 5 that the depth image obtained

by our method has fewer invalid points, and our method
has higher 3D reconstruction accuracy.

Table 5. Comparison results of with other methods.

Method
Valid

points

Invalid

points
Evaluation

Our method (Test.No.1) 908710 12890 Less depth loss

Wang [9] (Test. No.1) 904131 17468 More depth loss

Our method (Test.No.1) 921437 163 Less depth loss

Wang [9] (Test. No.1) 914679 6921 More depth loss

Obviously, the visual positioning method proposed in this
paper is more effective in positioning the dulcimer keys.
Therefore, the visual positioning method proposed in this
paper provides a solution to the problem of low efficiency
of traditional manual positioning.

5. CONCLUSION

In order to solve the problem of low efficiency when
manually positioning the dulcimer keys, this paper
proposes a visual positioning method based on binocular
vision. In our method, grayscale-based template matching
method is used to complete recognition of the dulcimer
keys. Then binocular vision technology is used to
measure the 3D information of the dulcimer keys.
Relevant experiments show that within a measuring range
of 800 mm , the distance measurement error is less than
0.8 % . And then, the time required for positioning is far
less than the manual positioning method. Relying on the
high accuracy of binocular stereo vision, the positioning
method proposed in this paper can be effectively applied
to the visual servo system of music robots for developing
more intelligent robots.
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Abstract 

A new method for creating a relation diagram of events 

that occur during disasters by extracting causal knowledge 

from Japanese newspaper articles and designing a causal 

network is proposed herein. Machine learning 

discriminant models were created for both succession 

expressions with causation and conventional cue phrases 

to extract causal sentences. We found that causal 

sentences can be extracted with a certain degree of 

accuracy from disaster articles. We were also able to 

create a causal network using sentences as nodes and links. 

The relation diagram using our new method has extracted 

events and causal knowledge that were unavailable in the 

disaster relation diagram designed using conventional 

methods.  

Keywords: Disaster Relation Diagram, Causal 

Knowledge, Causal Network, Machine Learning, 

Japanese Newspaper Articles. 

1. INTRODUCTION

A new method for creating a relation diagram of events 

that occur during disasters by extracting causal knowledge 

from Japanese newspaper articles and designing a causal 

network is proposed herein. 

During a disaster, many events occur in a chain of events. 

The relation diagram, which organizes the chain of 

events, is an effective method for disaster prevention 

planning and education because organizing past disasters 

allows us to understand in advance the chain of events of 

future disasters. Most disaster relation diagrams are 

prepared by several people based on the experiences of 

those involved in the disaster and extensive expert 

knowledge; for example, the relation diagram of the 1995 

South Hyogo Prefecture Earthquake [1], a large-scale 

disaster that occurred in Japan. 

However, seemingly unimportant events not perceived by 

involved parties and experts may result in the omission 

of events that later have a significant negative impact. It 

is therefore desirable to extract the widest possible range 

of events and their chains, including any possible event 

and causal knowledge in the early stages of developing a 

relationship diagram. 

Then, this study’s novelty produces a relation diagram 

for the most comprehensive range of disaster events 

omitted by conventional methods. To realize this, the 

study was undertaken in two steps: First, the automatic 

extraction of causal sentences about disasters from 

Japanese newspaper articles using machine learning and 

the creation of a causal database of disaster causation and 

second, the creation of a causal network using the 

disaster causation database. 

2. RELATED WORK

2.1 Creation of Disaster Relation Diagram 

As mentioned above, traditionally, disaster relation 

diagrams were manually designed based on the 

experiences of those who have experienced disasters and 

their extensive expert knowledge. For example, the 

relation diagram of the 1995 South Hyogo Prefecture 

Earthquake was designed by group work, applying the KJ 

method [1]. The KJ method organizes data by describing 

the data on cards, grouping the cards, and illustrating them. 

However, because this method relies on the knowledge of 

the group members, we cannot exclude the possibility that 

causal knowledge omitted from their knowledge might 

not be reflected in the relation diagram. Therefore, we 

reduce this possibility as much as possible by 

experimenting with mechanical methods for extracting 

exhaustive causal knowledge about disasters from 

newspaper articles. 

2.2 Extraction of Disaster Causal Knowledge 

The extraction of causal sentences has traditionally been 

an important task in natural language processing research, 

in particular, the method of extracting causal sentences in 

English using cue phrases [2][3]. These cue phrases in 

Japanese are expressions that directly link cause and effect, 

such as “を背景に (wo haikei ni: on the backdrop of)” 

and “のために (no tame ni: because of).” Sakaji et al. 

[4][5] have a proven track record for the automatic 
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extraction of causal sentences from Japanese newspaper 

articles using machine learning. They used syntactic 

patterns based on cue phrases to automatically extract 

causal relationships for both single and multiple sentences. 

They also used syntactic features to predict the presence 

or absence of causal relationships through machine 

learning, which allows for the extraction of less frequently 

occurring causal relationships [6]. However, these studies 

were primarily concerned with economics articles, which 

are often described in clear causal terms, and it is unclear 

whether their method can be applied to disaster-related 

causal relationships. Therefore, the current study 

evaluated the applicability of using Sakaji et al.’s method 

[4][5] for disaster articles with respect to cue phrases. 

However, many disaster-related causes and effects are not 

clearly described. An example of this is causal succession. 

For instance, there are no cue phrases in the sentence “高

速道路やビルが倒壊して、道路をふさぎ消防車も入

れなかった(kosoku doro ya biru ga tokaisite, doro wo 

fusagi shobosha mo hairenakkata: The highway and 

buildings collapsed, blocking the road and preventing fire 

trucks from getting in).” However, we can interpret “高速

道路やビルが倒壊して (kosoku doro ya biru ga 

tokaisite: The highway and buildings collapsed)” as the 

cause and “道路をふさぎ (doro wo fusagi: blocking the 

road)” as the effect. Although such representations are 

mentioned by Sakaji et al. [4], they were outside the scope 

of their study. Therefore, regarding the succession 

expressions with causation in Sakahira et al. [7], in this 

study, we examined and evaluated a new method for 

extracting succession expressions with causation. 

 

2.3 Creation of causal networks 

The causal chains represented by notes and links by Sato 

et al. [8] and Aono et al. [9] are less readable because they 

include only a few keywords and, therefore, require 

inference between words to be understood. In contrast, 

Ishii et al. [10] used the subject-verb-object (SVO) syntax 

to improve readability. However, a causal relationship was 

not always written in the SVO syntax. For example, 

although the phrase “地震による火災 (zishin ni yoru 

kasai: fire caused by the earthquake)” does not use SVO 

syntax, it does contain a causal relationship. However, 

advances in natural language processing techniques have 

made it relatively easy to compute similarities between 

sentences rather than using a few keywords. For example, 

Nishimura et al. [11] used the similarity of word 

embeddings in sentences to create a causal network. 

Therefore, in the current study, similar to Nishimura et al., 

we created a causal network by determining the similarity 

between the expression of the effect part of a sentence and 

the causal part of the expression of another sentence based 

on the cosine similarity of the word embeddings in the 

sentences. 

2.4 Others 

Other text mining studies of Japanese disaster articles 

have been limited to using word co-occurrence networks 

to extract words to characterize the attributes of victims 

and the stages of disasters [12][13] and, as such, have not 

directly contributed to the creation of disaster relation 

diagrams. 

 

3. STUDY ISSUES 
 

A method for designing the relation diagram for a most 

comprehensive range of disaster events omitted by 

conventional methods is proposed herein by undertaking 

the following: 

 Evaluation of the applicability of Sakaji et al.’s 

method [4][5] for disaster articles using cue phrases. 

 Examination and evaluation of a new method for 

the extraction of succession expressions with 

causation. 

 Examination of whether word embeddings can be 

used to create causal networks using the sentences 

themselves as nodes and links. 

 We compare the disaster relation diagram of the 

1995 South Hyogo Prefecture Earthquake [1] 

created using conventional methods with our new 

method. 

 

4. METHODS 
 

4.1 Newspaper articles about the disaster 

In this study, we surveyed disasters that occurred in the 

month after the 1995 South Hyogo Prefecture Earthquake. 

The data were collected from the Asahi Shimbun’s 1995 

edition of their newspaper article text data collection 

[14]. 

 

4.2 A discriminant model of causal sentences using cue 

phrases 

To create a discriminant model for causal sentences using 

cue phrases, we followed the method of Sakaji et al. 

[4][5], who used 35 different cue phrases and syntactic 

features [5]. Using syntactic features is an effective way 

to extract causal relationships occurring less frequently, 

according to Sakaji et al. [6]. We built the model by 

annotating 1,092 sentences, approximately one-third of 

the 3,281 extracted sentences, to determine the presence 

or absence of a causal relationship, of which 70% were 

used for training and the remaining 30% used for testing. 

The presence or absence of causality in 1,092 sentences 

were used as the objective variable. The following 

syntactic and semantic features were adopted as 

explanatory variables (Table 1), according to Sakaji et al. 

[4][5]: 1) Pairs of particles hanging over the main and 

base clauses, 2) Superordinate concepts of nouns in 

clauses hanging on the main and base clauses, 3) Parts of 
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speech in the morphological analysis before a clue phrase, 

4) Thirty-five different cue phrases, 5) Morpheme 

unigrams, and 6) Morpheme bigram. However, regarding 

2) Superordinate concepts of nouns in clauses hanging on 

the main and base clauses, we used extended language 

ontology from Japanese WordNet [15] for semantics 

rather than the Nihongo Goi Taikei-A Japanese Lexicon 

[16] for convenience. The training models were created 

using a support vector machine (SVM) and random 

forest, respectively, and their accuracy was compared. 

 

To obtain the syntactic and semantic features, CaboCha 

[17] and MeCab [18] were used as a syntactic analyzer 

and a morphological analyzer, respectively, and 

morphological analyses were performed on phrases 

separated by clauses. 

 

Table 1. Syntactic and semantic features used as 

explanatory variables for the cue phrases 

Syntactic features 1) Pairs of particles hanging over the 

main and base clauses 

Semantic features 2) Superordinate concepts of nouns in 

clauses hanging on the main and base 

clauses (from Japanese WordNet) 

Other features 3) Parts of speech in the morphological 

analysis just before a clue phrase 

4) Thirty-five different cue phrases 

5) Morpheme unigrams (frequency of two 

or more)  

6) Morpheme bigram 

 

4.3 A discriminant model of causal sentences using 

succession expressions with causation 

Eight patterns of succession expressions with causation 

were identified from a newspaper article dated January 

17, 1995 (Table 2) (Sakahira et al. [7]). 

 

Table 2. Causal succession expression patterns 

No. Morpheme 

1 Verb formed by adding “する(suru: do)” to a noun + “して、

(shite) “ 

2 Verb formed by adding “する(suru: do)” to a noun + “し、

(shi) “ 

3 Verb formed by adding “する(suru: do)” to a noun + “してお

り、(shiteori) “ 

4 Verb formed by adding “する(suru: do)” to a noun + “され、

(sare) “ 

5 Verb formed by adding “する(suru: do)” to a noun + “せず、

(sezu: not) “ 

6 Conjunctive forms of verbs + “て、(te)” 

7 Conjunctive forms of verbs + “、” 

8 Imperfective form verbs + “ず、(zu)” 

 

We created a discriminant model for causal sentences 

using succession expressions, as with a discriminant 

model for causal sentences using cue phrases using 

syntactic features to predict the presence or absence of 

causal relationships through machine learning. We built 

the model by annotating 633 sentences, or approximately 

one-third of the 1,893 extracted sentences, to determine 

the presence or absence of a causal relationship, of which 

70% were used for training and the remaining 30% used 

for testing. The presence or absence of causality in 633 

sentences was used as the objective variable, and the 

following syntactic and semantic features were adopted 

as explanatory variables (Table 3), with some changes 

regarding the discriminant model for causal sentences 

using cue phrases. The principal difference between cue 

phrases and succession expressions from causation 

models is adopting 3) match or mismatch of the 

superordinate concepts of the words of the subject before 

and after a succession expression with causation, based 

on Sakahira et al. [7]. The training models were created 

using SVM and random forest, respectively, and their 

accuracy was compared. 

 

Table 3. Model features using succession expressions 

with causation 

Syntactic features 1) Pairs of particles hanging over the 

main and base clauses 

Semantic features 2) Superordinate concepts of nouns in 

clauses hanging on the main and base 

clauses (from Japanese WordNet) 

3) Match or mismatch of the 

superordinate concepts of the words of 

the subject before and after a succession 

expression with causation (from Japanese 

WordNet) 

4) Superordinate concepts of verbs 

contained in succession expressions with 

causation (from Japanese WordNet) 

Other features 5) Parts of speech in the morphological 

analysis just before a succession 

expression with causation 

6) Thirty-five different cue phrases 

7) Morpheme unigrams (frequency of two 

or more)  

8) Morpheme bigram 

 

4.4 Creation of a causal database and a causal network 
For the causal sentences extracted by each discriminant 

model, a database was created by dividing them into cause 

and effect parts. For sentences containing clue phrases, we 

divided them into cause and effect parts based on the 

syntactic patterns of Sakaji et al. [5]. For sentences 

containing a causal succession expression, we deemed the 

sentence before the causal succession expression as the 

causal part and after it as the effect part. 
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For the causal network, a single causal relation consisted 

of two event nodes: the starting node was the cause and 

the ending node was the effect. We additionally updated 

the causal network by adding an endpoint node beyond 

that node, with that endpoint node as the starting point. 

Specifically, the cause part, which had high similarity to 

the search sentence or phrase of a starting node, was 

searched for in the database. Then, the effect part, set 

with a cause part having a high similarity, was made a 

candidate for an endpoint node. The endpoint node was 

determined by manually selecting it from among the 

candidate endpoint nodes. This endpoint node was then 

used as a starting node, and the candidate endpoint nodes 

were searched for beyond it. This process was repeated 

any number of times to create a causal network. 

 

For the calculation of similarity, cosine similarity was 

calculated using the mean of the word embeddings in the 

sentence or phrase. Having obtained the word 

embeddings, the cosine similarity was calculated using 

Ginza [19], a Japanese natural language processing 

library. 

 

5. RESULTS AND DISCUSSION 
 

5.1 Discriminant for causal sentences using cue 

phrases 

Table 4 shows the test results of the causal sentence 

discriminant model for cue phrases trained using SVM 

and random forest. The averages are the weighted 

averages of the number of causal and non-causal 

sentences for precision, recall, and F-score, and the total is 

the number of data. The average SVM results were 

Precision (0.72), Recall (0.71), and F-score (0.71). 

However, the average random forest results were 

Precision (0.71), Recall (0.72), and F-score (0.71). The 

average accuracy of the random forest has an equally high 

value as SVM; however, in terms of the Recall value of 

causal sentences, the SVM has a higher value than the 

random forest. This study emphasized the importance of 

exhaustively extracting causal knowledge to create a 

relation diagram. Therefore, we focused on the small 

number of causal sentences excluded (i.e., the recall 

value of causal sentences). Therefore, we adopt the SVM 

results, where 0.69 of 122 sentences contained a causal 

relationship in the test data, and 82 could be extracted 

using the discriminant model. Compared with Sakaji et 

al.’s experimental results obtained without additional 

training data, the SVM values were both slightly lower 

(Precision: 0.802, Recall: 0.753, and F-score: 0.777) [4] 

and higher (Precision: 0.34, Recall: 0.71, and F-score: 

0.46) [5]. Therefore, Sakaji et al.’s method can be applied 

to disaster articles for the discriminant of causal 

sentences using cue phrases. 

 

Table 4. Discriminant results for causal sentences using 

cue phrases 

Model Sentence Precision Recall F-score Number 

SVM Non-causal 0.80 0.72 0.76 206 

Causal 0.60 0.69 0.64 122 

Average/ 

Total 
0.72 0.71 0.71 328 

Random 

Forest 

Non-causal 0.76 0.81 0.78 206 

Causal 0.63 0.57 0.60 122 

Average/ 

Total 
0.71 0.72 0.71 328 

 

5.2 Discriminant for causal sentences using succession 

expressions with causation 

Table 5 shows the evaluation results of the discriminant 

model of causal sentences of succession expressions with 

causation trained by the SVM and random forest (for the 

explanation, see Table 4). The average SVM results were 

Precision (0.75), Recall (0.76), and F-score (0.76). 

However, the average random forest results were 

Precision (0.62), Recall (0.73), and F-score (0.68). The 

average accuracy of the random forest has a slightly lower 

value than SVM; however, in terms of the Recall value of 

causal sentences, the SVM has a significantly higher value 

than the random forest. As mentioned above, this study 

emphasized the importance of exhaustively extracting 

causal knowledge to create a relation diagram. Therefore, 

we focused on the recall value of causal sentences. 

Therefore, we adopt the SVM results. These values were 

higher than those obtained by the discriminant model of 

causal sentences for cue phrases. Therefore, for disaster 

articles, the discriminant of causal sentences using 

succession expressions with causation method was found 

to be as accurate as the cue phrases method. However, the 

recall value of causal sentence was 0.53, meaning that in 

the test data, 51 sentences truly contained a causal 

relationship, of which we were able to extract 27 

sentences using the discriminant model. This value is 

lower than that obtained using cue phrases. The 

improvement of this value is an issue for future studies. 

 

Table 5. Discriminant results for causal sentences using 

cue phrases 

Model Sentence Precision Recall F-score Number 

SVM Non-causal 0.83 0.84 0.84 139 

Causal 0.55 0.53 0.54 51 

Average/ 

Total 
0.75 0.76 0.76 190 

Random 

Forest 

Non-causal 0.76 0.92 0.83 139 

Causal 0.48 0.20 0.28 51 

Average/ 

Total 
0.62 0.73 0.68 190 
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5.3 Creation of the causal database and the causal 

network 

A causal database was created for all newspaper articles 

published during the month after the 1995 South Hyogo 

Prefecture Earthquake based on sentences extracted using 

the discriminant model of causal sentences using cue 

phrases and the discriminant model of causal sentences 

using succession expressions with causation. Table 6 

presents an example of the results using the causal 

database to search for the causal part of a sentence with 

“地震の発生(zishin no haxtusei: earthquake occurrence)” 

as the first search sentence and displaying the cause part 

of the sentence with the effect part in the order of 

similarity. However, as also shown in Table 6, the search 

results contained some clauses that were not causal 

sentences (i.e., No. 1) or whose meaning could not be 

read (i.e., Nos. 6, 7, and 10). The former was due to the 

accuracy of the discriminant model, while the latter may 

be due to sentences containing clauses whose meanings 

could not be read from a single sentence. These are 

issues that need to be addressed in future studies. 

 

Table 6. Top 10 results of the causal database search for 

“ 地 震 の 発 生  (zishin no haxtusei: earthquake 

occurrence)” 

No. Cause Effect Similarity 

1 地震発生直後から

(zishin haxtusei 

chokugo kara: right 

after the earthquake) 

食料やトイレ、寝る場

所など避難者の世話

に追われ続ける

(shokuryo ya toire, 

nerubasho nado 

hinansha no sewa ni 

owaretudukeru: 

continuing to take care 

of the evacuees, 

including food, toilets 

and places to sleep) 

0.93 

2 地震で(zishin de: in 

the earthquake) 

日本のビルや新幹線、

高速道路などが、あれ

ほどひどく壊れる

(nihon no biru ya 

shinkansen, kosokudoro 

nado ga, arehodo 

kowareru: Japanese 

buildings, bullet trains, 

highways, etc. will be 

destroyed so badly) 

0.92 

3 地震による(zishin ni 

yoru: due to the 

earthquake) 

火災(kasai: fire) 0.91 

4 地震による 停電(teiden: power 

outage) 

0.91 

5 地震による 津波や台風での高波

(tsunami ya taifu deno 

takanami: tsunami and 

0.91 

typhoon surge) 

6 地震による 打撃(dageki: strike) 0.91 

7 地震による ゆがみ(yugami: 

distortion) 

0.91 

8 地震による 断水(dansui: water 

outage) 

0.91 

9 地震による 強い揺れ(tsuyoi yure: 

strong shaking) 

0.91 

10 地震による 損壊(sonkai: damage) 0.91 

 

In the current study, when creating the causal network 

based on the search results, we manually decided 

whether or not to adopt them as endpoint nodes. In this 

way, the causal network was created by extracting the 

effect part of the causal sentence from the search results 

as the endpoint node for the causal sentence to be 

employed in the causal network, and thereafter, the 

endpoint node was used as the starting node to search for 

other similar causal parts. To compare the differences 

between the causal network using our method and the 

conventional relation diagram, the causal network was 

created under the same number of conditions that the 

relation diagram for the 1995 South Hyogo Prefecture 

Earthquake [1] had 14 child nodes linked to “地震の発

生(zishin no haxtusei: earthquake occurrence)” in the 

first hierarchy and the maximum number of child nodes 

from each node was about three in subsequent hierarchies. 

Table 7 presents an example of our selection of the top 3, 

based on our judgment of the search results of the 

extracted sentence “断水(dansui: water outage)” (see 

Table 6). In particular, No. 2 in Table 7 was extracted as a 

sentence. Tables 6 and 7 demonstrate that causal 

relationships with similar causal parts had a relatively 

high degree of similarity to the search statements. 

Therefore, although further study is required, a causal 

network can be created for disaster articles, even from 

sentences that contain causal expressions. 

 

Table 7. Top 3 selected search results for “断水(dansui: 

water outage)” 

No. Cause Effect Similarity 

1 断水で(dansui de: 

because of the water 

outage) 

洗濯や食事の用意も

大変だ(sentaku ya 

shokuji no yoi mo taihen 

da: it's a lot of laundry 

and food) 

0.74 

2 地震では、水道管が

壊れ(zishin deha, 

suidokan ga koware: 

in the earthquake, the 

water pipes broke) 

消火栓が使えなくな

る(shokasen ga 

tsukaenakunaru: the fire 

hydrant will not work) 

0.64 

3 断水による(dansui 

ni yoru: due to the 

water outage) 

トイレの問題(toire no 

mondai: toilet problems) 

0.61 
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The resulting causal network is presented in Fig. 1. For 

convenience, we have limited the number of levels to 

three. Each node is an event, and the arrowed lines 

indicate the beginning point as the cause and the 

endpoint as the effect. The gray-filled nodes indicate 

events that were not in the manually created relation 

diagram [1]. The bold arrowed lines indicate causation 

that was not in the manually created relation diagram [1]. 

The expressions of these nodes have been translated into 

English after we summarized and simplified their 

contents. Fig. 1 demonstrates that we were able to extract 

events and causal knowledge that were not found in the 

manually generated relation diagram.  

 

In particular, the following events were not found in the 

conventional relation diagram and could be extracted 

using this study’s method, namely “Loosing of the 

ground,” “Order employees to go home,” “Continuous 

power outages due to the inability to perform 

construction,” “Falling demand for gasoline,” 

“Investigating the impact of exports on the destination 

country,” “Shares in Hanshin area companies plummet,” 

“Guiding students to examine,” “Issuance of deficit 

bonds,” “Impossible to publish a newspaper,” “Severe 

damage to manufactures,” “Inquiries about foreign 

investor activity,” “Strengthening cooperation between 

local governments and the self-defense forces,” 

“Difficulty in securing a place for the body to be laid to 

rest,” “Difficulty in holding local elections,” “Desire for 

your own private toilet,” “Not drinking water, not eating 

anything,” “Construction of container yards in other 

ports,” “Substitution of Tokyo and Yokohama ports 

because of the fullness of the port of Nagoya,” “Fare 

increases,” “Domino effect of disruptions in the 

transportation of necessary supplies and parts,” “Stricken 

relatives rushing in,” “Scrapping plans to operate the new 

JR bullet train,” “Considering risk diversification, such 

as restructuring the overseas network,” “Cautious about 

discussing tax hikes early,” “No prospect of restoring 

cable TV viewing,” “Request to industry associations to 

prevent price increases,” “Expansion of purchases from 

other regions and overseas,” “No prospect of full 

recovery,” “Decrease in income from electricity rates at 

the power company,” and “Continuous current account 

deficit.”  

 

Furthermore, there are differences in the causes of 

“Stopping plant production, shutting down production 

lines, shutting down operations and reducing production.” 

While the conventional relation diagram [1] identified 

“Damage to building structures” as the cause, the causal 

network in this study extracted “Logistical disruption” 

and “Power outage” as the cause. 

 

Based on these results, we have shown that our new 

method can be expected to effectively extract the widest 

possible range of possible disaster events in the early 

stages of developing a relationship diagram. 

 

6. CONCLUSION AND FUTURE WORK 
 

Our method should effectively extract the widest possible 

range of disaster events during the early stages of 

developing a relationship diagram because we could 

extract events and causal relationships that could not be 

found in the conventional relation diagram [1]. In this 

process, we found that Sakaji et al.’s [4][5] cue phase 

method could be applied to disaster articles about the 1995 

South Hyogo Prefecture Earthquake published in a 

newspaper for the discriminant of causal sentences. We 

additionally found that our new method that uses 

succession expressions with causation was as accurate as 

using cue phrases. We then examined whether word 

embeddings can be used to create causal networks using 

sentences as nodes and links. We found that causal 

sentences with similar causal parts had a high degree of 

 

Fig.1 Part of the causal network that was created for the 1995 South Hyogo Prefecture Earthquake (in English). Each node 

is an event, and the arrowed lines show the beginning point, which is the cause, and the endpoint, which is the effect. Events 

and causations excluded in the conventional relation diagram [1] are shown as gray-filled nodes and bold arrowed lines, 

respectively. The English expressions in the nodes were translated from Japanese after the authors summarized and 

simplified their contents. 194



similarity to the search sentence. Therefore, a causal 

network can be created from disaster articles using 

sentences that contain causal expressions, although there 

remain outstanding issues, as discussed below. 

 

However, we did find causal knowledge that was not 

included in the causal database created using the 

discriminant model but was present in the conventional 

relation diagram [1]. There are three possible causes for 

this. First, not all causal knowledge could be extracted 

because the discriminant model is not 100% accurate. 

Second, the causal knowledge was described by 

expressions other than the cue phrases or the succession 

expressions with causation. Third, some causal 

knowledge was not mentioned in the newspaper articles 

because it was not recognized in the first month after the 

event, but it was discovered by later verification. Thus, 

while this study’s method can be used to extract events 

and causal knowledge that are not found in the 

conventional relation diagrams, it may not be able to 

extract important causal knowledge. Therefore, this 

study’s method and the manual generation of a relation 

diagram are complementary; each is a supplementary 

measure. 

 

The study’s technical challenges include improving the 

accuracy of the discriminant model and improving the 

accuracy of the search for creating causal networks. As 

for improving the accuracy of the discriminant model, as 

well as improving this study’s model, it may be possible 

to extract cases in which causal knowledge is described 

by expressions other than the cue phrases used here and 

by succession expressions with causation using 

bidirectional encoder representations from transformers 

models (i.e. BERT) [20] (see Niki et al. [21]). As for 

improving the accuracy of the search for the creation of 

causal networks, it was found that while causal 

knowledge with similar causal parts had high similarity 

to the search sentences, unhelpful causal knowledge was 

also extracted with high similarity at the same time. 

Therefore, in the current study, each search result was 

adopted as an endpoint node after the authors manually 

determined whether it was useful or not. The cause of 

this is related to the learning model, from where the word 

embeddings were obtained, but it may also have been 

influenced by there being many phrases in the newspaper 

articles that modified them in addition to describing 

causal events; the word embeddings in these phrases 

were noisy and had a negative impact on the search 

results. This problem was not solved by Nishimura et al. 

[11], who used a similar technique; therefore the causal 

network was created by manually selecting the nodes. In 

the future, we would like to consider a method for 

searching for this problem by extracting only words or 

phrases that are important for the causal knowledge in 

newspaper articles. 

 

Finally, the current study’s method allowed us to extract 

events and causal knowledge that were not found in the 

conventional relation diagram, indicating the possibility 

of creating more extensive relation diagrams. Future 

improvements in the accuracy of and comparisons with 

other disaster reports will make it possible to classify not 

only different events between disasters but also cases 

where the same event has a different causal relationship. 

It is hoped that such arrangements will be useful for 

planning disaster management policies and disaster 

management education. In addition, it is expected that a 

disaster causation database can be developed as part of a 

system to support the decision-making of disaster 

management personnel by presenting the next linked 

events in real time from the events occurring at the time 

of a disaster. 
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Abstract 

In order to make the hydraulic sea floor drill rig 

magazines to automatic management, an electro-

magnetic valve control approach based on fi-

nite-state machine is proposed. According to the 

persistence and repeatability of the magazine 

rotational movement characteristic, the magazine 

rotating is divided into four states by acting time. 

With the state of swinging, catching and releasing 

of the loading arms, an information database for 

cores storage will refresh. The finite-state machine 

is used to control electromagnetic valve, and a 

state-flow module structure is built in the control-

ler, making magazine to act to achieve the drill pipe 

storage. Finally, the experiment using the magazine 

prototype verified the feasibility of this method.  

Keywords: Finite-state machine; Sea floor drill rig; 

Core barrel magazine 

1. INTRODUCTION

As a kind of drilling equipment that works completely 

on the bottom of the sea, sea floor drilling rig has 

become indispensable and important for a variety of 

research targets in marine sciences including gas 

hydrates, ore formation, and paleoclimate. To expend 

the drilling depth for explore, many drilling rigs use 

the barrel magazine to store the drill pipes. The British 

Geological Survey operates two single barrel drill rigs. 

The 5 m rock drill was developed [1]. In 2006 the BGS 

developed a multi-barrel rig that could drill to a depth 

of 15 m and has now been upgraded for a drilling 

depth of 50 m [2].  

When the sea floor drill rig is working at maximum of 

2000 m blow the sea level by the length and strength 

of the umbilical. The rig is powered by hydraulic 

pumps that are driven with electric motors. The 

environment where sea floor drill rig works is compli-

cated, it lacks sensors to feedback the rig’s state. The 

conventional control method is based on the display of 

video cameras that mounted on the rig. It cases the 

delay of operating.  

Finite-state machine (FSM) is a mathematical model 

that the number of states is limited and the state is 

transferred by events or conditions [3-5]. FSM was 

originally used for video game and film fields, then 

developed for robot program architecture. It is an 

abstract machine that can be in one of a finite number 

of states.  

The conventional control method for magazine 

management requires the operators to control the two 

hydraulic feed cylinders sequentially, which costs time 

and concentration. And without a visible display of the 

information of the magazine. The operators need to 

record on paper, that makes it difficult to remember 

which pipe has cores in the magazine. In the Generally, 

the key in the control of magazine rotation is to control 

the electromagnetic valves correctly [6-7]. The 

component of valves movement is countable and 

certain just satisfy the require of the FSM. As the 

magazine is at a specific action at a certain time. The 

actions are not interfered. In this paper, a finite-state 

machine approach was proposed to achieve the 

automation of the drilling magazine. The magazine’s 

movement were divided into four states. By the states 

transferred, the magazine finished the automatic 

rotation. A database was established for the infor-

mation management including the continues rotating, 

the information for the existence of the drill cores and 

the serial number of the present position refreshing.  

2. MECHANICAL STRUCTRURE

The barrel magazine management system is shown as 

the Fig. 1. There are three parts of the system: 

magazine, drilling mast and loading arms. All of them 

are driven by hydraulic feed cylinders. The barrel 

magazine has 10 storing holes, and each hole can store 

2 drill pipes. While the rig is drilling on the sea floor, 
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the loading arms swing to inner position to grab a 

single pipe and move to the middle position. The drill 

head provides rotation and the necessary torque for 

screwing the drill pipe together and for the rotary 

drilling. This is used in combination with a stationary 

foot clamp to hold the drill string, and a rotating clamp 

on the drill head to assemble and break down the drill 

string. Then the loading arms swing to the middle 

position from the outer position to grab the drill pipe 

and put it back to magazine. The returned pipe is filled 

with the cores. 

The barrel magazine is driven by two hydraulic feed 

cylinders which control the rotation and position of the 

magazine respectively. They are on the top of the 

magazine, which are vertical and horizontal respec-

tively. The horizontal cylinder rotates the magazine 

and the vertical cylinder fixes the magazine. The 

cylinders are controlled by the three position four-way 

directional control electromagnetic valves. To rotate 

the magazine to next position, the operator should 

accomplish the four movement in sequence. A loading 

arm is used to grab the required pipe as well as for 

putting it back into the magazines for storage.  

Drilling 

headHydraulic feeding 

cylinder

Magazines

Loading 

arms
Drilling 

pipes

Fig. 1 The 3D module of drilling magazine 

3. INFORMATION RECORDER

Conventionally, the only approach to record the 

magazine state is by the video signal. But as the rig’s 

vibration, the video may be not clear. It will be 

difficult for them to record the information. So, the 

information recorder should be established to support 

recording the state information. At beginning of 

drilling process, the magazine is full of the hollow 

pipes. As the outer pipe is grabbed and taken by 

loading arm, the inner pipe will be pushed to the outer 

position for the next catching. This is used in combina-

tion with a stationary foot clamp to hold the drill string, 

and a rotating clamp on the drill head to assemble and 

break down the drill string. Until the drilling depth 

reaches the target depth, the drilling pipes are put back 

with drilling cores. The later drill core which is put 

back to the storing hole will push the former drill core 

to the inner position. An information database was set 

up to record the magazine state and the existence of 

the drill cores. The detail content was shown in Table. 

1.  

The drilling process can be visible and simplified by 

setting the database and the display of the magazine 

information. The database refreshes as the movement 

of the magazine and loading arm. The two loading 

arms have three positions and one common position 

which called middle position. When the loading arm is 

on the grabbing position, and it is moving to middle 

position from inner position, that means the hollow 

pipe is catch for drilling [8]. 

Table 1. Content of the database 

Content State 

Loading arm position Out/Mid/Inn 

Loading arm state Grabbing/Loosing 

The present No. of the magazine 1-10 

The existence of hollow pipes Yes/No 

The existence of drill cores Yes/No 

4. FSM CONTROL METHOD

In this paper, a finite-state machine (FSM) is used in a 

barrel drilling magazine control for the drilling process, 

due to the hydraulic cylinders of magazine has some 

limit state (left limit state, right limit state and stop). 

Each state of the cylinder behavior keeps similar in 

rotating. The control system of magazine always stays 

in a fixed state at any period. Besides, the trigger 

condition between two states is fixed too. Such a 

regular nature is consistent with the application 

condition of FSM [9]. According to the mathematical 

definition of FSM, the corresponding relation between 

magazine management and FSM’s five elements (Q, Σ, 

δ, q0, F) of mathematical definition is described as 

below:  

1. Q is a finite set of all states, which are correspond-

ing to the hydraulic feed cylinder state, plugging,
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unplugging, clockwise turning, counterclockwise 

turning. The Q is represented as formula (1). 

Qi = (Q1 [plugging], Q2 [unplugging], Q3 [clockwise 

turning], Q4 [counterclockwise turning])   (1) 

2. Σ is a finite set of all input symbols, which are

corresponding to the signals of rotation (clockwise and

counterclockwise). The Σ is represented as formula

(2).

Σi = (Σ1 [clockwise], Σ2 [counterclockwise]) (2) 

3. δ: Q × Σ→Q is the transfer function between

different rotating states.

4. q0 is the starting state, defined as clockwise turning

and unplugging in this paper.

5. F is accepting state sets. In this paper, F = Q. The F

is represented as formula (3).

Fi = Qi × δ(q0, Σ)     (3) 

The control principle diagram of magazine is 

shown in the Fig.2. A state-flow module structure 

is built in the FSM controller, in which the transition 

conditions between different states are determined 

according to the starting signal and lasting time [10]. 

There are two starting signals “Turn clockwise” and 

“Turn counterclockwise”. The initial state is “unplug-

ging and clockwise”. As the signal “Turn clockwise 

(Tu=1)” releases, the magazine turns to “Counter-

clockwise2”. Lasting for 3 seconds, the hydraulic feed 

cylinder reaches the limit position. Then the magazine 

turns to “Counterclockwise1”. Another 3 seconds, the 

plugging action finishes. After 4 states acting once, the 

magazine rotates to the next hole. When the starting 

signal is “Turn counterclockwise”, the movement is 

similar. The state-flow diagram is created, as shown in 

Fig. 3.  

The condition confirm 

The control signal from 

operator

Plugging signal

The magazine control 

based on FSM

Direction 

signal

Hydraulic 

cylinder 

Fig. 2 The control principle diagram of magazine 

Fig. 3 State-flow diagram of magazine management 

Table. 2 States of state-flow module 

Dir/Up 0 1 

0 Counterclockwise1 Counterclockwise2 

1 Clockwise1 Clockwise2 

5. SIMULATION AND EXPERIMENT

In the experiment, a step signal “1” presents the order 

signal “clockwise”. On the contrary, the signal “0” 

present the order “counterclockwise”. The state-flow 

module was run by MATLAB and got the output 

control signal in the Fig. 4. As the figure shows, in the 

first 0.2 second, the magazine turned to the initial state. 

Then the “clockwise” process got into the “counter-

clockwise1”, “counterclockwise2”, “clockwise2” and 

“clockwise1” states in sequence. Every state lasted for 

3 seconds. It shows the magazine had finished the 

clockwise process. In the same way, the counterclock-

wise process finished in the different sequence.  

Fig. 4 The output control signal when the orders are 

“clockwise” and “counterclockwise” 

Then a hydraulic powered drilling magazine is used 

(Fig. 5), and the control signals are provided by the 

host computer. The control models of four states are 

saved in the database of PLC. The relationship 

between hydraulic feed cylinder movement and 
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drilling magazine rotation has been described above. 

We operated as the actual drilling process to grab and 

put back the pipes, and rotate the magazine by the 

FSM. As a comparison, we control the hydraulic feed 

cylinder for single action to achieve the drilling 

process. Totally, 20 times of experiment are carried 

out for the drill rig. The average magazine rotation 

errors and time are shown in Table 3. As can be seen, 

the FSM control can reduce operating time up to 30% 

and achieve the automation of the magazine manage-

ment. However, there are still something need to be 

improved, such as reducing the error rate and improv-

ing the condition feedback methods to ensure the 

action of the cylinder movement. The results of this 

study can guide the further optimization of control 

design for drilling magazines. 

Fig. 5 The Experimental Drilling Rig 

Table. 3 The statistics of the experiment 

Control method Average time Error rate 

Single cylinder control 18.3s 85% 

FSM control 12.6s 100% 

4. CONCLUSION

This paper analyzed the regularity of the barrel 

magazine under different command of the direction 

and times of rotation. And the magazine was divided 

into four states by hydraulic feed cylinder. A standard 

database was set up to provide the information and 

direction control signals sequence of the drilling 

magazine. An FSM model was established for 

achieving the automation of the drilling magazine 

management. The experiments verified the feasibility 

of this method. 
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Abstract 

This paper puts forward a distributed dynamic event-
triggered strategy to solve the distributed event-triggered 
consensus problem of linear multi-agent systems under 
directed graphs. Based on dynamic triggering function, 
each agent can reach consensus asymptotically. Different 
from existing static triggering schemes, the proposed 
dynamic triggering scheme, where an internal dynamic 
variable is involved, results in larger inter-event times and 
also leads to less communication overheads among agents, 
which is conducive to guaranteeing that Zeno behavior is 
excluded for each agent. In addition, under the proposed 
strategy, neither controller updates nor triggering threshold 
detections require continuous communication. Finally, the 
effectiveness of the theoretical analysis is demonstrated by 
numerical simulations. 

Keywords: Multi-agent systems, dynamic event-
triggered strategy, distributed control. 

1. INTRODUCTION

In the past decades, the problem of coordinated control of 
multi-agent systems (MASs) has received increasing 
attention ([1], [2]). Modeling of MASs originates from 
social animals such as insects, fish, and birds, which 
benefits the accomplishment of the tasks that are difficult 
for individuals. MASs also exist in many engineering 
fields, such as distributed optimization ([3]), wireless 
sensor networks ([4]), mobile robot collaboration ([5]), 
drone/satellite formation flight ([6], [7]) and so on. Thus, 
MASs have enabled many scholars around the world to do 
a lot of research work in this field in highly interconnected 
present world (see [8] - [11] and the references therein). 

In general, designing a suitable control strategy to make all 
agents' states reach a common quantity related to certain 
control performance is a pivotal issue on consensus of 
MASs. Most of the aforementioned works on consensus 
problems are obtained under the assumption that 
continuous communication among agents is available. 
However, it is difficult to maintain such an environment 
with continuous communication and unnecessary 
communication also leads to a waste of energy. To this end, 

distributed controllers with intermittent communication 
have been studied recently. In [12], a periodic sampling 
control protocol was studied, where the sampling is 
triggered after a fixed time interval. However, the 
controller still update periodically even after the control 
target has been achieved. In many cases, due to the 
limitations of energy supply or communication bandwidth, 
it is desired that information exchanges among agents only 
occur at some discrete and non-periodic sampling points, 
so event-triggered control schemes have been introduced. 
By viewing a triggered event as a moment when a certain 
measurement error exceeds a pre-designed threshold, the 
communication among agents is required under the event-
triggered control strategy only when an event is triggered. 
The event-triggered consensus control problems for MASs 
with single- or double-integrator dynamics were 
investigated in [13] - [15]. Subsequently, plenty of scholars 
conducted research on event-triggered consensus control 
of general linear MASs. Event-triggered consensus control 
protocols were designed for general linear MASs over 
undirected and directed graphs in [16] and [17], 
respectively. However, in the above-mentioned works, 
event-triggered functions still need to continuously access 
to neighbors' state information. To solve this problem, 
considering general linear MASs under directed graphs, 
[18] designed a triggering threshold based on exponential
function and [19] proposed a triggering threshold related
to the sum of relative state estimations from itself and its
neighbors for each agent.

It should be pointed out that all aforementioned results are 
obtained under the framework of static event-triggered 
control mechanisms. However, a new class of dynamic 
event-triggered control mechanisms, where internal 
dynamic variables are involved, have several merits with 
respect to the commonly studied static one including the 
significant larger inter-event time, which is beneficial to 
prevent Zeno behavior in practical application. Therefore, 
it has been widely investigated that the dynamic event-
triggered control method has been used to solve consensus 
problems of MASs in recent years. [20] occupied internal 
dynamic variables in event-triggered control for nonlinear 
systems. [21] improved the form of the dynamic event-
triggered mechanism in a distributed manner and extended 
it to a single-integrator MAS. Based on this work, [22] 
used internal dynamic variables in self-triggered control to 
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overcome the drawback of continuous sensing and 
listening of the triggering. In [23], a dynamic event-
triggered communication mechanism was used to address 
a distributed resource-efficient formation control problem 
of a networked MAS with general linear system dynamics. 
In [24], the dynamic average consensus problem was 
solved by the proposed dynamic event-triggered algorithm, 
which was robust to network disruptions. However, all 
interaction topologies among agents in the above-
mentioned works are assumed as undirected graphs. In fact, 
it's very meaningful and practical to investigate the 
consensus problem over directed graphs. Motived by the 
previous works, we discuss the dynamic event-triggered 
consensus problem for general linear MASs on directed 
graphs. 

In a word, we will discuss the dynamic event-triggered 
consensus problem of general linear MASs under directed 
graphs and exhibit Zeno behavior in this paper. The 
principal contributions are summarized as follows: 

� Compared to the static event-triggered mechanism,
such as [17] - [19], the dynamic event-triggered
function with an internal dynamic variable
proposed in this paper yields the larger triggering
intervals, which benefits the exclusion of Zeno
behavior in practice. Moreover, the communication
instants are reduced significantly which also saves
the communication energy greatly.

� Different from most of the existing works on
dynamic triggering mechanisms, which mainly
focus on the integrator-type dynamics and
undirected graphs ([20] - [24]), this paper
investigates the consensus problem with dynamic
event-triggered strategy for general linear MASs on
directed graphs, which in turn poses more
challenges in the consensus stability analysis and
Zeno behavior exclusion due to the more general
agents' models and more complex communication
topologies.

� The issue that continuous access to neighbors'
states is still required in agent's own triggering
detection is ignored in many existing works on both
static and dynamic triggering mechanisms (see [13],
[16], [17], [20]), which brings about a paradox to
the original purpose of saving communication
energy by introducing the event-triggered strategy.
In this endeavor, this paper aims to avoid the
continuous communication in not only the
controller update but also the triggering detection,
which poses more challenges in the triggering
function design under the framework of the
dynamic event-triggered strategy.

The rest of this paper is organized as follows. Some 

preliminaries including useful knowledge and the 
dynamics are introduced in Section 2. Section 3 presents 
the main result and Section 4 illustrates the result through 
simulation examples. Section 5 concludes the paper. 

Notation: Let 𝑅	be the set of real numbers and 𝑅!×# be 
the set of m× n real matrices, respectively. ℐ is a set of 
positive integers and ℐ𝒩 = {1,2, … ,𝑁} . 0%  and 1% 
mean the 𝑁 × 1  column vector of all zeros and ones, 
respectively. For a vector 𝑥 ∈ R& , 𝑥 > 0  means that 
every entry 𝑥' > 0 with 𝑖 = 1,2, … , 𝑛. For a symmetric 
matrix 𝑃, 𝑃 > 0 means that 𝑃 is positive definite and 
λ()*(𝑃)  :λ(+&(𝑃); means the maximum (minimum) 
eigenvalues of 𝑃. The superscript T and the symbol ⊗ 
represent the transpose for matrices and the Kronecker 
product, respectively. Denote | ⋅| as the Euclidean norm 
for vectors and the induced 2-norm for matrices. 

2. PRELIMINARIES

In this section, we introduce some definitions in algebraic 
graph theory and the considered MAS briefly. 
2.1 Graph Theory 
Consider a group of MASs with 𝑁  agents. A directed 
graph 𝒢 = (𝒱, ℰ,𝒜) consists of a nonempty finite node 
set 𝒱 = {𝑣,, … , 𝑣-} , an edge set ℰ ∈ (𝒱 × 𝒱)  and a 
weighted adjacency matrix 𝒜 = E𝑎'.G ∈ R%×%. The edge 
:𝑣' , 𝑣.; ∈ ℰ  indicates that the node 𝑣.  can receive 
information from the node v+  or the node 𝑣'  can 
broadcast information to the node 𝑣.. The neighbor set of 
node 𝑣'  is denoted by 𝒩𝒾 = {𝑣. ∈ 𝒱: :𝑣. , 𝑣'; ∈ ℰ}. The 
adjacency matrix 𝒜 of a directed graph is given by 𝑎'' =
0 , 𝑎'. > 0  if :𝑣. , 𝑣'; ∈ ℰ , and 𝑎'. = 0  otherwise. The 
Laplacian matrix of 𝒢  is defined as ℒ	 = E𝑙'.G ∈ R%×% , 
where 𝑙'' = ∑ 𝑎'.%

01, , 𝑙'. = −𝑎'.  with 𝑖 ≠ 𝑗 . If between 
any pair of distinct nodes 𝑣' and 𝑣. in a directed graph 𝒢, 
there exists a directed path from 𝑣'  to 𝑣. , 𝑖, 𝑗	 =
	1,2, … ,𝑁 , 𝒢  is strongly connected. For the purpose of 
drawing forth our main result, we need the following 
assumptions and lemmas. 

Assumption1: The directed graph 𝒢  is strongly 
connected. 

Lemma1: ([25]) The general algebraic connectivity of a 
strongly connected graph 𝒢 associated with the Laplacian 

matrix ℒ is defined by 𝑎(ℒ) = min
2!314,364

3!ℒ83
3!93

 , 

where ℒR = ,
:
(𝑅ℒ + ℒ𝑅;), 𝑅 = diag(𝑟,, … , 𝑟-)  with 𝐫 =

(𝑟,, … , 𝑟-); satisfying 𝐫;ℒ = 𝟎𝐍 and ∑ 𝑟'-
'1, = 1. 

Lemma2: ([25]) Given any 𝑥, 𝑦 ∈ 𝑅-, Young's inequality 
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states that for any 𝜓 > 0, x=y ≤ *"*
:>
+ >?"?

:
. 

Lemma3: ([26]) For a strongly connected directed graph 
𝒢, zero is a simple eigenvalue of ℒ with the corresponding 
right eigenvector 𝟏%, that is ℒ𝟏% = 0, and there exists a 
positive vector 𝐫 = (𝑟,, … , 𝑟-);  satisfy 𝐫=𝟏% = 1 such 
that 𝐫𝐓ℒ = 𝟎-. 

2.2 Multi-Agent System Model 
Consider a linear MAS consisting of 𝑁 identical agents, 
indexed by 1,… ,𝑁 . The dynamics of the 𝑖 th agent is 
described by 

𝑥Ȧ(𝑡) = 𝐴𝑥'(𝑡) + 𝐵𝑢'(𝑡), 	 𝑖 ∈ ℐ𝒩 ,       (1) 
where 𝑥'(𝑡) ∈ R# and 𝑢'(𝑡) ∈ RB are the agent state and 
the control input, respectively. 𝐴 ∈ R#×# and 𝐵 ∈ R#×B. 

Assumption2: The matrix pair (𝐴, 𝐵)  in (1) is 
stabilizable. 

The objective of this paper is to design a distributed 
dynamic event-triggered consensus strategy for each agent 
such that the states of all agents achieve consensus while 
avoiding Zeno behavior. 

3. MAIN RESULT

In this section, a dynamic event-triggered control strategy 
will be proposed to deal with consensus problems for the 
linear MASs under strongly connected directed graphs 
without Zeno behavior. 

A dynamic event-triggered consensus control protocol is 
proposed for each agent as follows: 

𝑢'(𝑡) = 𝑐𝐾𝑧'(𝑡),                   (2) 
where 𝑐 > 0, and the feedback gain matrix 𝐾 ∈ RB×# is 
chosen by 𝐾 = −𝐵;𝑃  with a positive matrix 𝑃  to be 
decided. Moreover, 

𝑧!(𝑡) = & 𝑎!" (𝑒
#$%&%!"

" '𝑥!+𝑡("
! , − 𝑒

#)%&%!#
# *
𝑥" .𝑡(#

" /0
"∈𝒩𝒾

, 

where k+ ∈ ℐ𝒩 , 𝑎'.  is the 𝑖𝑗 th entry of the adjacency 
matrix 𝒜, 𝑡C#

'  and 𝑥':𝑡C#
' ; are the latest event-triggered 

time and the latest broadcast state of agent 𝑖, respectively. 
For the sake of simplicity, we denote 𝑒DEFGF$#

# H𝑥':𝑡C#
' ; as

𝑥Ag(𝑡), so the measurement error is defined as 

𝑒'(𝑡) = 𝑒DEFGF$#
# H𝑥':𝑡C#

' ; − 𝑥'(𝑡) = 𝑥Ag(𝑡) − 𝑥'(𝑡). 

Then, we define 𝛿(𝑡) = 𝑥(𝑡) − (1-𝑟; ⊗ 𝐼#)𝑥(𝑡) =
(𝑀⊗ 𝐼#)𝑥(𝑡)  as the disagreement vector with 𝑀 =
:𝐼- − 1-2!;. 
Therefore, the closed-loop form of the MAS and the 
disagreement vector can be expressed as 
�̇�(𝑡) = (𝐼- ⊗𝐴+ 𝑐ℒ ⊗𝐵𝐾)𝑥(𝑡) + (𝑐ℒ ⊗𝐵𝐾)𝑒(𝑡),(3) 
δ̇(𝑡) = (𝐼- ⊗𝐴+ 𝑐ℒ ⊗𝐵𝐾)δ(𝑡) + (𝑐ℒ ⊗𝐵𝐾)𝑒(𝑡),	(4) 
where 𝑥(𝑡) = [𝑥,;(𝑡), … , 𝑥-;(𝑡)]; , 𝑒(𝑡) =

[𝑒,;(𝑡), … , 𝑒-;(𝑡)];, 𝛿(𝑡) = [𝛿,;(𝑡), 𝛿:;(𝑡), … , 𝛿-;(𝑡)]. 

Now, we introduce an internal dynamic variable satisfying 

ηȦ(𝑡) = −µ'η'(𝑡) + ξ' r
I
J∗
|𝑧'(𝑡)|: − |𝑒'(𝑡)|:s,  (5) 

Where 𝑖 ∈ ℐ𝒩 , 𝜂(0) > 0  and the parameters satisfy 
𝜇' > 0, 𝜖 > 0, 𝛼∗ > 𝜅|ℒ|: and 𝜉' ∈ [0, 𝛾] with 

𝜅 = r1 − ,
L
s ‖𝑀‖: + M

N
𝜆!O3(ℒ;𝑅:ℒ ⊗ 𝑃𝐵𝐵;𝑃) +

2𝑐‖𝑀;𝑅ℒ ⊗𝑃𝐵𝐵;𝑃‖, 
where 𝑅  defined in Lemma1. Moreover,  𝛼, 𝛽 are the 
Young inequality parameters satisfying 0 < 𝛼 < 1 
and	𝛽 > 0. 

Moreover, inspired by [22], we assume that the first 

triggering time 𝑡,' = 0, so the triggering times {tP+ }P1:
∞  is 

determined by 

𝑡C#Q,
' = max

2RF$#
#
�r‖𝑒'‖: ≤

I
J∗
‖𝑧'(𝑡)‖: +

S#(F)
V#
, ∀𝑡E𝑡C#

' , 𝑟G�,(6) 

where θ' >
WGX#
Y#

. 

Remark1: The proposed mechanism (6) is called the 
dynamic event-triggered mechanism since it involves an 
internal variable η+(t). If setting η+(t) ≡ 0, we can get the 
static event-triggered mechanism (7). In addition, it can 
also be seen a limit case of the dynamic triggering 
mechanism (6) when the parameter θ+ goes larger enough. 

tP&Q,
+ = max

ZR['&
&
{‖𝑒'‖ ≤ � \

L∗
‖𝑧'(𝑡)‖, ∀𝑡 ∈ E𝑡C#

' , 𝑟G}.   (7) 

Compared with (6), (7) does not involve any extra dynamic 
variables except 𝑥'(𝑡), 𝑥Ag(𝑡) and 𝑥]g(𝑡), 𝑗 ∈ 𝒩𝒾. 

Next, we present the following theorem to cope with the 
dynamic consensus problem. 
Theorem1: Consider the linear MAS (1) and suppose that 
Assumptions 1 and 2 hold. Under the proposed distributed 
dynamic event-triggered consensus protocol composed of 
controller (2) and the dynamic triggering mechanism (6) 
the event-triggered consensus problem can be solved for 
any initial states if the parameters 𝑐, ϵ, α, β are selected 
such that  

MN
,GL

𝜆!O3(𝑃𝐵𝐵;𝑃) +
\

,GL
+ 𝜆!O3(𝑅 ⊗𝑄) < 0,

where 𝑄 = 𝑃𝐴 + 𝐴;𝑃 − 2𝑐𝑎(ℒ)𝑃𝐵𝐵;𝑃 < 0. In addition, 
Zeno behavior can be excluded. 

Proof: According to (5) and (6), one has 𝜂Ȧ(𝑡) ≥

−r𝜇' +
^#
_#
s 𝜂'(𝑡). So it is easy to get 

𝜂'(𝑡) > 𝜂'(0)𝑒
G`a#Q

(#
)#
bF > 0. (8)

203



Therefore, considering the dynamic triggering function, 
we choose the Lyapunov function as follows. 

𝑊 = 𝛿;(𝑅 ⊗ 𝑃)𝛿 + ∑ 𝜂'(𝑡)-
'1, .      (9) 

The time derivative of 𝑊 along the closed-loop system 
(4) is given by
�̇� = 𝛿;(𝑅 ⊗ (𝑃𝐴 + 𝐴;𝑃) − 𝑐(𝑅ℒ + ℒ𝒯𝑅)⊗ 𝑃𝐵𝐵;𝑃)

−2𝛿;(𝑐𝑅ℒ ⊗ 𝑃𝐵𝐵;𝑃)𝑒 + ∑ 𝜂Ȧ(𝑡)-
'1, (10) 

It follows from Lemma 1 and Lemma 2 and substituting (6) 
into (11) yields that 
�̇� ≤ [𝜆!O3(𝑅 ⊗𝑄)(1 − 𝛼) + 𝑐𝛽𝜆!O3(𝑃𝐵𝐵;𝑃)]‖𝛿‖: 

+∑ (𝜅 − 𝜉!)‖𝑒!(𝑡)‖"#
!$% +∑ 𝜉!

&
'∗
‖𝑧!(𝑡)‖"#

!$% −∑ 𝜇!𝜂!(𝑡)#
!$%               

Since the fact that 𝑧 = (ℒ ⊗ 𝐼#)�̅� = (ℒ ⊗ 𝐼#)𝛿̅, we have 
‖𝑧‖: ≤ ‖ℒ‖:�𝛿̅�: . Then, according to the triggering 
function (6) and (12) can be rewritten as 
�̇� ≤ [𝜆!O3(𝑅 ⊗𝑄)(1 − 𝛼) + 𝑐𝛽𝜆!O3(𝑃𝐵𝐵;𝑃) + 𝜖] 

‖𝛿‖: −∑ r𝜇' −
dG^#
_#
s 𝜂'(𝑡)-

'1, < 0 (11) 

Therefore, we can conclude that the disagreement vector 
𝛿 → 𝟎 as 𝑡	 →∞, which means the MAS (1) can achieve 
the consensus asymptotically. 

Now, we prove that Zeno behavior is strictly ruled out for 
each agent. Firstly, suppose that Zeno behavior is existed, 
which implies that there exists an agent 𝑖 , such that 

𝑙𝑖𝑚 1C#→Q∞ 𝑡C#
' = 𝑇4, where 𝑇4 is a positive constant.

Let 𝜀" = #
$‖&‖

𝑙𝑛 %#
'
&("(")

+"
𝑒
,%&-."/

'"
("
01) + 1* > 0, where 𝜛 = ‖D‖

Mg‖hi‖
. 

Then according to the property of limits, there exists a 
positive integer 𝑁(𝜀4) such that 

𝑡C#
' ∈ [𝑇4 − 𝜀4, 𝑇4], ∀𝑘' ≥ 𝑁(𝜀4).      (12) 

Noting that (8) holds, we can conclude that one sufficient 
condition to guarantee that the inequality in (6) holds is 

‖𝑒!(𝑡)‖ ≤ 4
𝜂!(0)
𝜃!

𝑒&
-
.)/"0

1"
2"
*% 

It follows from the fact that the interval between two 
consecutive triggering events is bounded, so it is apparent 
that 𝑒DEFGF$#

# H is bounded for ∀𝑡 ∈ E𝑡C#
' , 𝑡C#Q,

' ;. In light of
(3), it is not challenging to verify that (𝐫; ⊗𝑒GDF)𝑥 is an 
invariant quantity. Therefore, deriving from 𝑥' = 𝛿' +
∑ 𝑟'-
.1, 𝑥. , we obtain that 𝑥(𝑡) is finite for any finite t. 

Thus, we can get that for ∀𝑡 ∈ E𝑡C#
' , 𝑡C#Q,

' ;, the triggering 
error 𝑒(𝑡) is also bounded. According to the fact 𝑧 =
(ℒ ⊗ 𝐼#)(𝑥 + 𝑒) = (ℒ ⊗ 𝐼#)(𝛿 + 𝑒) , we know 𝑧  is 
bounded. Thus, we use 𝜌 to denote the upper bound of 
|𝑧'(𝑡)|. Based on (1), it can be obtained that 

𝑒Ȧ(𝑡) = 𝐴𝑒'(𝑡) − 𝑐𝐵𝐾𝑧'(𝑡).        (13) 
Next, based on the fact that the measurement error is reset 
to zero once an event is triggered, the solution of (13) 

follows that ‖𝑒!(𝑡)‖ ≤
(‖*+‖
‖,‖

𝜌 0𝑒‖,‖-./.23
3 0 − 12. 

Thus, it can be concluded that one sufficient condition to 

guarantee that the above inequality holds is 

𝑐‖𝐵𝐾‖
‖𝐴‖ 𝜌 0𝑒‖,‖-./.23

3 0 − 12 ≤ 8
𝜂!(0)
𝜃!

𝑒/
%
"1233

43
53
6.. 

Now suppose that 𝑡#(843%)
!  denote the next triggering time

determined by (6). Then one gets 

𝑡3(5)0-)
! − 𝑡3(5))

! ≥
1
‖𝐴‖ 𝑙𝑛 =

1
𝜛
4
𝜂!(0)
𝜃!

𝑒&
-
.)7"0

1"
2"
*8) + 1@ = 2𝜀0, 

which contradicts to (12). Therefore, Zeno behavior is 
excluded for each agent. 

Thus, the proof is accomplished. 

Remark 2: For arbitrary (A, B) satisfying Assumption 2 
one can always find a positive definite matrix 𝑃 such that 
Q < 0	holds. Moreover, the existence of parameters in 
Theorem 1 can be guaranteed by selecting parameters 
more conservatively off-line as long as they satisfy their 
bounds. Therefore, the proposed dynamic triggering 
scheme is implementable. 

4. SIMULATION EXAMPLE

In this section, we demonstrate the theoretical result by the 
following numerical example and make the comparison 
between the dynamic event-triggered control strategy and 
traditional static one. Consider a group of 6 agents with 
general linear dynamics (1) with 𝐴 = [0	7;−1	1], 𝐵 =
[2; 	1]. The directed graph is shown in Fig.1. 

The initial states are given by 𝑥,(0) =
[−30;  20], 𝑥:(0) = [15;  60], 𝑥k(0) = [10; −26], 𝑥l(𝑡) 
= [3;  43], 𝑥m(𝑡) = [13;  65], 𝑥n(𝑡) = [28;−30] . Choose 
the feedback gain matrix 𝐾 = [−0.9850  − 0.7367]. And 
the parameters are selected as 𝑐 = 3.7788, 𝛼∗ = 10, 𝜖 =
1. Moreover, according to the dynamic triggering scheme
(6), we choose 𝜂,(0) = 𝜂k(0) = 𝜂l(0) = 𝜂n(0) = 8 ,
𝜂:(0) = 3, 𝜂m(0) = 5, 𝜇' = 𝜉' = 60, and 𝜃' = 2, where
𝑖 = 1,2, …6.

The simulation results are shown in Fig.2-Fig.5. Fig.2 
depicts state evolutions under the dynamic triggering 
scheme and the static one, respectively. The trajectories of 
dynamic variable 𝜂'(𝑡) is present in Fig.3. Fig.4 shows 
the evolution of each agent's triggering error with respect 
to the threshold under the proposed dynamic triggering 
scheme. These two figures imply that the dynamic variable, 
tracking errors and corresponding thresholds all converge 
to zero asymptotically. The corresponding triggering 
instants under dynamic and static triggering schemes are 
shown in Fig.5. For a clearer comparison, we record the 
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triggering numbers for each agent with the dynamic and 
static triggering schemes in Table 1, which can be obtained 
that the triggering numbers are greatly reduced under the 
proposed dynamic triggering scheme. 

Fig. 1 The communication graph among the agents. 

(a) State evolutions of MAS under dynamic triggering
scheme (6).

(b) State evolutions of MAS under static triggering
scheme (7).

Fig.2 State evolutions under two event-triggered 
schemes 

Fig.3 The dynamic variable η+(t)  given in (5) for 
dynamic trigging scheme (6). 

Fig.4 Triggering errors and thresholds for each agent 
under dynamic triggering scheme (6). 

(a) Triggering times under dynamic triggering scheme
(6).

(b) Triggering times under static triggering scheme
(7).

Fig.5 Triggering times for each agent under two 
schemes and comparison with the case without event-
triggered strategy 

Table 1. Triggering numbers on each agent under different 
triggering schemes. 

Agent index i 1 2 3 4 5 6 

Dynamic 
triggering 
scheme 

22 38 28 18 34 25 

Static 
triggering 
scheme 

59 47 109 30 40 34 

4. CONCLUSION

The consensus problem for linear MASs under directed 
graphs has been investigated. A distributed dynamic event-
triggered control strategy along with a dynamic triggering 
function has been addressed. Under the proposed dynamic 
event-triggered control strategy, there is no need for 
continuous communication in either controller update or 
triggering condition monitoring. In addition, each agent 
does not exhibit Zeno behavior by proving the event time 
interval is strictly positive. Our future research will be 
devoted to extending the event-triggered consensus 
problem for heterogenous MASs under directed graphs. At 
the same time, it is also necessary to further consider the 
case when MASs contain some uncertainties or external 
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disturbances. 
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Abstract

This paper considers the event-triggered output tracking
problem for heterogeneous multi-agent systems with
general linear dynamics and an input-bounded leader. The
leader considered here has a nonzero and time-varying
control input which is unavailable to any followers. In
order to achieve output tracking, a hierarchical
framework is designed based on the internal model
principle. Based on this treatment, a novel distributed
dynamic event-triggered control protocol is further
proposed such that the output errors between the
followers and the leader can converge to zero
asymptotically. Different from the existing static
event-triggered mechanism, an internal dynamic variable
is involved in the proposed dynamic triggering law,
which benefits the exclusion of the Zeno behavior. In
addition, no continuous communication is needed in
either controller updates or triggering detection, which
offers more feasibilities in real applications. Finally,
numerical simulations are given to illustrate the
effectiveness of the theoretical results.

Keywords: Heterogeneous multi-agent systems, output
tracking, dynamic event-triggered mechanism, input-
bounded leader.

1. INTRODUCTION

Along with the technology development on network
communication, embedded computing, environment
perception/sensing, and artificial intelligence, the
coordination of multi-agent systems (MASs) has received
remarkable attention over the past twenty years due to its
considerable potential in cyber-physical systems. As a
typical issue in the coordination of MASs, the consensus
problems including the leaderless consensus case [1]-[3]
and leader-following tracking case [4]-[7] have been
widely studied. In fact, to perform the common objective
efficiently, a leader (real/virtual agent) is usually assigned
for the MASs in practice.

The above-mentioned works on the coordinated tracking

are mainly focused on homogeneous MASs. However,
the inherent differences among each individual agents
lead to dynamics heterogeneities in MASs. Therefore, the
output tracking problem for heterogeneous MASs has
emerged [8]-[13]. In the output tracking problem for
heterogeneous MASs, compared with the scenario where
the leader has no external input, it is worth pointing out
that the nonzero input to the leader has both theoretical
and practical meanings. First, the resulting problem is
quite similar to the leaderless case when the leader has no
external input. Second, nonzero control actions might be
implemented on the leader in many circumstances to
achieve desired objectives, e.g., to achieve acceleration or
deceleration in the platoon control of connected vehicles
[14]. Thus, different from [8]-[11], the output tracking
problem for heterogeneous MASs with a leader of
nonzero input was considered in [12], [13].

One key point in the coordination of MASs is the
information exchange among agents. Note that the
above-mentioned results are obtained under the
assumption that continuous communication among agents
is available. However, it is difficult to maintain an
abundant communication resource supply and an ideal
communication environment. Therefore, as an
energy-saving communication fashion, event-triggered
strategies have been introduced into the control of MASs
where communication overheads can be significantly
reduced and unnecessary communication energy can be
saved. Thus, it enforces researchers investigate the
event-triggered output consensus/tracking problem for
heterogeneous MASs. The event-triggered output
consensus problem was investigated in [15]. Considering
fixed and switching topologies, the event-triggered based
output consensus problem was studied in [16]. In addition.
cooperative output regulation with the event-triggered
strategy was studied in [17]. The Zeno behavior, which
means that infinite events are triggered in a finite
time-interval, is very important in event-triggered control,
and should be excluded to guarantee the feasibility of
event-triggered control strategies.

Compared with the so-called static event-triggered
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mechanism studied in [17]-[20], dynamic event-triggered
mechanisms, where an internal dynamic variable is
introduced into the triggering law design in order to rule
out the Zeno behavior easily, were studied in [21]-[23].
Note that the above-mentioned results on the dynamic
event-triggered mechanism [21]-[23] are designed for
homogeneous MASs with integrator-type dynamics.
Nevertheless, heterogeneous MASs are of more obvious
physical significance in real applications.

To address the event-triggered output tracking problem
for heterogeneous MASs with general linear dynamics, a
hierarchical framework including a homogeneous internal
model layer and a heterogeneous follower layer is
designed based on the internal model principle. This
treatment not only allows us to convert the output
tracking problem of heterogeneous MASs into the
leader-following tracking problem of homogeneous
MASs and the tracking problem of single agent, but also
enables us to design the dynamic event-triggered
mechanism in the designed separate homogeneous layer.
Along this line, a distributed dynamic event-triggered
control protocol with only local information is proposed
such that the outputs of followers can asymptotically
track that of the leader. The contribution of this paper is
threefold:

1) Different from the results in [8]-[13] which are
obtained under continuous communication, the
communication overheads can be reduced by the
proposed dynamic event-triggered mechanism. Addition-
ally, compared with the static event-triggered mechanism
reported in [15]-[20], an internal dynamic variable is
involved in the proposed triggering law design, which
benefits the exclusion of the Zeno behavior.

2) Compared with most of the existing results on the
dynamic event-triggered mechanism focused on
homogeneous MASs with integrator-type dynamics
[21]-[23], the proposed dynamic triggering law can
address the event-triggered based output tracking control
for heterogeneous MASs with general linear dynamics.
Note that this setting in turn poses more challenges in the
tracking stability analysis and the Zeno behavior
exclusion due to the more generalities in agents' models.
Moreover, the limitation of continuously accessing to
neighbors' states in agent's own triggering detection is
removed in the proposed dynamic event-triggered
mechanism, which offers easier implementations in real
applications.

3) Different from [8]-[11], [17] where the leader is
assumed to have no external input, this paper addresses
the output tracking problem for general linear
heterogeneous MASs with an input-bounded leader.
Additionally, the input to the leader is not known to the
followers.

The rest of the paper is organized as follows.
Preliminaries and problem statement are introduced in
Section 2. The main result is shown in Section 3.
Simulations and conclusions are shown in Section 4 and
5, respectively.

2. PRELIMINARIESAND PROBLEM
FORMULATION

2.1 Preliminaries
Let R , NR , and N MR be the set of real numbers,

1N  real vectors, and N M real matrices,
respectively. Let N0 and N M0 be the 1N 
column vector and N M matrix of all zeros,
respectively. NI represents the identity matrix of
dimension N .We denote by max ( )  ( min ( )  ) the
maximum (minimum) eigenvalue of a symmetric
matrix. The superscript T means the transpose for
real matrices. diag{} represents a diagonal matrix.
Let ‖‖ denote the Euclidean norm for vectors and the
induced 2-norm for matrices.  denotes the
Kronecker product. For a real symmetric matrix, let

0P  ( 0P  ) denote that P is positive
(negative)-definite. sig( ) sign( ) | |x x x when xR
and sig( ) operates on it componentwise when

nxR .

A weighted graph denoted by ( ( ), ( ))G V G E G with an
agent set 0 1( ) { , , , }Nv v v V G and an edge set
( )  E G V V is used to describe the interaction among

agents in leader-following heterogeneous MASs. A link
( , ) ( )i jv v E G means that agent iv can receive the
information from agent jv . When ( , ) ( )i jv v E G
implies ( , ) ( )j iv v E G , the graph G is undirected. The
adjacency matrix [ ]ijaA associated with G is
defined as 0iia  and 0ija  if ( , ) ( )i jv v E G . An
induced subgraph sG is a graph such that
( ) ( )s V G V G and ( , ) ( )i j sv v V G if and only if

( , ) ( )i jv v V G . An undirected subgraph sG with the
node set 1{ , , }Nv v is used to represent follower agents.
The Laplacian matrix of a graph is defined by [ ]ijlL
with ii ijj i

l a


 and . ij ijl a  . Let sL denote the
Laplacian matrix associated with the subgraph sG .Since
the followers have no influence over the leader, we have

0 0ia  , for 1, ,i N  . A pinning matrix
10 0diag{ , , }Na a P is defined to describe the

followers' availability to the leader. More specifically,
0 0ia  if follower i can receive the leader's

information, otherwise 0=0ia .

Lemma 2.1: [24] Let s H L P and G be the
augmented graph associated with H . If the subgraph
sG is undirected and G is connected, then H is

symmetric and positive-definite.
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2.2 Problem formulation
Consider a heterogeneous MAS composed of N
followers and one leader. The dynamics of agents are as
follows.

( ) ( ) ( ),
( ) ( ), {0},
i i i i i

i i i

x t A x t B u t
y t C x t i

 
  


F

(1)

where {1,2, , }N F represents the set of followers.
( ) in
ix t R , ( ) ip

iu t R , and ( ) q
iy t R are the states,

control inputs, and outputs of followers, respectively.
i in n

iA
R , i in p

iB
R , and iq n

iC
R are the system

matrix, input matrix, and output matrix of followers,
respectively. 0 ( )

nx t R and 0 ( )
qy t R are the

leader's states and outputs, respectively. 0 ( )
pu t R is

the leader's unknown but bounded control input satisfying
0 ( )u t ‖ ‖ . In addition, 0

n nA R , 0
n pB R , and

0
q nC R .

Assumption 2.1: The leader's information can be
obtained by only a subset of followers and the graph G
is connected.

Assumption 2.2: The matrix pairs ( , )i iA B and ( , )i iC A
in (1) are stabilizable and detectable, respectively.

Assumption 2.3: Suppose 0A satisfies

0rank , , ( ).i i
i

i

A I B
n q i A

C


 
   

      
  0

F

Remark 1: Different from the leader without external
control input studied in [8]-[11], [17], the leader
considered in this paper has a nonzero time-varying
control input and the input to the leader is unavailable to
any followers.

The objective is to design a distributed dynamic
event-triggered control protocol with only local
information to solve the output tracking problem of
heterogeneous MASs.

Lemma 2.2: [25]
For any , Na bR and any 0N N R , the inequal-

ity
1

2 2

T T
T a a b ba b

 
  holds.

3. MAIN RESULT

In this section, a distributed control protocol via the
dynamic event-triggered strategy is proposed such that
the output tracking of heterogeneous MASs can be
achieved.

Based on the internal model principle, the following
distributed dynamic event-triggered control strategy is
adopted for each agent. The following control strategy is

composed of the internal model (2a), the observer (2c),
the controller (2d), and the dynamic triggering law (5).

0 1 0 0 2( ) ( ) ( ) sig( ( )),T
i i i it A t c B B Pz t c Pz t    (2a)

0 0( ) ( ( ) ( )) ( ( ) ( )),
i

i ij i j i i
j

z t a t t a t x t  


   
N

(2b)

ˆ ˆ ˆ( ) ( ) ( ) ( ( ) ( )),i i i i i i i i ix t A x t B u t F y t C x t    (2c)

ˆ( ) ( ( ) ( )) ( ).i i i i i i iu t K x t t t    (2d)
where ( ) n

i t R is the internal model state,
1 min1/ ( )c  H with H defined in Lemma 2.1,

0
2

min ( )
N PBc

P








‖ ‖H
H

, and 0n nP  R is to be calculated

as follows. By solving the linear matrix inequality
0 0 0 02 0T T TXA A X B B   , there must exist a

positive-definite solution X since the matrix pair
0 0( , )A B is stabilizable. Then, we can calculate that

1P X  . ˆ ( ) in
ix t R is the estimated state of ( )ix t .

i in q
iF

R and i ip n
iK

R are the feedback gain
matrices to be selected such that i i iA FC and
i i iA B K are Hurwitz, respectively. ( )iz t is the

estimated disagreement error, where ija is the j th
entry of the adjacency matrix associated with graph j is
the i th diagonal entry of the pinning matrix P .

0 ( )( ) ( )
i
ki

i

A t t i
i i kt e t  where ( )

i

i
i kt is the most recent

broadcast internal model state of agent i with
i

i
kt ,

1,2,ik   , being the latest triggering instant. Especially,

00 0 0( ) ( ) ( )i
kx t x t x t  . In addition, the matrices i and

i satisfy that

0 0,  i i i i i i iA B A C C       (3)
The above equations are also called regulator equations in
output regulation theory [26].

Remark 2: There must exist matrices i and i
satisfying (3) since 0 0( , )C A is observable and
Assumption 2.3 holds.

The measurement error for each agent is defined as
( ) ( ) ( ), .i i ie t t t i   F (4)

Inspired by [21] and [23], the following dynamic
triggering function is proposed.

* 2 *
1 2

2

( , ( ), ( ), ( )) ( ) ( )

( ) ( ), ,
i i i i i i

i i i

f t e t z t t e t e t
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‖ ‖ò F
(5)

where * 2
1 max 1 max

1

1max{ (1 ) ( ) ( )Q c   


   H
2 2

20 0 max
0 0 2

2 3

( )
( 2) 2 }

T
T PB B P P

PB B P c H


 


 
‖ ‖

‖ ‖ ，‖ ‖
H

ò ,

and * min
2 2

( )
2

P
c

N






H

with 0 1  , 0ò ,

10 1  , 2 0  , 3 0  , and
0 0 1 min 0 0( 2 ( ) )T TQ PA A P c PB B P   H H . Note that

Q is a negative-definite matrix. In addition, 0 i i  
with i defined in (6). In the proposed dynamic
triggering function (5), * 2 *

1 2( ) ( )i ie t e t ‖ ‖ ‖ ‖ is the
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triggering error, and 2( ) ( )i i iz t t ‖ ‖ò is the dynamic
triggering threshold where the proposed internal dynamic
variable ( )i t to agent i is designed as follows.

2 * 2 *
1 2

( ) ( )

( ( ) ( ) ( ) ), ,
i i i

i i i i

t t

z t e t e t i

  

  

  

  



‖ ‖ ‖ ‖ ‖ ‖ò F
(6)

Remark 3: Different from the static triggering functions,
the proposed triggering function (5) can be referred as a
dynamic triggering function since the an extra dynamic
variables ( )i t is involved in the triggering function
design. This treatment offers the larger triggering
intervals, which benefits the exclusion of the Zeno
behaviors in practice [23].

The the tracking error ( )io t between the internal model
and the leader is defined as

0( ) ( ) ( ), .i io t t x t i  F (7)

With the stack vector 1( ) [ ( ), , ( )]T T T
Nt t t    ,

1( ) [ ( ), , ( )]T T T
Nz t z t z t  , 1( ) [ ( ), , ( )]T T T

No t o t o t  , and
1( ) [ ( ), , ( )]T T T

Ne t e t e t  , (2a) and (2b) can rewritten in the
following compact form according to (7).

0 1 0 0

2

( ) ( ) ( ) ( ) ( )
sig(( ) ( )),

T
N N

N

t I A t c I B B P z t
c I P z t

    

 


(8a)

( ) ( )( ( ) ( )),nz t I o t e t  H (8b)

where the facts that ( ( ) ( ))
i i

ij i j ijj j
a t t a 

 
  N N

0 0(( ( ) ( )) ( ( ) ( ))i jt x t t x t    and 0 0( ) ( )x t x t have
been used.

Invoking (1), (7), and (8), one has

0 1 0 0

2 0 0

( ) ( ) ( ) ( ) ( )
sig(( ) ( )) ( ) ( ),

T
N N

N N

o t I A o t c I B B P z t
c I P z t I B u t

   

   




(9)

where 0 0 0 0( ) [ ( ), ( ), , ( )]T T T Tt x t x t x t   , 0 ( )u t 
0 0 0[ ( ), ( ), , ( )]T T T Tu t u t u t .

Theorem 3.1: Suppose Assumptions 2.1-2.3 hold. Under
the proposed control strategy (2) and (5), the
event-triggered output tracking problem for
heterogeneous MASs (1) can be solved for all initial
conditions if the parameters are selected such that

2 2
1 2 2 3 max 1 min max( ( ) 2 ) / ( (1 ) ( )) ( )c c P Q          ò H

holds.

Proof: Consider the following two steps to prove the
achievement of the event-triggered output tracking. 1) we
will prove that the tracking error between the internal
model and the leader can asymptotically converge to zero;
2) we will prove that the tacking error between the
internal model and each individual follower can

asymptotically converge to zero. The index t is .

Step 1: Note that ( ) ( ) ( )i i i i it t       according to
(5) and (6). Therefore, ( )( ) (0) 0i i i t

i it e       since
(0) 0i  . Take into account the following Lyapunov

function candidate for (7).

1 2 ,V V V  (10)

where 1 ( )TV o P o H and 2 1

N
ii

V 


 . Taking the
time derivative of 1V in (10) along (9) yields

1
2

0 1 0 0
2

1 0 0 0 0

2
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H
H H
H H
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(11)

where we have used (8b). In what follows, each term in
(11) will be analyzed.

Analyzing the first two terms in (11), one has
2

0 1 0 0
2

0 0 1 0 0

0 0 1 min 0 0

max

2 ( ) 2 ( )
( ( )) 2 ( )
( ( 2 ( ) ))
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o PA A P o o c PB B P o
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Q o o




  
    
   


H H
H H
H H

(12)

where Lemma 2.1 has been used. Note that 0Q 
according to above analysis. By recalling the fact that

1( )no I z e  H , (12) can be further bounded as
follows.
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max max
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(13)

where the fact that 1 2
12 ( ) ( )T T

n nz I e z I z    H H

1

1 Te e


has been used. Additionally, note that 10 

1 and 0 1  .

It follows from (8b) and Lemma 2.2 that the third term in
(11) can be handled as

2
1 0 0

2 0 0
1 2 1 max 0 0

2

2 ( )

( ) ( 2) .

T T

T
T T T

o c PB B P e

PB B P
c z z c PB B P e e 



 

  
‖ ‖

‖ ‖

H

H

(14)

The forth term of (11) can be bounded as

0 0 0 02 ( ) 2 .To PB u PB u o    ‖ ‖‖ ‖‖‖H H (15)

We cope with the last term of (11) as follows.
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Taking the time derivative of 2V in (10) along (6) gives

2 * 2 *
2 1 2

1 1
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N N

i i i i i
i i

V z e e    
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Invoking (12)-(17), one can obtain the following result
according to the proposed dynamic triggering law (5).
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and 2 

2 min2 ( )c P H .Recalling the fact that ( )i t 
S ( )i i i te     (0) 0i  , (18) can be rewritten as

max
1

(1 ) ( ) ( ) 0.
N

T
i i i

i
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     (19)

It follows from (10) and (19) that i no  0 as t ,
which implies that 0i x  as t . In the following,
we will prove that the tacking error between the internal
model and each individual follower can asymptotically
converge to zero based on the analysis in Step 1..

Step 2: Before moving on, we define the observer error as
ˆ( ) ( ) ( )i i it x t x t   . It follows from (1) and (2c) that

ˆ( ) ( ) ( ) ( ) ( ), .i i i i i i it x t x t A FC t i       F (20)

Since i i iA FC are Hurwitz, it follows from (20) that

the observer error asymptotically converges to zero,
namely,

ii n  0 as t .

Define the tacking error between the internal model and
each individual follower as ( ) ( ) ( )i i i it x t t   .
According to (1), (2a), (2d), and (3) that

1 0 0
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F
(21)

Note that iz and i converge to zero as time goes to
infinity. Therefore, the tacking error between the internal
model and each individual follower can asymptotically
converge to zero since i i iA B K are Hurwitz according
to (21), namely,

ii n  0 as t . As a result, one
has

ii i i nx   0 as t . Note that i no  0 as
t , which implies 0i x  as t by recalling
the result mentioned in Step 1. Therefore, one has

0 ii i nx x  0 as t , which indicates
0i i i i qC x C x   0 as t . It follows from (3) that

0iy y as t . Therefore, the output tracking of
heterogeneous MASs can be addressed.

Next, the Zeno behavior will be analyzed. Partly inspired
by [23], the Zeno behavior is ruled out by contradiction.
Suppose the Zeno behavior does exist. Thus, for some
follower i , 0lim

i
i

i
kk
t T


 with 0T be a positive constant
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‖ ‖
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1 0 2( )P c B c ‖ ‖ ‖ ‖ with ñ

be the upper bound of ( )iz t‖ ‖. Note that 0 0  . Then
according to the property of limits, there exists a positive
integer 0( )ik  such that

0 0 0 0[ , ], ( ).
i

i
k i it T T k k     (22)

Consider any two consecutive triggered events for
follower i , 1[ , )

i i

i i
k kt t t  . According to (8b), one has

( )z o e ‖‖ ‖ ‖‖‖‖‖H . It follows from (5) that
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2 2
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‖ ‖‖‖ò H . Invoking (10) and (19), it is

apparent that ( )o t‖ ‖ and ( )i t‖ ‖ are bounded. Then
( )e t‖ ‖ is bounded according to the above analysis. Thus,
( )z t‖ ‖ is bounded by recalling (8b). Therefore, ( )iz t‖ ‖

is bounded. As mentioned above, we denote its upper
bounded as ñ . It follows from (4) that

0 1 0 0 2( ) ( ) ( ) sig( ( ))T
i i i ie t A e t c B B Pz t c Pz t   . Thus, we

can obtain 0 0( ) ( )* *( ) d d
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k ks t t  . Thus, according to
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(5) and the fact that ( )( ) (0) 0i i i t
i it e       , when an

event is triggered, the inter-event time interval must be
greater than or equal to the solution of the following
equality.

( )* 2 *
1 2( ) ( ) (0),i i i t

it t e          (23)

where 0 ( )
*( ) ( 1)
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‖ ‖ñ . Therefore, by calcula-
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Which contradicts to (22). Thus, Zeno behavior is
excluded.

4. NUMERICAL SIMULATION

In this section, we demonstrate the theoretical result by
the following numerical simulation. Consider an MAS
composed of 6 followers and 1 leader described by (1)
with

 

 

0 0 0

0 7 2
, , 1 0 ,

1 1 1

0 7 0 0
1 1 , 0 , 1 0 0 ,
0

i i i i

i i i

A B C

A c B C
d a b

   
        
   
         
       

where ia , ib , ic , and id , iF are positive
constants. The system parameters { , , , }i i i ia b c d for each
agent i are chosen as    1,1,1,0 1, 0,2,1,0 ,
     2,1,1,10 ,   2,1,1,1 ,   1,1,1,0 , and {10,2,1,0} . The
control input in the leader is given by 0 0.01sin( )u t .
Consider the Laplacian matrix of the followers as

0.5*[1.1 0.5000 0.6; 0.51.3 0.8000;0 0.81.5 0. 700;s       L .
00 0.71.8 1.10;000 1.12.1 1; 0.6000 11.6]      .The
pinning matrix P is given by diag{0.5 01.510 0}P .
We choose the feedback gain matrix iK and iF for
each agent i as 1 [ 27 37 9]K     , 2 [ 13.5K  
18.50] , 3 [ 27 27 8]K     , 4K  [ 27 36 7]   ,,
5 [ 27 37 9]K     , 6 [ 13.5K   18.50] and
1 2 3 4[8 19 8] , [ 137 343] , [73 4] , [712T T TF F F F     

5 64], [81 98] , [ 137TF F    343]T such that all the
matrices i i iA B K , and i i iA FC , iF , are Hurwitz,
respectively. Calculate [0.9216 0.3318; 0.3318P   
1.2439] and

1 0
0 1 , 0 , .
0 0

i
i i

i

d
i

b

 
            

F

We choose 1 28.4, 0.25c c  , and other appropriate

parameters. The leader's state and the internal model
states evolved under the proposed output tracking control
protocol are presented in Fig. 1. It is shown that all the
internal model states can track the leader from Fig. 1. The
outputs of all followers and the leader are shown in Fig. 2,
which indicates that the output tracking problem for
general linear heterogeneous MASs can be solved under
the proposed method. Comparing Fig. 1 with Fig. 2, it
can be seen that the convergence rate of the tracking error
between the internal model and the leader may be faster
than that of the tracking error between the internal model
and each individual follower since the hierarchical
framework is designed based on the internal model
principle. The triggering errors and dynamic thresholds
are shown in Fig. 3. The corresponding triggering instants
are shown in Fig. 4. Compared with the output tracking
control for heterogeneous MASs under continuous
communication, the proposed strategy can achieve output
tracking with energy reduction in communication.

Fig. 1. The state evolution of the leader and the internal
model.

Fig. 2. The outputs of the leader and followers.
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Fig. 3. The triggering errors and thresholds under the
proposed dynamic triggering mechanism.

Fig. 4. The triggering instants under the proposed dynamic
triggering mechanism.

5. CONCLUSION

This paper has studied the event-triggered output tracking
problem for general linear heterogeneous MASs with a
leader of nonzero and time-varying input. We have
proposed a distributed dynamic event-triggered control
protocol to achieve output tracking without the need for
continuous communication in either controller updates or
triggering detection. Moreover, the Zeno behavior has
been excluded to guarantee the feasibility of the proposed
control protocol.
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Abstract 

In this paper, the output feedback consensus control 

problem is investigated for a  class of mult i-agent systems 

with Lur’e non-linear dynamics over directed topology. 

Based on the distributed observer, a novel distributed 

event-triggered consensus protocol is proposed. The 

proposed event-triggered protocol removes the limitations 

of continuous communication and saves the on-board 

resources, that is, the continuous communication is 

avoided for both controller updating and event-triggered 

condition monitoring. Furthermore, the con-sensus is 

proved by Lyapunov method and Zeno behavior is 

excluded. Finally, simulation results attests to the 

properties of the proposed protocols. 

Keywords: Consensus control, Event-triggered 

strategy, Multiple Lur’e nonlinear system, 

Directed topology, Output Feedback  

1. IMPORTANT INFORMATION

In recent years, various applications in d istributed co- 

ordination of mult i-agent systems (MASs) take increasing 

attention, such as spacecraft format ion fly ing, cooperative 

surveillance and sensor networks [1], [2], [3]. As a basic 

problem in MASs, the consensus control problem is to 

design a control protocol to make all the agents’ states 

converge to a same value. Based on consensus, the agents 

in network can reach an agreement. With the increasing 

complexity of the network, the centralized method 

depended on the global informat ion is difficult to satisfy 

the practical needs. Hence, the distribute control is 

investigated, since it  only need local in formation for each 

agent to make decision, which means lower resource 

consumption. Much research on distributed consensus 

control has been conducted in [4], [5] and references 

therein.  

The dynamics of each agent is an important factor for the 

designing of consensus control protocols. Most existing 

works are focus on the MASs with linear dynamics, such 

as single-integrator network [4], double-integrator 

network [5], general linear network [6]. Comparing with 

linear dynamics, the nonlinear dynamics maybe more 

valuable fo r the practical application. For instance, 

aircrafts, flexib le robotic arms, and several chaotic 

systems, including Chua’s  circuit, can be represented in 

the nonlinear type. In this paper, the typical Lur’e  

nonlinear dynamics, which contains a nonlinear feedback 

loop with certain slope or sector condition, will be 

considered for the consensus problem. A class of robotic 

arms and several chaotic systems can usually be 

represented by Lur’e type [7]. There are some works 

investigated the consensus problem of multip le Lur’e  

systems. Ref. [8] proved that the network of mult iple  

Lur’e systems has a desirable unbounded synchronized 

region based on designed control protocol. For the 

uncertain mult iple  Lur’e systems, an adaptive consensus 

tracking protocol was designed in [9] to solve the robust 

consensus tracking problem. Consider the directed 

interaction networks, the multip le Lur’e systems are 

divided into the leader’s  layer and the followers’ layer to 

de- sign the control protocol and solve the consensus 

problem in [10]. Ref. [11] proposed a fully distributed 

adaptive protocol to solve the tracking consensus problem 

for mult iple Lur’e systems over a directed graph contained 

a directed spanning tree. Despite all these works, a  

fundamental problem of the consensus of multip le Lur’e  

systems, that is designing distributed output feedback 

consensus protocols, has not been researched 

comprehensively. Considering the full state informat ion of 

Lur’e  systems is quite  difficu lt to obtain, it  is preferred  to 

use output feedback control in pract ice. Ref. [12] proposed 

a distributed controller to solve the consensus problem of 

multip le Lur’e  systems only used relat ive output 

information.  

However, one common limitation existing in the 

aforementioned papers is that the control protocols are 

continuous- time consensus algorithms. The computation 

ability, adaptivity and robustness are always limited for 

each agent in the MASs, the continuous-time algorithm 

will rise sharply computation and informat ion 

transmission among agents and even result in whole 

system crash. The event-triggered mechanism, as fu lly  

intermittent algorithm, only require each agent 

communicate with its neighbors and updates its actuators 

when needed. Therefore, the event-triggered method is 
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used to design the consensus control protocols in several 

works. Ref. [13] improved the performance of mult i-agent 

systems by propose an event-triggered scheduler and show 

how the scheduler relax the tradit ional periodic execution. 

In [14] and [15], the authors propose a self-triggered 

algorithm for the consensus control of integrator dynamic  

multi-agent system, which fu rther reduce the calculat ion 

and save the on- board resources. Considering the Lur’e  

systems networks, the authors of [16] design an 

event-triggered protocol to reduce the energy consumption 

and the updates frequency. It should be noticed, under the 

above protocol in [16], the t riggering detection of each 

agent still need its neighbors’ state informat ion 

continuously.  

Motivated by above facts stated, we will investigate the 

distributed event-triggered consensus protocol based on 

out- put feedback for multiple Lur’e  systems under 

directed topology. First, a distributed state observer is 

designed to estimate the state for each agent. Secondly, 

with the estimated state and state-dependent 

event-triggered threshold, we propose a novel distributed 

output feedback event-triggered consensus controller for 

each agent with zero final consensus error. Then, we prove 

that there is no Zeno behavior under the proposed protocol, 

that is, the event would not be triggered continuously 

under the state-dependent triggering conditions. The 

primary contributions are summarized as follows:  

 The event-triggered output feedback controller

with fu lly intermittent communication is proposed

in this paper. Compared with continuous-time

output feed- back strategy in [12], the distributed

event-triggered output feedback consensus

protocol in this paper can effectively reduce the 

on-board resources consumption. Compared with

the event-triggered strategy in [16] which needs

continuous triggering condition monitoring, in this

paper, neither the controller updates nor the 

triggering detection need the continuous

information transmission among the network.

 Compared with the state feedback strategy [16], in

this paper, the output feedback strategy is

investigated. In practical, when the state is

immeasurable, the output feedback strategy will

work better than state feedback strategy. 

Meanwhile, the nonlinearity of Lur’e system and

the introduction of observer will bring challenge

for the elimination of Zeno behavior.

2. PREPARATION OF MANUSCRIPTS

2.1 Notations 

Let 𝐑𝑚×𝑛 be the set of 𝑚 × 𝑛 real matrices, and 𝐑𝑛 be

the 𝑛-dimensional real co lumn vector space, respectively. 

Let 𝟏𝑁 (𝟎𝑁 ) be appropriate column vector of ones with

scalar 1(0) as special cases.𝑑𝑖𝑎𝑔(𝑎1, … , 𝑎𝑛 ) represents a 

diagonal matrix composed by 𝑎𝑖 . 𝜆max(𝑃)(𝜆min(𝑃))

denotes the maximum(min imum) eigenvalue of matrix 𝑃. 

∥⋅∥ represents the Euclidean norm for vectors and the 

induced 2-norm for matrices. A symmetric matrix 

𝑃 > 0(≥ 0) denotes 𝑃 is positive(semi-positive) definite. 

𝐴 ⊗ 𝐵 denotes the Kronecker product of matrix 𝐴 and 𝐵. 

ℐ𝑁  is a set of positive integers, i.e. ℐ𝑁 = 1,2, … , 𝑁.

2.2 Algebraic graph theory 

The interconnection topology of 𝑁  agents can be 

described as a weighted directed graph 𝒢(𝒜) = (𝒱, ℰ, 𝒜 ), 

where 𝒱 = (𝑣1, … , 𝑣𝑁 ) is a set of nodes, ℰ = 𝒱 × 𝒱  is a

set of edges and 𝒜 = [𝑎𝑖𝑗] ∈ 𝐑𝑁×𝑁  is the adjacency

matrix, respectively. The entry 𝑎𝑖𝑗 > 0  if (𝑣𝑗 , 𝑣𝑖) ∈ ℰ

and 𝑎𝑖𝑗 = 0  otherwise. Correspondingly, the Lap lacian

matrix ℒ = [𝑙𝑖𝑗] ∈ 𝐑𝑁×𝑁 is defined by 𝑙𝑖𝑗 = ∑ 𝑎𝑖𝑘
𝑁
𝑘=1  if

𝑗 = 𝑖  and 𝑙𝑖𝑗 = −𝑎𝑖𝑗  otherwise. The directed path that

connects 𝑥 𝑖  and 𝑥𝑗  in the graph 𝒢  is a sequence of

distinct nodes 𝑥 𝑖0
,𝑥 𝑖1

,𝑥 𝑖2
,… , 𝑥 𝑖𝑚

, where 𝑥 𝑖0
= 𝑥 𝑖 ,𝑥 𝑖𝑚

=

𝑥𝑗 and (𝑥 𝑖𝑟
,𝑥 𝑖𝑟+1

) ∈ ℰ, 0 ≤ 𝑟 ≤ 𝑚 − 1.

Definition 1:(Strongly connected graph) A d irected 

graph is a strongly connected graph if and only if there is a 

directed path between any pair of different nodes. 

Definition 2:(General algebraic connectivity) For a 

strongly connected graph 𝒢 with Laplacian matrix ℒ, the  

general algebraic connectivity is defined by 

𝛼(ℒ) = min
𝐫𝑇𝑥=0,𝑥≠0

𝑥𝑇 ℒ‾𝑥

𝑥𝑇 𝑅𝑥
, 

Where ℒ‾ =
1

2
(𝑅ℒ + ℒ𝑅T), 𝑅 = 𝑑𝑖𝑎𝑔(𝑟1 , … , 𝑟𝑁

), 𝐫 =
[𝑟1, … , 𝑟𝑁

]T, with 𝑟𝑖 > 0, 𝐫𝑇 ℒ = 𝟎𝑁
𝑇  and ∑ 𝑟𝑖

𝑁
𝑖=1 = 1.

Definition 3:(Irreducible matrix) A matrix 𝑃 is termed 

irreducible if there does not exist a permutation matrix 𝑋 

such that 𝑋𝑇 𝑃𝑋  is block triangular. Otherwise, 𝑃  is

termed reducible. 

Lemma 1:[18] An 𝑛 × 𝑛 matrix 𝐴 is irreducible  if and 

only if its corresponding network 𝒢 is strongly connected. 

Lemma 2:[19] If the Laplacian matrix ℒ is irreducib le, 

there will exist a vector 𝐫 = [𝑟1, … , 𝑟𝑁]𝑇 , 𝐫 > 0, 𝟏𝑁
𝑇 𝐫 = 1

such that 𝐫𝑇 ℒ = 𝟎𝑁
𝑇 .

Lemma 3:[20](Young’s  inequality) Given any 

𝑥,𝑦 ∈ 𝐑𝑛, for ∀𝜖 > 0, the following inequality holds.

𝑥𝑇 𝑦 ≤
𝑥𝑇 𝑥

2𝜖
+

𝜖𝑦𝑇 𝑦

2
. 
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2.3 Problem statement  

In this paper, we consider a network of 𝑁 Lur’e nonlinear 

dynamic described as 

𝑥̇ 𝑖(𝑡) = 𝐴𝑥 𝑖(𝑡) + 𝐵𝑢𝑖(𝑡) + 𝐸𝜑(𝑦𝑖 (𝑡)),

𝑦𝑖 (𝑡) = 𝐶𝑥 𝑖(𝑡), 𝑖 ∈ ℐ𝑁 ,
 (1) 

where 𝑥 𝑖 ∈ 𝐑𝑛 is the state to be synchronized, 𝑦𝑖 ∈ 𝐑𝑚

is the output and 𝑢𝑖 ∈ 𝐑𝑝 is the control input. 𝜑(𝑦𝑖 (𝑡)) =

[𝜑1(𝑦𝑖1 (𝑡)), 𝜑2(𝑦𝑖2 (𝑡)), … ,𝜑𝑚(𝑦𝑖𝑚 (𝑡))]𝑇 ∈ 𝐑𝑚

represents a nonlinear feedback loop belonging to the 

slope [0,𝛥] with 𝛥 = 𝑑𝑖𝑎𝑔{𝛿1, 𝛿2, … , 𝛿𝑚}, i.e.,

0 ≤
𝜑𝑘

(𝑏) − 𝜑𝑘
(𝑎)

𝑏 − 𝑎
≤ 𝛿𝑘, 𝜑𝑘

(0) = 0,

∀𝑏 ≠ 𝑎 ∈ 𝐑,  𝑘 = 1, … , 𝑚.

 (2) 

and 𝐴, 𝐵, 𝐶  and 𝐸  are system matrices with compatib le 

dimensions. 

Considering the mult iple Lur’e systems described by (1), 

the consensus problem is said to be achieved if and only if 

for any initial conditions, one has  

lim
𝑡 →∞

∥ 𝑥 𝑖
(𝑡) − 𝑥𝑗

(𝑡) ∥= 0, ∀𝑖, 𝑗 ∈ ℐ𝑁 .  (3) 

The objective of this paper is to design the proper 

controller and event-triggered protocol for each agent such 

that consensus condition (3) holds. 

Throughout this paper, unless otherwise specified, the 

MASs (1) are assumed to satisfy the following 

assumption. 

Assumption1: The matrix pair (𝐴, 𝐵, 𝐶)  in (1) is 

stabilizable and detectable. 

Assumption2: The communicat ion topology 𝒢  is a  

strongly connected topology. 

3. MAIN RESULT

In this section, we will show the main result about 

distributed event-triggered output feedback consensus 

control of multiple Lur’e systems. Firstly, we design a 

distributed observer to estimate the state of each agent. 

Then, according to the estimated state, we design a 

state-dependent event-triggered strategy and give the 

distributed control protocol. Finally, we obtain two  

theorems, which prove that the consensus of mult i-agent 

systems based on designed protocol and the elimination of 

Zeno behavior. 

3.1 Distributed controller based on observer 

Considering that it is difficult to get the full states value of 

the system directly, the state observer is often used to 

estimate the system states. For the multiple Lur’e systems, 

the author of proposed an observer based on relative error 

to estimate consensus error of MASs. The observer can be 

expressed as 

�̇̂� = [𝐼𝑁 ⊗ (𝐴 + 𝐹𝐶)]�̂�(𝑡) − (ℒ ⊗ 𝐹)𝑦(𝑡) + (ℒ

⊗ 𝐵)𝑢(𝑡) 

where �̂� is the estimated value of relative erro r, 𝐹 ∈ 𝐑𝑝×𝑛

is the observer gain matrix. And the observer needs 

continuously informat ion of neighbors. We further find 

�̂�(𝑡) = (ℒ ⊗ 𝐼𝑛)𝑥(𝑡)  where 𝑥  is estimated state and 𝑥

satisfies traditional state observer equation, that is 

𝑥̇ = [𝐼𝑁 ⊗ (𝐴 + 𝐹𝐶)]𝑥(𝑡) − (𝐼𝑁 ⊗ 𝐹𝐶)𝑥(𝑡) + (𝐼𝑁

⊗ 𝐵)𝑢(𝑡). 

Based on the above observer, the estimated state of each 

agent only depends on its own output information. In  this 

paper, the observer is applied to the distributed 

event-triggered consensus control strategy, and the control 

value 𝑢𝑖  for agent 𝑖  is described as the following

equation: 

𝑥̇
𝑖(𝑡) = 𝐴𝑥 𝑖(𝑡) + 𝐵𝑢𝑖(𝑡) + 𝐹(𝑦𝑖 (𝑡) − 𝐶𝑥 𝑖(𝑡)),

𝑢𝑖(𝑡) = 𝑐𝐾 ∑ 𝑎𝑖𝑗

𝑗∈𝒩𝑖

(𝑒𝐴 (𝑡 −𝑡𝑘
𝑖 ) 𝑥𝑖(𝑡𝑘

𝑖 ) − 𝑒𝐴 (𝑡−𝑡𝑘
𝑗

) 𝑥𝑗(𝑡𝑘
𝑗
)),

𝑡 ∈ [𝑡𝑘
𝑖 , 𝑡𝑘+1

𝑖 ), 𝑖 ∈ ℐ𝑁  (4)

where 𝑥 𝑖 is the estimated state of agent 𝑖. 𝐾 ∈ 𝐑𝑝×𝑛 is

the feedback gain matrix, 𝑐 > 0 is the coupling gain, and  

𝑎𝑖𝑗  is the 𝑖𝑗-th entry of the adjacency matrix 𝒜. 𝑡𝑘
𝑖  is the

latest triggering moment of agent 𝑖, and 𝑥 𝑖(𝑡𝑘
𝑖 ) is the last

broadcast state of agent 𝑖 . The exponential matrix 

𝑒𝐴 (𝑡−𝑡𝑘
𝑖 )  is to make the state estimation more accurate.

From formula (4), we can see that agent only transfer the 

observe state to its neighbor intermittently, so the 

controller can avoid continuously updating the control. 

Next we define state measurement error of agent 𝑖 as: 

𝜉𝑖(𝑡) = 𝑥 𝑖(𝑡) − 𝑥 𝑖(𝑡)

and the estimation error as: 

�̂�𝑖(𝑡) = 𝑒𝐴 (𝑡−𝑡𝑘
𝑖 ) 𝑥 𝑖(𝑡𝑘

𝑖 ) − 𝑥 𝑖(𝑡).

Then, taking note of formula (4) and formula (1), we can 

get the closed-loop system of agent 𝑖 as: 

𝜉�̇�(𝑡) = (𝐴 − 𝐹𝐶)𝜉𝑖(𝑡) + 𝐸𝜑(𝑦𝑖 (𝑡)),

𝑥̇ 𝑖(𝑡) = 𝐴𝑥 𝑖(𝑡) + 𝑐𝐵𝐾 ∑ 𝑎𝑖𝑗

𝑗∈𝒩𝑖

(𝑒𝐴 (𝑡−𝑡𝑘
𝑖 ) 𝑥𝑖(𝑡𝑘

𝑖 )

−𝑒𝐴 (𝑡−𝑡𝑘

𝑗
) 𝑥𝑗(𝑡𝑘

𝑗
)) + 𝐸𝜑(𝑦𝑖 (𝑡)).
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Denote 

𝜉(𝑡) = [𝜉1
𝑇 (𝑡), … , 𝜉𝑁

𝑇 (𝑡)]𝑇 ,

�̂�(𝑡) = [�̂�1
𝑇 (𝑡), … , �̂�𝑁

𝑇 (𝑡)]𝑇 ,

𝛷(𝑦(𝑡)) = [𝜙(𝑦1 (𝑡)), … , 𝜙(𝑦𝑁 (𝑡))].

According controller (4), the multi-agent closed-loop 

system can be calculated as 

𝜉̇(𝑡) = [𝐼𝑁 ⊗ (𝐴 − 𝐹𝐶)]𝜉(𝑡) + (𝐼𝑁 ⊗ 𝐸)𝛷(𝑦(𝑡)),
𝑥̇(𝑡) = (𝐼𝑁 ⊗ 𝐴 + ℒ ⊗ 𝑐𝐵𝐾)𝑥(𝑡)

+(ℒ ⊗ 𝑐𝐵𝐾)(�̂�(𝑡) − 𝜉(𝑡)) + (𝐼𝑁 ⊗ 𝐸)𝛷 (𝑦(𝑡)).

3.2 Event-triggered threshold based on observed state 

Next, we can see from intuition that the estimation error 

can not be infin itely large in the control process, or it will 

lead to state divergence, which can also be reflected in the 

proof of consistency. So we design the state-dependent 

event-triggered threshold as 

∥ �̂�𝑖
(𝑡) ∥2≤

𝜂

𝜔
∥ �̂�𝑖

(𝑡) ∥2  (5) 

with 

�̂�𝑖
(𝑡) = ∑ 𝑎𝑖𝑗

𝑗∈𝒩𝑖

(𝑒
𝐴 (𝑡 −𝑡𝑘

𝑖 )
𝑥𝑖(𝑡𝑘

𝑖 ) − 𝑒
𝐴 (𝑡 −𝑡

𝑘

𝑗
)

𝑥𝑗(𝑡𝑘
𝑗)) 

0 < 𝜂 < −𝐻, 𝑤 ≥ ||ℒ||
2
Ω,

and 

𝐻 = −2𝛽2𝜆𝑚𝑖𝑛(𝑅) (1 −
1

𝜖
) + 4||Δ||

2
+ 2𝑐||ℒ ⊗ 𝑃2 𝐵𝐵𝑇𝑃2||

2

+ 2||𝐶𝑇𝐶||
2

𝐻 = 𝑐 − 2𝛽2𝜆𝑚𝑖𝑛 (𝑅)(1 − 𝜖)||ℳ||
2

+ 4||ℳ ⊗ ΔC||
2

+ 2𝑐||ℒ ⊗ 𝑃2 𝐵𝐵𝑇𝑃2||
2

+ 2||𝐶𝑇𝐶||
2

where 𝛽2 > 0 is a constant and 𝜖 > 1 is the Young’s inequality

parameter. 𝑅  is defined as Definition 2. The selection of 𝜖 

needs to satisfy 𝐻 < 0,  Ω > 0$. 𝑃2  is a positive matrix and

ℳ = 𝐼𝑁 − 𝟏𝑁𝐫 𝑇.

Therefore, we can get the event-triggered function of agent 𝑖 

from formula (5): 

𝑓𝑖(𝑡, 𝑒̂𝑖(𝑡)) =∥ 𝑒̂𝑖(𝑡) ∥2−
𝜂

𝜔
∥ 𝑧̂𝑖(𝑡) ∥2, 𝑖 ∈ ℐ𝑁 .   (6) 

When 𝑓𝑖(𝑡, 𝑒̂ 𝑖(𝑡)) > 0, the event of agent 𝑖 will be triggered and

𝑡𝑘
𝑖  will be recorded as  current time 𝑡 . Then the agent 𝑖  will 

updates its controller and broadcast its information to its 

neighbors. From above description, we can see that the 

communication between agents occurs only at triggering times. 

From controller (4) and event-triggered function (6), we can see 

that the information transfer between agents is only observe 

value. 

3.3 Consensus and Zeno behavior analysis 

In this section, we transfer the consensus problem to the stability 

problem by using disagreement vector 

𝛿(𝑡) = [𝛿1(𝑡)𝑇, … , 𝛿𝑁(𝑡)𝑇 ]𝑇, and 𝛿𝑖(𝑡) = 𝑥𝑖 (𝑡) − ∑ 𝑟𝑗
𝑁
𝑗=1 𝑥𝑗(𝑡).

And considering the state information of the system not available,  

we define the new disagreement vector 

𝛿𝑖(𝑡) = 𝑥𝑖(𝑡) − ∑ 𝑟𝑗

𝑁

𝑖=1

𝑥𝑗(𝑡) 

and 

𝛿(𝑡) = (ℳ ⊗ 𝐼𝑛)𝑥(𝑡)

𝛿‾(𝑡) = (ℳ ⊗ 𝐼𝑛)𝑥‾(𝑡)

where 𝑥‾(𝑡) = [𝑒𝐴(𝑡−𝑡𝑘
𝑖 )𝑥(𝑡𝑘

𝑖)𝑇, … , 𝑒𝐴(𝑡−𝑡𝑘
𝑁)𝑥(𝑡𝑘

𝑁)𝑇] . Then we

take �̂�(𝑡) = 𝛿(𝑡) − 𝛿(𝑡) = (ℳ ⊗ 𝐼𝑛)𝜉(𝑡)  as disagreement

error vector, and get 

𝛿̇(𝑡) = (𝐼𝑁 ⊗ 𝐴 + ℒ ⊗ 𝑐𝐵𝐾)𝛿(𝑡) + (ℒ ⊗ 𝑐𝐵𝐾)𝑒̂(𝑡)

+(𝐼𝑁 ⊗ 𝐹𝐶)�̂�(𝑡),

�̂�̇(𝑡) = [𝐼𝑁 ⊗ (𝐴 − 𝐹𝐶)]�̂�(𝑡) + (ℳ ⊗ 𝐸)𝛷(𝑦(𝑡)).

  (7) 

Considering the definition of above variable, if �̂�(𝑡) and 

𝜉(𝑡)  tend to zero, then 𝛿(𝑡)  tends to zero that is

𝑥 𝑖(𝑡) − 𝑥𝑗(𝑡), 𝑖 ∈ ℐ𝑁  tend to zero. It can be seen from the

above description that we transform the consensus 

problem based on output feedback of system (1) into the 

stability problem of system (7). 

Next, we give the corresponding theorems and proof. 

Theorem1: Consider the mult iple Lur’e systems (1) 

satisfying Assumptions 1, 2and adopting the 

event-triggered control protocol (4) and (5). The 

disagreement vector 𝛿(𝑡) converges to zero for all in itial 

conditions when 𝑐 > 0, 𝑐(𝛼(ℒ)) ≥ 1  and taking  

𝐾 = −
1

2
𝐵 𝑇 𝑃2, 𝐹 = 𝑃1

−1𝐶 𝑇, where 𝑃1 , 𝑃2  are the solution

of following algebraic linear matrix inequations : 

𝑃1 𝐴 + 𝐴𝑇 𝑃1 − 2𝐶 𝑇𝐶 + 𝛽1𝐼 < 0, 

𝑃2 𝐴 + 𝐴𝑇 𝑃2 − 𝑃2 𝐵𝐵 𝑇 𝑃2 + 𝛽2𝐼 < 0

where 𝛽1 ≥
1

𝜆min
(𝑅)

(1+∥ 𝑅2 ⊗ 𝑃1 𝐸𝐸𝑇 𝑃1 + 𝐼𝑁 ⊗ 2𝛥2𝐶 𝑇

𝐶 ∥) and 𝛽2 > 0.

We take the Lyapunov function candidate as following: 

𝑉(𝑡) = 𝜉𝑇 (𝑡)(𝑅 ⊗ 𝑃1 )𝜉(𝑡) + �̂�𝑇 (𝑡)(𝑅 ⊗ 𝑃2 )�̂�(𝑡).

The derivative of 𝑉(𝑡) along the trajectory of (7) is 
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�̇� = 2𝜉𝑇 (𝑅 ⊗ 𝑃1 )𝜉̇ + 2�̂�𝑇 (𝑅 ⊗ 𝑃2 )�̂�̇

= 𝜉𝑇 [𝑅 ⊗ [𝑃1 (𝐴 − 𝐹𝐶) + (𝐴 − 𝐹𝐶)𝑇 𝑃1 ]]𝜉

+2𝜉𝑇 (𝑅ℳ ⊗ 𝑃1 𝐸)𝛷(𝑦) + �̂�𝑇 [𝑅 ⊗ (𝑃2 𝐴

+𝐴𝑇 𝑃2 ) + 𝑅ℒ ⊗ 𝑐𝑃2 𝐵𝐾 + ℒ 𝑇 𝑅

⊗ 𝑐𝐾𝑇 𝐵 𝑇𝑃2 ]�̂� + 2�̂�𝑇 (ℒ ⊗ 𝑐𝑃2 𝐵𝐾)�̂�

+2�̂�𝑇 (𝐼𝑁 ⊗ 𝑃2 𝐹𝐶)𝜉.

According to Lemma 3 and techniques in matrix theory 

and inequalities, one has 

�̇� ≤ ∑ 𝐻 ||�̂�̅
𝑖||

2
𝑁
𝑖=1 + Ω||�̂�i

||
2

+ Π ||𝜉i||
2

where 𝛱 = −𝛽1𝜆min(𝑅) + 1+∥ 𝑅2 ⊗ 𝑃1 𝐸𝐸𝑇 𝑃1 + 𝐼𝑁 ⊗

2𝐶 𝑇 𝛥2𝐶 ∥. By choosing 𝛽1  such that 𝛽1 ≥
1

𝜆min(𝑅)
(1+∥

𝑅2 ⊗ 𝑃1 𝐸𝐸𝑇 𝑃1 + 𝐼𝑁 ⊗ 2𝛥2𝐶 𝑇 𝐶 ∥) , one has 𝛱 < 0 .

Therefore, 

�̇� ≤ ∑ 𝐻 ||�̂�̅
𝑖||

2
𝑁

𝑖 =1

+ Ω||�̂�i
||

2

Then considering event-triggered threshold satisfying (5) 

and 𝜔 ≥∥ ℒ ∥2 𝛺 , 
∥�̂� 𝑖∥2

∥ℒ∥2 ≤∥ �̂�‾𝑖 ∥2, one has

∥ �̂�𝑖 ∥2≤
𝜂

𝜔
∥ �̂�𝑖 ∥2≤

𝜂

𝛺 ∥ ℒ ∥2
∥ �̂�𝑖 ∥2≤

𝜂

𝛺
∥ �̂�‾𝑖 ∥2.

Furthermore, since 0 < 𝜂 < −𝐻, we have 

�̇� ≤ ∑(𝑛 + 𝐻) ||�̂�̅
𝑖||

2
𝑁

𝑖 =1

< 0 

By using Lyapunov stability theorem, we can obtain that 

the new disagreement vector �̂�  and disagreement error 

vector 𝜉  asymptotically converge to zero, that is

�̂� → 0, 𝛿 − �̂� → 0  as 𝑡 → ∞ . It implies that 𝛿 → 0  as

𝑡 → ∞  and lim𝑡 →∞ ∥ 𝑥 𝑖(𝑡) − 𝑥𝑗(𝑡) ∥= 0, ∀𝑖, 𝑗 ∈ ℐ𝑁 . In

summary, the consensus proof of Lur’e MASs (1) using 

the control protocol based on output feedback is 

completed. 

And we give the fo llowing  theorem excludes the Zeno 

behavior. 

Theorem2: Considering the multip le Lur’e  systems (1) 

under the event-triggered control protocol (4) and (6), the 

time interval between arb itrary two triggering o f agent 𝑖 

is larger than a positive lower bounded, or bounded from 

below by a positive constant, that is no Zeno behavior. 

For each [𝑡𝑘
𝑖 , 𝑡𝑘+1

𝑖 ), we denote 𝒦 (𝑡) =
∥𝑒̂(𝑡 )∥

∥�̂�(𝑡)∥
, and derive 

�̇� (𝑡) =
𝑑

𝑑𝑡
(

∥ �̂�(𝑡) ∥

∥ �̂�(𝑡) ∥
) ≤

∥ �̇̂�(𝑡) ∥

∥ �̂�(𝑡) ∥
+ 𝒦(𝑡)

∥ �̇̂�(𝑡) ∥

∥ �̂�(𝑡) ∥
.     (8) 

First, for ∥ �̇̂�(𝑡) ∥/∥ �̂�(𝑡) ∥  in formula (8), we have

�̇̂�(𝑡) = (𝐼𝑁 ⊗ 𝐴)�̂�(𝑡) − (𝐼𝑁 ⊗ 𝑐𝐵𝐾)�̂�(𝑡) − (𝐼𝑁 ⊗

𝐹𝐶)𝜉(𝑡) . By denoting ℱ =∥ 𝐼𝑁 ⊗ 𝐴 ∥,ℋ =∥ 𝐼𝑁 ⊗

𝑐𝐵𝐾 ∥ and ℛ =∥ 𝐼𝑁 ⊗ 𝐹𝐶 ∥, we obtain that

∥ �̇̂�(𝑡) ∥≤ ℱ ∥ �̂�(𝑡) ∥ +ℋ ∥ �̂�(𝑡) ∥ +ℛ ∥ 𝜉(𝑡) ∥.      (9)

Consider that ∥ 𝜉(𝑡) ∥  is bounded and ∥ �̂�(𝑡) ∥>

0, 𝑖. 𝑒. ∃𝜖 > 0, 𝑠. 𝑡. ∥ �̂�(𝑡) ∥≥ 𝜖 before the MASs achieve 

consensus, 
∥𝜉 (𝑡)∥

∥�̂�(𝑡 )∥
≤ 𝑀  where 𝑀 > 0 . We derive 

inequality (9) as 

∥ �̇̂�(𝑡) ∥

∥ �̂�(𝑡) ∥
≤ ℱ

∥ �̂�(𝑡) ∥

∥ �̂�(𝑡) ∥
+ ℛ𝑀 + ℋ.  (10) 

Next, for 𝒦 (𝑡)(∥ �̇̂�(𝑡) ∥/∥ �̂�(𝑡) ∥)  in formula (8), we

have �̇̂� = (𝐼𝑁 ⊗ 𝐴)�̂�(𝑡)  since �̂�(𝑡) = (ℒ ⊗ 𝐼𝑛)𝑥‾(𝑡) and

𝑥‾̇(𝑡) = (𝐼𝑁 ⊗ 𝐴)𝑥‾(𝑡). And we get

∥ �̇̂�(𝑡) ∥

∥ �̂�(𝑡) ∥
≤∥ 𝐼𝑁 ⊗ 𝐴 ∥ .  (11) 

Finally, substituting (10) and (11) into (8), we have 

�̇�(𝑡) ≤ 𝒫𝒦 (𝑡) + 𝒬, 

where 𝒫 = ℱ+∥ 𝐼𝑁 ⊗ 𝐴 ∥, 𝒬 = ℛ𝑀 + ℋ . So 𝒦(𝑡)

satisfies the bound 𝒦 ≤ 𝛹(𝑡, 𝛹), 𝑡 ∈ [𝑡𝑘
𝑖 , 𝑡𝑘+1

𝑖 ), where 𝛹

is the solution of 

�̇�(𝑡) = 𝒫𝛹 (𝑡) + 𝒬.  (12) 

Because 𝑒𝑖(𝑡𝑘
𝑖 ) = 0, 𝒦 (𝑡𝑘

𝑖 ) = 0 , we set the initial

condition 𝛹0 = 𝛹(𝑡𝑘
𝑖 ) = 0  and get the solution

𝛹(𝑡, 𝛹0 ) =
𝒬

𝒫
𝑒𝒫𝑡 −

𝒬

𝒫
 of formula (12). Consider the 

event-triggered function (6) and the event-triggered t ime 

intervals have lower bound 𝜏  that satisfies 𝛹(𝜏, 0) =

𝒬

𝒫
𝑒𝒫𝜏 −

𝒬

𝒫
. We can obtain 𝜏 =

1

𝒫
ln(1 +

𝒫𝒟

𝒬
) > 0  by 

solving 𝛹(𝜏, 0) = 𝒟  where 𝒟 = √
𝜂

𝜔
. So Zeno behavior 

is excluded. 

4. CONCLUSION

In this section, a numerical example is performed to 

verify the effectiveness of the proposed distributed 

event-triggered protocol. Considering a group of six 

agents described by Chua’s  circuits, as a typical chaotic 

system, its synchronization problem has been widely 

studied. The dimensionless state equations of Chua’s 

circuit can be transformed into the Lur’e form. Based on 

the method in  , we give exp licitly  the Lur’e  systems (1) 

as: 

𝐴 = [
−1.25 5 0

1 −1 1
0 −6 −0.01

] , 𝐵 = [
1
0
0

] , 𝐸 = [
−1.25

0
0

] , 

𝐶 = [1 0 0];

𝜑(𝑦𝑖 ) =
1

2
(∣ 𝑥 𝑖1 − 1 ∣ −∣ 𝑥 𝑖1 + 1 ∣). 
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Fig. 1 The directed communication topology 

Fig. 2 State errors 

The communication topology is g iven in  Fig. 1, which  

satisfies Assumption 2. 

And we give the designed parameters of the distributed 

event-triggered protocol based on output feedback. 

According to Theorem 1, we proceed by solving the 

algebraic Riccati equation, and get feedback matrixes as: 

𝐾 = [−12.5341  − 22.7707 4.1313], 

𝐹 = [3.8907; 2.9683; −1.5483]. 

For agent 𝑖 = 1,2, . . . ,6, the initial states are chosen as 

𝑥1(0) = [12; −4; 1], 𝑥2(0) = [−3; −12; −7], 𝑥3(0) =

[2; −2; 3], 𝑥4(0) = [−2; 0; −15], 𝑥5(0) =

[0; −3; 13],𝑥6(0) = [−6; 2; −3]. The parameters in the

event-triggered function (6) are calcu lated as 𝜂 =

51.6373  and 𝜔 = 7354 . Take the initial value of 

observers as 𝑥 𝑖 = [0; 0; 0]. The state errors is shown in

Fig. 2, which exp lain that the consensus is achieved under 

the designed distributed output feedback control protocol 

(4) and (6). And the event-triggered function based on

output feedback is shown in Fig. 3, which implies the 

event trigger mechanism (6) and excludes the Zeno

behavior. As can be seen from above simulation, the

protocol based on output feedback can eliminate the 

acquiring of full states for consensus problem based on

event-triggered mechanism.

5. CONCLUSION

In  th is  pape r , we  p res en t  a  nov e l  d is t r ibu ted  

even t -t riggered  consensus  p rotoco l fo r Lur’e  type 

Contrasting with the current research of Lur’e  mult i-agent 

s ys tems , we  cons ider  a  co mp le x and  p ract ica l 

Fig. 3 Event-triggered function 

environment, and improve the trigger strategy to reduce 

the limitation of on-board resources. Finally, we provide  

numerical simulat ion that demonstrate our theoretical 

results. 
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Abstract

The purpose of this study is to verify that virtual cases
involving players’ changes in awareness during the
gaming process can be described with the Managerial
Decision-making Description Model (MDDM). Previous
studies proposed a method to measure and evaluate
players’ cognition and judgment during gaming. Based on
this, we developed a game system with a function to
detect players’ changes in awareness. Your Life to Come
Game (YLCG), which we originally developed, runs on
this system. We checked whether it was possible to
formally describe virtual cases in which players
experienced changes in awareness during the game and
found that the formal description language of the MDDM
had this capability.

Keywords: simulation and gaming, serious games,
business simulations, formal description method,
MDDM, decision making, game performance, virtual
case.

1. INTRODUCTION

The purpose of this study is to show that it is possible to
formally describe virtual cases involving a player’s
change in awareness in gaming. We defined a virtual case
as a situation that consists of players' cognition and
decision-making in a game experience, as opposed to a
business case that consists of decision-making in real
business. A change in awareness is defined as a change in
the priority of a player’s play objectives. Play objectives
are what players aim to achieve in gaming.

Gaming is a traditional method that originated in military
training exercises [1][2]. In recent years, gaming for the

business sector has received a lot of attention [3]. In this
type of gaming, players compete as individuals or a team
to achieve a predetermined goal, following the
facilitator’s instructions and prescribed rules [3]. In this
independent experience, players learn by themselves.

Protocol analysis [4][5][6] has generally been used to
measure and evaluate players’ cognition and judgment
during game playing (e.g., [7], [8], and [9]) . This
procedure involves collecting, transcribing, and analyzing
voice data emitted by players during the gaming process.
Since protocol analysis requires time to compile, analyze,
and evaluate the data, it may not be suitable for
applications in which game facilitators use the results of
the analysis in the middle of a course of education or
training with gaming.

The “performance sheet” (PS) [9] developed by
Koshiyama et al. is suitable to overcome the problems of
these traditional methods. Koshiyama et al. introduced
the PS to an existing business simulation game. During
the game, each player records his or her own perceptions
and judgments on a PS. The information recorded by the
player in the PS is the recognition of the target state, state
variables and control variables. Then, the researchers
compared the histories of players’ cognitions and
judgments recorded in the PSs with those revealed by
protocol analysis. The results showed that the PS could
be a good alternative to protocol analysis. Specifically,
they found that it is possible to know the history in
players' cognitions and judgments and detect changes in
them, and to compare them between players.

In this study, we developed a game system with a
function to record players’ decisions and play goal
priorities during the gaming process, based on the works
of Koshiyama et al.. We also developed a serious game
called Your Life to Come Game (YLCG) that runs on the
game system. The game system runs in the PC

The 13th China-Japan International Workshop on Information Technology & Control Applications (ITCA2020)
Enshi, Hubei, China, 26-28 September 2020
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environment. In addition, we extracted a virtual case in which a player had a change in

Fig.1 An Overview of Visualization of Cognition and Judgment in Business Games.
The player records his or her perceptions and decisions on the PS each turn. Each of the variables in the game referenced by the player
belongs to one group. If the groups are connected by arrows to each other in the order in which variables are referred to, it is easy to
visually understand how their cognition changes over time.The figure was described with reference to [9].

awareness, as seen from the play logs collected in the
serious game experiment. We then attempted to describe
the virtual case using the Managerial Decision-making
Description Model (MDDM) [10][11]. The results
confirmed that MDDM adequately described the player’s
change in awareness.

The formal description of the virtual cases generated
from the game playlog has the advantages described
below. Nakano et al. developed a business game based on
real business cases, and showed that virtual cases similar
to real business cases can be generated by gaming [12].
Kikuchi et al. showed that real business cases and
hypothetical cases generated by Agent-Based Model
(ABM) can be formally described and compared,
respectively [13]. Based on the work of Nakano et al. and
Kikuchi et al. it is not only easier to visually understand
virtual cases if we can formally describe virtual cases
generated from gaming playlogs, but also to compare
virtual cases generated by real cases and ABMs with
virtual cases generated from gaming playlogs. A simple
understanding and comparison of cases generated by
various means could support game facilitators working in
gaming and debriefings.

The structure of this paper is as the follows. Section 2
describes previous methods of measuring player's
cognition and judgment in the gaming process and
MDDM, a formal and comparable model for representing

agents' decisions in business cases. Section 3 describes
the experimental method of this study. Section 4
describes the results of the experiments. Here, a
decision-diagram created using MDDM is presented,
which is a virtual case containing player's change in
awareness generated from gaming playlogs. In addition, a
text describing the participant's perceptions of his own
cognition and decision-making, which were obtained
from the interviews with the participant conducted after
the gaming, is also presented. In Section 5, we analyze
the results of the experiments. Section 6 summarizes this
study.

2. RELATEDWORK

2.1 Methods for Measuring Players' Cognition and
Judgment in the Gaming Process
Many researchers used protocol analysis [4][5][6] to
measure and evaluate players’ cognition during the
gaming process (e.g. [7], [8], and [9]). However, there is
a problem in that it is difficult to provide players (learners)
with instruction based on the results of protocol analysis
in educational activities or trainings because the protocol
analysis takes time and may not be completed before the
end of gaming.

To overcome this challenge, Koshiyama et al. introduced
PS into Simulation and Gaming, which has a function to
record players’ cognition during gaming and visualize it
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as the game progresses [9]. Koshiyama et al.’s approach
using PS to visualize cognition, shown in Fig. 1, is to

consider the game as a player’s control problem and
record how the player perceives the target state, state
variables, observed variables, and control variables (i.e.,
the concept of the problem) at any given time.
Koshiyama et al. showed that PS-based method enables
experimenters to understand players' cognitions and
judgments, detect changes in them, and compare them
between players by contrasting the results of the
PS-based analysis with the results of protocol analysis.
The PS-based analysis method can also be used to
visualize changes in players' cognition and
decision-making over time so that experimenters can
visually understand them.

2.2 Managerial Decision-Making Description Model
(MDDM)
Kunigami et al. proposed the MDDM as a formal and
comparable model for representing agents’ decisions in
business cases to respond to changes in the business
structure of an organization [10][11]. This model consists
of three elements: the Business Structure Component,
Environment Component, and Agent’s Decision Element.
By placing these elements in a frame and linking them
together according to their relationships, we describe the
decision-making associated with changes in the
organization’s business structure as a “decision diagram.”

Here, the Business Structure Component consists of
symbols of “objectives” and “means” in each layer of the
organization (Strategic Layer, Middle Layer, Field Layer,
etc.). The Environment Structure Component consists of
state symbols and their changes over time, both inside
and outside the organization. It also places “event”
symbols generated from changes in state. The
decision-making element of the agent is represented by a

device with four terminals. The top two terminals connect
the objects that the agent observes. The bottom two
terminals are connected to the target on which the agent
acts.

The model can be described by the following four
features:

(a) The multi-layered structure of the organizational
business, and its transition.

(b) The focus (or bounded scope) of the agent’s
observations and actions.

(c) The agent’s position corresponding to each layer in
the business structure.

(d) The chronological order and the causality of the
agents’ decisions.

It has been pointed out that MDDM has the potential to
represent the simulation logs of the actual business case
and the agent model in a certain common format. In Fig.
2, the MDDM represents management's decision-making
as a decision diagram with three elements: the
Environment Component (top), the Business Structure
Component (left and right), and the Agent's Decision
Element (the four end elements between the Business
Structure Components).

3. METHODS

In this section, we describe our experimental method.
Section 3.1 provides an overview of the serious game
YLCG. Next, Section 3.2 introduces the execution and
development environment of the game system. Section
3.3 provides information on the experiment participants,
and Section 3.4 describes the experiment procedure.

3.1 Your Life to Come Game (YLCG)
This section describes the details of YLCG, a turn-based
serious game. In the game, a player takes on the role of a
Japanese businessperson and experiences a virtual life in
an environment provided by the game system. YLCG
requires the player to use player-specific resources (i.e.,
time, money, and abilities) for various purposes on each
turn. The quantity of resources used by the player is
assigned by the game system to the MATH model
described below. As a result, the player’s resource and
status information change.

3.1.1 MATH model
YLCG incorporates the MATH model (See Fig. 3) so that
the game system makes players experience the
consumption and acquisition/loss of resources during
their virtual life. For this study, we adopted a simplified
MATH model that excluded the health component. The
individual equations corresponding to the simplified

Fig.2An example of case described by MDDM.
The MDDM represents the managerial decision-making as a
decision diagram with the three components, the Environment (top),
the business structure (right and left side) and the agent’s decision
(four terminal elements between the Business Structures)
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MATH model are listed in (1)–(12); the variables of the
MATH model are summarized in Table 1.
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� 㡨⎟⺠
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Table 1. The parameters used in the MATH model.
Parameters Description Parameters Description
㡨�㵨⎟⺠պ Time spent for work ��L�S�㡨 Normalized random number
㡨�S�⺠L Time spent on developing skills for the job ��⺠��㡨 Normalized random number
㡨�L�S�㡨 Time spent on investments ��L�S�㡨 Average return on investment
��L�S�㡨 Funds to be spent on investment ��⺠��㡨 Average return on investment trust
��⺠��㡨 Funds to be spent on investment trust ��L�S�㡨 Standard deviation of return on investment
��S�⺠L Cost of developing job skills ��⺠��㡨 Standard deviation of return on investment trust
��㵨⎟⺠պ

Effectiveness of growth in work capacity per
time spent on the job �t Time available in one turn

��S�⺠L
Effectiveness per time spent on capacity

developing skills for the job ���L�S�㡨 Amount of change in the ability to invest per turn

��L�S�㡨
Effectiveness per time spent on capacity

building of investment ���㵨⎟⺠պ Amount of change in work capacity per turn
��㵨⎟⺠պ Pay per hour spent on the job ���L�S�㡨 Funds recouped from one turn of investment.
��L�S�㡨 Investment ability ���㵨⎟⺠պ Wages earned from one turn of work.
��㵨⎟⺠պ Work ability ���⺠��㡨 Funds recouped from one turn of investment trust.

Table 2. Detailed Description of Events.
Once an Environment Event (EE) is triggered, it automatically modifies the equations and parameters that make up the MATH model, or
changes the status information of the player. Additionally, once Ordinary Event (OE) and Extraordinary Event (ExOE)) is triggered by a
player, the game system modifies MATH model parameters and equations, or changes the player's status information.

Event Type Occurrence condition Details

Job Hunting OE This event occurs every
turn.

Players can choose from the following occupations: university students,
freelancers, investors, and company employees.

Marriage Hunting ExOE Player’s attribute is set to
unmarried

Players have a 20% chance of getting married. When the player's
attribute becomes a married player, the maximum amount of time
resources that can be used in one turn is reduced from 100% to 90%.

Financial Chance ExOE This event has a 20 %
chance of occurring.

When you perform this event, there is a 5% chance to increase your
savings by 5 times and a 95% chance to increase your savings by 1/5.

Childbirth EE
If the player is married,
this event has a 1/3
chance of occurring.

When a birth event occurs, the number of children is automatically
increased by one in the player's attributes.

Financial Crisis EE This event has a 10%
chance of occurring.

In the event of a financial crisis, the return on investments is
automatically increased by 0.05 times and the return on mutual funds is

increased by 0.25 times.

Fig.3MATH model.
The MATH model represents the phenomenon that a player
uses his or her resources (money, ability, time, and health)
for various purposes in each turn, and gains (or loses) new
resources as a result.
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3.1.2 The Steps to Play YLCG
First, when it is the player’s turn, an environmental event
(EE) occurs stochastically. When an EE occurs, the
MATH model calculations are corrected for each type of
EE. Next, players must consider the correspondence
between ordinary events (OE) and extraordinary events
(ExOE). An OE and ExOE is an event that a player is
allowed to process once per turn, unconditionally. An
ExOE is generated by the game system when the player
meets certain conditions. The game system allows a
player to process ExOE only once per turn (see Table 2
for details on each event). Third, a player is ordered to
use his or her resources. Fourth, after the player
completes the resource allocation task, the game system
presents him or her with multiple play objectives and
instructs the player to prioritize them. Finally, the player’s
state is updated according to the MATH model built into
the game system, and the turn transitions.

3.1.3 Players’ Decision-making about Using Resources
When playing YLCG, players must allocate their unique
resources (i.e., time and money) to a total of six items.
The items are Money and Time for Stock Investments,
Time for Mutual Funds, Time for Work, and Money and
Time for Learning. Each turn, the player allocates an
amount to be spent on each item from his or her own
savings and then allocates time to each item within a
range of 0% to 100%.

3.1.4 Prioritizing Play Objectives
At the end of each turn, the game system presents the

Table 3. Options of play objectives.
No. Options of play objectives
A Securing a stable source of income.
B Acquiring knowledge and skills that are useful on the job.
C Earning a high income.

player with some pre-prepared play objectives and asks
him or her to prioritize them. Table 3 shows the options
of the play objectives registered in the game system. If
the player decides that none of the play objectives
presented by the system are appropriate, he or she may
add new, original ones. If a change in the order of the
play objectives is observed, it is assumed that the player
has had a change in awareness. Figure 4 shows a
screenshot of the player deciding the priority of the play
objectives.

3.1.5 Visualizing Players’ Process
Each player can see the history of the values of savings,
investment capacity, and work capacity on a line chart.

3.1.6 Parameters of YLCG
The values of the parameters used within the YLCG
are listed in Table 4.

3.2 Game System
YLCG can be played on a PC running Windows 10. The
game system was developed using Unity 2019.4.6f1. The
programming language used in the system development
with Unity is C#. Unity was selected because it is
expected that players will be able to play serious games
on non-

Table 4. Constants used in the MATH model.
The player is given a parameter set that corresponds to the task he has chosen. Different jobs have different values of the parameters related
to the reward of the job.

Job ��㵨⎟⺠պ ��S�⺠L ��L�S�㡨 ���㵨⎟⺠պ ��L�S�㡨 ��⺠��㡨 ��L�S�㡨 ��⺠��㡨
University Students 0.4 0.28 2.5E-6 1 1.3 1.04 1.3 0.104

Employee 0.7 0.28 2.5E-6 1 1.3 1.04 1.3 0.104
Investor 0.4 0.28 2.5E-6 1 1.3 1.04 1.3 0.104

Part-time jobber 0.4 0.28 2.5E-6 1 1.3 1.04 1.3 0.104

`
Fig. 4 Examples of the game screen of YLCG (Left: Standard screen, Right: The screen in prioritizing play objectives.).
The left column shows the player's various status information (from top to bottom: amount of money saved, investment ability, working
ability, occupation, marital status, number of children). On the left side of the screen, events that occur at each turn (from the top, job
hunting, marriage hunting, childbirth, profit-telling, and financial crisis) are lined up. At the bottom center of the screen, there are six
forms for players to input their decisions (money and time). The player enters numbers into the form using the keyboard.
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Table 5. History of the participant's decisions and priority of play objectives. (“#” indicates that the value of the distributed
resources and the priority of the play objectives has changed from the previous turn.).
Turn
No.

Decisions Priority of play objectives

㡨�L�S�㡨 㡨�S�⺠L 㡨�㵨⎟⺠պ ��L�S�㡨 ��⺠��㡨 ��㵨⎟⺠պ No. 1 No. 2 No. 3
1 0 0 0 0 0 0 A B C
2 0 30 10 0 0 1 A B C
3 5 30 20 0 2 1 A B C
4 10 10 70 0 3 3 A B C
5 10 10 70 0 4 3 A B C
6 10 10 70 0 2 1 A B C
7 10 10 70 0 2 0 A B C
8 10 5 70 0 2 0 A B C
9 15 5 70 0 3# 0 B# A# C
10 15 5 70 0 4# 0 B C# A#

Fig. 5 The above figure was transcribed in the decision diagram from the YLCG playlog and interviews.
Prioritized play goals are described in the "objective" symbol and the results of resource allocation are described in the "means" symbol.
From the debriefing interviews, the motivation for the change in decision-making is described in the "event" symbol.

Fig.6 The participant was interviewed on the next day of the experiment, and the answers are summarized by 
the experimenter as shown above.
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Windows operating systems (such as Linux and Mac OS
X) in the future.

3.3 Participants
The participant were one Japanese businesspersons.

3.4 Procedure
First, the participants were given an explanation of how
to operate the game system and play YLCG. They were
briefed on the player status information, the various types
of events and how to handle them, the various resources
and resource distribution, and how to prioritize play goals
and play objectives. Then, the game was played for 10
turns per player. At the end, we asked each participant to
explain why his or her changes in awareness occurred.

4. RESULTS

As the example virtual case, a participant’s decisions and
play goal priorities for each turn are listed in Table 5. The
play logs shows that the order of priority of play objects,
which did not change through Turn 8, changed on Turn 9.
We considered this phenomenon as a change in awareness
and created a decision-making diagram in the MDDM
(see Fig. 5). The “objectives” symbol was described
based on the priorities of the play objectives, and the
“means” symbol was described based on the content of
the resource allocation. The “event” symbol was based on
the results of the interviews with the participants during
the post-game debriefing.

On Turn 9, the player changed Play Objective B
(Acquiring knowledge and skills that will be useful on
the job) from second to first priority. In contrast, the
content of the player’s decisions regarding resource
allocation changed only slightly in terms of the amount of
investment trust. The participant was interviewed a
second time in order to analyze and clarify the
relationship between his change in awareness and
judgment as described above (see Fig. 6.

The second interview revealed the following. The
participant recognized that there was potential for some
benefit in playing YLCG by developing his capacity to
invest in learning. However, in playing the game, he did
not discover the significance of using his resources for
investment learning. Additionally, the participant
recognized that taking a lot of time to learn about
investing does not make sense in the real world.
Therefore, the participant’s attitudes about investment in
the real world influenced his decisions about resource
allocation in the game.

5. DISCUSSION

The first interviews with the player revealed that on Turn
9, he changed his perception of the amount of money he

could afford to save. This corresponds to the content of
the “event” symbol in the decision diagram. Then, the
update of the player’s recognition triggered a change in
the priority of the play objectives. This corresponds to a
change in the content of the “objective” symbol. A
change in the content of the “means” symbol would
reflect the player’s perception that he was now able to do
what he could have not done before because he had more
money to save.

On the other hand, the second interview with the
participant revealed that his change in awareness of the
increasing importance of learning was not necessarily
reflected in his decision-making during gaming. It seems
to have been difficult for the players to understand the
structure of the MATH model for developing his
capability within the limited play time. In addition, the
players’ real-life experiences and common sense
influenced their decisions for resource allocation. A
similar phenomenon was reported by Nakano et al. in
their study. Nakano et al. point out that the presence or
absence of business experience related with business
simulation can make a difference in the gaming
experience [12]. This indicates that prior knowledge and
beliefs about the problems represented in the game may
affect players' perceptions and decisions during gaming.

As discussed, the experimental results showed that it may
be possible to formally describe virtual cases in which a
player changes his or her awareness during gaming with
the MDDM. This suggests that using the MDDM to
create a decision diagram of individual players’
cognitions and judgments during the gaming process may
help the players themselves, experimenters, and other
observers to visually and easily understand the players’
actions and the intentions behind them. This possibility
will need to be tested in the future.

The scope of application of the MDDM would be not
limited to a game played by a single player. We also
consider that this work can be applied to games in which
multiple players participate in repeated interactions.
These gaming simulations are designed to allow players
to refer to each other’s decisions and mid-game
performance (e.g., [14], [15], and [16]). In such a
situation where players observe each other, one player
may experiences insights and changes in his or her
cognition and judgment because he or she observes other
players' actions and results. A decision diagram described
with the MDDM may be useful to understand virtual
cases involving cognitive and judgmental changes that
occur as a result of player-to-player interactions such as
the above. To do this, we need to find evidence that the
MDDM’s “event” symbol is associated with changes in
the decisions of other players.

227



6. CONCLUSION

In this study, we developed an original serious game,
YLCG. Furthermore, we implemented a function in the
game system to record the history of players’ decisions
and play objectives during the gaming process. Next, in
the game experiment, we extracted data on the players’
changes in awareness and created decision diagrams
using the MDDM. As a result, we showed that it was
possible to describe a case in which a player’s change in
awareness with the formal description language, the
MDDM.

In the future, we will verify whether our system and the
MDDM can formally describe virtual cases that include
players’ cognition and decisions detected using PS.
Additionally, we focused on gaming in which a single
player participated in the game in this study; however, in
the future we plan to show that the use of MDDM can be
effective in gaming in which multiple players participate.
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Abstract

This paper addresses the problem of stabilizing a linear
time-invariant system with quantized signals under
UDP-like protocol as well as in the presence of
Denial-of-Service (DoS) attacks. A controller that can
inform the encoder of the attacks by zero input signals is
put forth by considering network phenomena (i.e.,
constrained bandwidth and DoS attacks) only at the
output channel (i.e., the sensor to controller channel),
which guarantees the synchronization between the
encoder and the decoder without additional
acknowledgements from the controller and can thus
stabilize the system. The main technical steps behind are
as two folds, the first one is by equipping a
predictor-based controller with deadbeat controller gain;
and the second one lies in the method of designing the
sampling period. A numerical example is given to
validate the effectiveness of the proposed method.

Keywords: Denial-of-Service (DoS), quantization, user
datagram protocol (UDP), acknowledgement-based
protocol, deadbeat controller.

1. INTRODUCTION

Driven by advances in computing and networking
technologies, nowadays, a majority of modern systems
(e.g., [1]-[4]) transmit their measurements and control
data through Internet or wireless communication.
However, despite of the advantage in flexibility, the use
of the networks increases the vulnerability of the control
systems and makes them prone to cyber threats.
Evidences have shown that malicious attacks can disrupt
the nominal performances of the modern applications and
consequently inflict serious loss of people's lives and
properties, thus the topic of enhancing the resilience of
the existing systems in the presence of cyber-attacks has
lately triggered considerable attention.

Several cyber-attacks have been investigated, including
replay attacks [5], false-data injection attacks [6], and
Denial-of-Service (DoS) attacks [7], what we are
interested in the present work is with DoS attacks.
Generally, DoS attacks are launched to induce jamming
in the communication channels, and cause packet losses.
Amidst the large body of research on DoS attacks (e.g.,
[8], [9]), particularly relevant here is the work on resilient
control under such attacks, covered in [10]-[20], and
references therein. Differences of these papers mainly lie
in their assumptions on DoS attacks and in the stability
properties they aim to. For instance, [10] characterized
DoS attacks by constraining the attacker's energy,
whereas [11] described DoS attacks in the form of
pulse-width modulated signals. Recently, inspired by
average dwell time approach, a generalized attack model
was proposed by [12]. Assumptions on this model only
constrain attackers on their attack frequency and duration,
and the analysis is proceeded by considering the original
system as a two-mode switched system, i.e. one mode is
the system in the absence of DoS attacks, and the other is
in the presence of DoS attacks. Building on this
framework and propagating from the switched systems
method, studies have been made ranging from controller
designing for systems with single output channel [13] to
systems with multiple output channels [14], and from
nonlinear systems [15] to distributed systems [16]. [17]
extended this attack model by allowing not only
deterministic strategies but also stochastic ones in the
generation of malicious attacks. [21] utilized the model in
[17] to characterize a state-dependent jamming attack.

On the other hand, digital sensors, digital controllers and
data links with limited data rate are typical in numerous
implementations of modern systems, and they all induce
some degree of quantization. Therefore, how to design
suitable encoding schemes for different systems is quite
interesting from theoretical as well as practical point of
view. By approximating reachable sets of signals that
need to be quantized, the so-called “zooming-in'' and
“zooming-out'' encoding method that can stabilize the
continuous time-invariant linear systems is first brought
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up by [22]. Due to its simple structure, extensions are
developed in several directions, see, e.g. [23]-[33].
Problems of quantization dealing with single-mode
systems have been thoroughly studied. To name a few,
[23] and [24] stabilized the systems with quantized output
measurements. Although the class of observers discussed
in [23] and [24] including Luenberger observers as well
as pseudo-inverse observers, the condition for the
Luenberger observer case is difficult to verify. Therefore,
[25] provided a easily verifiable condition by designing a
different encoding scheme for Luenberger observer.
Another line, pioneered by [26], is to control switched
systems under limited bit-rate. Difficulty presented in this
setting is how to approximate the reachable sets when
switching signals are partially known. For example,
assumed that the active mode of the switched signal is
known at each sampling time, [26] stabilized the system
by extending [27], and [28] derived the ultimate bound of
the state trajectories adopting the method developed in
[29].

In view of the commonality of the technical tools
employed for the analysis of system under DoS attacks
and for control design with limited transmission capacity,
a marriage of these two research areas is quite nature. In
particular, the switched systems approach and the
reachable set approximation method will play an essential
role in our analysis. In addition, in this context, since the
encoder and the decoder are allocated in the different
sides of the network, asynchronization may happen due to
DoS attacks. For concreteness, if a DoS attack occurs, the
decoder is notified by zero packet arrivals at the latest
transmission instant, and then its quantization range is
updated by the rule used in the presence of DoS attacks;
the encoder, however, remains utilizing the quantization
range updating rule in the absence of DoS attacks since
the input signal, generated by predictor-based controller,
does not affect by network phenomena, namely the
control input is nonzero. Therefore, synchronization
between the encoder and the decoder, namely both the
encoder and the decoder should be aware of whether the
communication channel is blocked due to the DoS attacks
or not, is a prerequisite before designing the encoding
schemes for stability. [34] and [35] handled this issue by
using an acknowledgement-based protocol, e.g.,
transmission control protocol (TCP-like protocol).
Nevertheless, in the real-time systems, protocols without
acknowledgements (ACKs), e.g., user datagram protocol
(UDP-like protocol), are more preferable due to the fact
that the implementation of this transport protocol is
simpler and the additional energy and time consumption
for the acknowledgement signals transmission is avoided
[36].

For simplicity, we refer to the limited bandwidth and DoS
attacks as network phenomena in the rest of the paper.
This work generalizes the main result of [35] with the
UDP-like communication protocol. To avoid confusion,

in the following, let the sampling period denote the time
interval between two consecutive signals from the
controller to the actuator, and the transmission period
refer to the time interval between two consecutive output
signals. We consider network phenomena at the sensor to
controller channel (output channel). To synchronize the
encoder and the decoder without ACKs, we put forth a
controller that can make DoS attacks detectable from the
control input, under conditions on the controller gain as
well as the sampling period. Sufficient condition for
stability is derived and analysis shows that the stability
condition in [35] can be recovered by using our controller
as an axillary detector. In a nutshell, the main
contributions of the present work are:
c1) By designing the controller gain and the special

relationship between the transmission period and the
sampling period, the encoder can detect DoS attacks
from the input signals, namely the control inputs
turned into zero when DoS attacks occur, and thus
can synchronize with the decoder. Therefore, the
acknowledgement messages are no more needed,
and UDP-like communication protocol is enough for
the system;

c2) Assume that the output channel has constrained
bandwidth and is subject to DoS attacks. In addition
to the controller, an encoding scheme that can
stabilize the system under the condition on the
quantization level of the output signal and DoS
attacks is proposed. Compared with the stability
condition using the TCP-like protocol in [35],
robustness under DoS attacks is degraded by such
controller under the UDP-like protocol, therefore, a
modified controller structure is provided to recover
the robustness.

The remainder of this paper is organized as follows.
Section 2 introduces the preliminaries and the problem
formulation. Main results of the paper is presented in
Section 3. A numerical example is showcased to
substantiate the effectiveness of the proposed method in
Section 4. Finally, Section 5 ends the paper with
conclusions.
Notation: We denote the set of real numbers by  ,
and  the set of integers. Given α∈ R or α∈ Z , let
R>α(R≥α) or Z>α(Z≥α) denote the set of real numbers of

integers greater than (greater than or equal to) α. We let N

denote the set of natural number and define N0: = N∪

{0}. For a vector v = [v1,v2,⋯,vn]T ∈ Rn we denote its

maximum norm by |v|: = max { |v1|,⋯,|vn|} and the

corresponding induced norm of a matrix M∈ Rm×n by
‖M‖: = sup { |Mv|:v∈ Rn,|v| = 1}.

2. PRELIMINARIESAND PROBLEM
FORMULATION
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In this section, we first introduce the closed-loop
dynamics and then impose assumptions on the duration
and the frequency of DoS attacks.

Table 1. The networked control architecture with only
output channel connected by network.

2.1 System formulation
The linear continuous-time dynamical system we are to
stabilize is as follows:

x�(t) = Ax(t) + Bu(t)
y(t) = Cx(t)

(1)

where ( ) , ( )x un nx t u t   , and ( ) yny t  are the state,
the input and the output of the plant, respectively. The
pair ( , )A B is stabilizable and ( , )C A is observable. This
plant is connected with an observer-based controller
through a time-driven encoder and zero-order hold (ZOH).
In the present paper, we assume that only the output
channel suffers from network phenomena, see Table 1. In
addition, the transmission period and the sampling period
are denoted by and , respectively. Define

xq,k: = x qΔ + kδ ,   yq,k: = y qΔ+ kδ (2)

for every q∈ Z≥0 and k = 0,⋯, Δ
b
,b∈ N1 . For

notational brevity, let xq denote xq,0. Set

Ad: = eAδ,   Bd: = 0

δ
eAsB ds� . (3)

Throughout this paper, we impose the following
assumptions on the system, involving the relationship
between the transmission period and the sampling period,
and the bound of the initial state.

Assumption1. (Transmission and sampling period): The
transmission period and the sampling period satisfy Δ =
bδ,b∈ Z≥1 .In another word, the transmission period is a
multiple of the sampling period, and if 1b  , then the
transmission attempts are synchronized with the sampling
attempts.

The initial state bound, denote by Est, can be obtained by
the zooming-out method procedure in [27], and this
method has already extended to the DoS corrupted
network by [35]. Therefore, we here assume that the
initial bound is known.

Assumption2. (Initial state bound): A constant Est > 0

satisfying |x0| ≤ Est is known.

2.2 Denial-of-Service attack
We refer to DoS attacks as attacks that prevent
transmissions over the communication network.
Considering a general DoS model proposed in [12],
which constrains the attacker's action in time by only
posing limitations on the frequency and the duration of
DoS attacks. Since the communication between the plant
and the controller happens periodically, it is reasonable to
assume that attacks only happen when the plant and the
controller is attempting to exchange packets. This can be
considered as a model for reactive jamming discussed in
[37], and hence instead of the original continuous-time
DoS attacks model in [12], we adopt the discrete-time
version of this model as mentioned in [32].

First, based on the concept of average dwell-time [38],
DoS frequency, denoted by Φf(k), is the limitation on the
number of DoS off/on transitions that happen at
transmission instants on a time interval [0,kΔ) . For

simplicity of the notation, we omit Δ and use [0,k).

Assumption3. (DoS frequency [35, As 2.2]): For time
interval [0,k), there exist constants Πf ∈ R≥0 and νf ∈

R≥2 such that

Φf(k) ≤ Πf +
k

νf
(4)

for all k∈ Z≥0.

Second, let ( )d k denote the DoS duration, which
represents the number of time-steps (the length of each
step is the transmission interval  ) that attacks launch
on the interval [0, )k , and we also omit  .

Assumption3. (DoS duration [35, As 2.1]): For time
interval [0,k) , there exist constants Πd ∈ R≥0 and

νd ∈ Z≥1 such that

Φd(k) ≤ Πd +
k

νd
(5)

for all 0k  .

Remark 1: In Assumption 3, νfΔ can be regarded as the
average dwell-time between two consecutive DoS attacks
launched time-steps. Similarly, Assumption 4 indicates
that, the average duration time of DoS attacks dose not
exceed a certain proportion of the whole-time domain, as
specified by 1

νd
. Constants Πf and Πd are chatter bounds.

νd ≥ 1 and νf ≥ 2 work together to constrain that DoS
attacks can neither occur infinitely fast nor last infinitely
long.
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3. MAIN RESULTS

In the scenario, where only the output channel has
constrained bandwidth and is subject to DoS attacks, the
decoder is able to recover the output signal form the
index received from the encoder if, and only if they share
the same quantization range, and hence they should
change their update schemes at the same time. Therefore,
since the decoder and the encoder are employed on the
different sides of the network, without acknowledgements
from the decoder, the encoder does not know whether
DoS attacks occur or the decoder changes its update
scheme or not. This causes severe asynchronization
between the encoder and the decoder, and consequently
instability of the system. In the following, we first
demonstrate that the state diverges due to the
asynchronization between the encoder and the decoder
under the same controller as in [35], yet without
acknowledgements from the controller (i.e., UDP-like
protocol). Then, by designing the controller gain and the
sampling period, we explain that our controller can
guarantee the synchronization between the decoder and
the encoder with UDP-like protocol.

3.1 Instability analysis
Consider the controller with Luenberger observer and the
sampling period is same as the transmission period. This
structure is discussed in [35] and the only difference is
that instead of the TCP-like protocol, we here employ the
UDP-like protocol. Under this type of protocol, observer
in the encoder and the controller side asynchronized
when DoS attacks occur, which causes the differences on
both of the quantization centers and the quantization
ranges. Let ˆkx and kx denote the estimated state at the
controller side and the encoder side, respectively, and we
have

x�k+1 = Adx�k +Buk + Lk(Q�(yk) − y�k)
uk = Kx�k

(6)

and
x�k+1 = Adx�k +Bu�k + L(Q(yk) − y�k)

u�k = Kx�k
(7)

Assume that a DoS attack occurs at k1δ and no attacks

happen before or after k1δ, that is,
0,k = k1
L,k ≠ k1

.

Let {sr}r∈ N0 denote the sequence of successful

transmission instants. Let Ee,k and Ed,k denote the
estimated error of the state at the encoder side and the
decoder side, respectively, and we obtain

Ed,k+1: =

θaEd,k,kδ ≠ sr
θ0Ed,k,(k − 1)δ ≠ sr,kδ = sr
θnaEd,k,(k − 1)δ = sr,kδ = sr

and

Ee,k+1: =
θnaEe,k,kδ > 0
θ0Ee,k,kδ = 0

and the quantization signal can be represented as

Q�(yk) = y�k + Qk
num Ed,k

N
Q(yk) = y�k + Qk

num Ee,k
N

(8)

Since no attacks happen before k1δ , Q�(yk) =

Q(yk),�k ≤ k1, and we further deduce that,

x�k1 = x�k1 (9)

x�k1 +1 = (Ad + BdK)x�k1

x�k1 +1 = (Ad + BdK)x�k1 + LQk1
num Ee,k1

N

x�k1 +2 = (Ad + BdK)
2x�k1 + LQk1 +1

num Ed,k1 +1
N

x�k1 +2 = (Ad + BdK)
2x�k1 + LQk1 +1

num
Ee,k1 +1
N

+ (Ad

+ BdK)LQk1
num Ee,k1

N
.

To reach a contradiction, assuming the sequence
{Ee,k,k ≥ k1} satisfies Ee,k > |xk − x�k|,�k ≥ k1 . Since

Ee,k+1 = θnaEe,k,k > 0 , sequence {|xk − x�k|} is

decreasing. Let A� : = Ad + BdK and A� = Ad − LC .
Combining (8) and (9), we arrive at
|xk1 +1 − x�k1 +1| = |A�(xk1 − x�k1) − L(Q(yk1) − yk1)|

≤ Ee,k1 +1 = :E�e,k1 +1.
Similarly,
|xk1 +2 − x�k1 +2| = |A�(xk1 +1 − x�k1 +1) − L(Q(yk1 +1)

− yk1 +1) − BKLQk1
num Ee,k1

N
|

≤  Ek1 +2 +
‖BKLQk1

num‖
N

1

θna2
Ee,k1 +2

= :E�e,k1 +2.
Iteratively, for 3l  , we have
|xk1 +l − x�k1 +l|

≤ Ee,k1 +l +
1

θnal
BdKA� l−2LQk1 +1

num (θa − θna)Ee,k1
N

+
1

θnal
BdKA� l−1LQk1

num Ee,k1
N

+
i=0

l−3
1

θna
i+3�

BdKA� iLQk1 +l−i−1
num (θ0θa − θna2 )Ee,k1

N

= :E�e,k1 +l.

Since 1

θna
> 1 , in this case {E�e,k} is an increasing

sequence, which contradict to the assumption that {|xk −

x�k|} is a decreasing sequence. Therefore, we conclude

that even if only one DoS attack happens, there exist k >

k1 such that Ee,k < |xk − x�k| , and the state diverges
eventually.
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3.2 Controller under UDP-like protocol
Recall that (A,B) and (C,A) are controllable and

observable, respectively, and thus (Ad,Bd) is controllable

and (C,Ad
η2) is observable. Let R: = Ad

η2(I −MC) and

R� : = Ad + BdK . Therefore, we can chose suitable M∈

Rnx × ny and K∈ Rnu × nx such that R is schur stable,
and

Rη2 = 0 (10)

where η2 is the controllability index of (Ad,Bd) . The
sampling period δ satisfies

δ = Δ
η2
. (11)

Let {sr}r∈ N0 denote the sequence of successful
transmission instants. The discrete-time predictor-based
observer for feedback control and output quantization is
described by:

x�q,k+1 = Adx�q,k + Bduq,k,kδ ≠ sr
x�q = x�q−1,η2 +M(Q(yq) − y�q−1,η2),kδ = sr

uq,k = Kx�q,k
y�q,k = Cx�q,k

(12)

where x�q,k ∈ Rnx,y�q,k ∈ Rny,Q(yq)∈ Rny are

estimated state, estimated output and quantization of yq ,

respectively. Set the initial estimated x�0 to be x�0 = 0.

Through the ZOH, the control input u(t) is generated as

u(t) = uq,k,   qΔ+ kδ ≤ t < qΔ + (k + 1)δ (13)

for every q∈ Z≥0 and k = 0,⋯,η2 − 1.
Remark 2. This controller structure is based on the
model-based method, which was adopted in the previous
study [13] on control without quantization under DoS
attacks. The deadbeat gain K can be calculated by several
approaches, e.g., [39], [40].

3.3 Output encoding scheme
Recall that the transmission period Δ = η2δ , thus the
encoder and the decoder update their quantization bounds
at qΔ,q∈ Z≥0. Let Eq ≥ 0 satisfy

|eq−1,η2| ≤ Eq. (14)
Since the output is continuous and the estimation error of
the output satisfies

yq,k − y�q,k = Ceq,k
then,

|yq−1,η2 − y�q−1,η2| = |yq − y�q−1,η2| ≤ ‖C‖Eq.
We partition the hypercube

{y∈ Rny:|yq − y�q−1,η2| ≤ ‖C‖Eq}

into Nny equal boxes. An index in {1,⋯,Nny} is
assigned to each partitioned box by a certain one-to-one
mapping for all k∈ Z≥1 . The encoder sends to the

decoder the number Qnum(yq) of the divided box

containing yk , and then the decoder recovers Q(yq) by

the center of the box with the number Qnum(yq) . If yq
lies on the boundary on several boxes, then we can
choose any one of them. Propagating index implies that
the encoder and the decoder have to be synchronized,
only in this way can the correct state value be recovered
from the decoder. The quantization error |Q(yq) − yq| of
this encoding scheme satisfies

|Q(yq) − yq| ≤
‖C‖
N
Eq.

The sequence of error bound {Eq:q∈ Z≥1} , which
satisfies (14) and exponentially decreases, will be specific
in the next subsection.

Before analyzing the condition for stability, we first
explain how this controller is able to maintain
synchronization between the decoder and the encoder.
Consider an arbitrary transmission interval [krΔ,(kr +

1)Δ], and according to (12), we have

x�kr +1 = x�kr,η2 = (Ad + BdK)
η2x�kr = 0 (15)

if a DoS attack occurs at (kr + 1)Δ, and

x�kr +1 = x�kr,η2 +M(Q(ykr,η2) − y�kr,η2) =  R� η2x�kr +

M(Q(ykr,η2) − y�kr,η2) =  MQ(ykr,η2) ≠ 0 (16)

if a DoS attack does not happen at (kr + 1)Δ . Because

Eq ≠ 0,yq = yq−1,η2 ≠ 0 , if we let N be an even integer,

then Q(yq) ≠ 0 . In addition, notice that y�q,η2 = 0,q∈

Z≥1 , the center of the encoder is at the origin and thus
structure (12) is not necessary in the encoder, which also
means that we can encode the output with less
computational resources. Therefore, the basic idea of
making attacks detectable is by causing a zero input when
a DoS attack occurs, i.e., uq = Kx�q = 0 , and then the
encoder can change its update scheme, which ensures that
the decoder and the encoder are synchronized. Specific
acknowledgement messages are thus no more needed.
This allows the practical implementation by using a
UDP-like communication protocol.

3.4 Result on exponential convergence
Before presenting our main result in this section, we first
introduce the update rule of {Eq:q∈ Z≥1} . Notice that

Ad
2(I −MC) is schur stable, there exist constants M0,M1

such that
Rl ≤ M0ρl, RlAd

η2M ≤ M1ρl. (17)

Define constants θa,θ0,θna > 0 by

θa: = ‖Ad
η2‖,θ0: = M0ρ+

M1‖C‖
N

,θna: = ρ +
M1‖C‖
N

.

Using these constants, the error bound {Eq:q∈ Z≥1} is
given by:
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Eq+1: =

θaEq, &qΔ ≠ sr
θ0Eq, &(q − 1)Δ ≠ sr,qΔ = sr
θnaEq, &(q − 1)Δ = sr,qΔ = sr

(18)

According to Assumption 2, the initial value E0 is
denoted by

|e0| = |x0| ≤ Est = :E0. (19)

The lemma below derives the aforementioned updating
rule of the estimated error bound Eq.

Lemma 1. Consider system (1) with controller (12), and
$K$ be chosen such that (10) holds. If the sampling
period satisfies (11). Assume that |eq−1,η2| ≤ Eq and the

set {Eq:q∈ Z≥1} as in (18), then |eq+l−1,η2| ≤ Eq+l for

all l∈ Z≥1.

Proof. First, considering the system in the absence of
DoS attacks, and according to (12), we deduce that
xq − x�q =  (I −MC)(xq−1,η2 − x�q−1,η2) −M Q(yq) − yq
xq,l − x�q,l = Ad

l (xq − x�q)
therefore,

xq+1 − x�q,η2 =  R(xq − x�q−1,η2) −
Ad
η2M Q(yq) − yq (20)

and iteratively,
xq+l − x�q+l−1,η2 ≤ Rl(xq − x�q−1,η2)

+
j=0

l−1

RjAd
η2M Q(yq) − yq�

≤ Rl eq−1,η2 +
j=0

l−1

RjAd
η2M�

‖C‖
N
Eq

≤ Eq+l.

The last inequality holds for l∈ Z≥1 , if ρ,M0,M1 satisfy
(17). Therefore, in the absence of DoS attacks, if
|eq−1,η2| ≤ Eq, then |eq+l−1,η2| ≤ Eq+l for all l∈ Z≥1.

Next, assume that |eq−1,η2| ≤ Eq and DoS attack occurs at

qΔ, then from (12) and (15), we obtain

|eq,η2| = Ad
η2eq = Ad

η2eq−1,η2 .

Recalling the update rule of Eq in the (18), we arrive at

|eq,η2| ≤ Ad
η2 Eq ≤ Eq+1.

Therefore, we conclude that |eq+l−1,η2|≤ Eq+l holds for

all l∈ Z≥1.

After deriving the update scheme for {Eq:q∈ Z≥1}, it is
necessary to analysis its convergence property, which
plays a crucial role in proving the stability theorem.
Consider system (1) with predictor-based controller (12),
and M,K be chosen such that (10) holds. If the
transmission period and the sampling period satisfy (11).
If Assumptions 1-4 hold.

Lemma 2. If the number of the quantization levels N is an
even integer and satisfies

N >
M1‖C‖
1−ρ

(21)

and the DoS attack satisfies
1

νd
≤ log ( 1/θna)
log ( θa/θna)

− log ( θ0/θna)
log ( θa/θna)

1

νf
(22)

then there exist Ω ≥ 1 and γ∈ (0,1) such that
Eq ≤ ΩγkE0,   �k∈ Z≥1 (23)

Proof. The proof follows directly from that of the Lemma
3.9 in [35].

Based on Lemmas 1 and 2, we are now ready to present
our stability Theorem 1, which indicates that, if the
encoding scheme with the error bound {Eq:q∈ Z≥1}

updated by (18) is implemented, then the state can
achieve exponential convergence under condition on DoS
attacks and the quantization levels.

Theorem1. Consider system (1) with predictor-based
controller (12), andM,K be chosen such that (10) holds.
If the transmission period and the sampling period satisfy
(\ref{delta}). If Assumptions 1-4 hold. If the number of the
quantization levels N is an even integer and satisfies (21)
and the DoS attack satisfies (22) then the system achieves
exponential convergence under the encoding scheme with
the error bound {Eq:q∈ Z≥1} constructed by the update
rule (18).

Remark 3. The controller discussed above can detect DoS
attacks at the price of the degradation of the system
robustness against the attacks. Therefore, a natural
thought is generating merely switching signals for the
encoder by this controller, and generating the control
input by the controller same as in the TCP-like protocol.
In another
Table 2. The network structure with decoder in cascade
with the controller and the detector. In other words, since
the general controller gain can make R� schur stable and

Table 2. The network structure with decoder in
cascade with the controller and the detector.
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hence can speed up the quantization decrease process, we
can divide the aforementioned controller into controller
with the general K that generate u(t) for controller input,

and the detector with the deadbeat K that generate ud ∈

{true,false} to inform the encoder if a DoS attack
happens, see Table. 2. In this way, the encoding scheme
can be chosen as in [35] with simple UDP-like protocol.
This structure improves the robustness of the system by
scarifying computational resources.

4. NUMERICAL EXAMPLE

A linearized model of the unstable batch reactor in [35] is
given by x�(t) = Ax(t) + Bu(t) and y = Cx(t), where

A≔
1.38 − 0.2077 6.715 − 5.676

− 0.5814 − 4.29 0 0.675
1.067 4.273 − 6.654 5.893
0.048 4.273 − 1.343 − 2.104

,

B: =

0 0
5.679 0
1.136 − 3.146
1.136 0

,C: = 1 0 1 − 1
0 1 0 0

.

This system (A,B,C) is observable and controllable with

η1 = η2 = 2 . Let the transmission period Δ = 0.2 , so

δ = Δ/η2 = 0.1. The deadbeat gain K is

K: =
1.0106 − 1.5661 0.0385 − 4.0366
8.1074 − 0.0347 4.3337 − 3.6241 .

M is derived by calculating the gain of the steady-state
Kalman filter whose covariances of the process noise and
measurement noise are I4 and I2, respectively,

M: =

0.5534 − 0.0249
− 0.0287 0.0396
0.1489 0.0892
0.0810 0.0931

.

According to Theorem 1, we discover that as the
quantization level N goes to infinity, the duration and

frequency bounds of DoS attacks, i.e., 1

νd
and 1

νf
, get

close to the line
1
νf
≈− 0.5544

1
νf
+ 0.2707.

From (21), the quantization level satisfies N > 6.957 ,

also noticing N is an even number, so we set N = 100.

Over a simulation horizon of 40 s ( 200 time-step),
according to (22), if

1
νf
<− 0.5543

1
νf
+ 0.2537

then the closed-loop system with encoding scheme (18)
can achieve stability. The DoS attacks (the gray shades)
are generated randomly with Φd = 21 and Φf = 20 .

Setting Πd = 1,νd = 10,Πf = 0,νf = 10 , and 1

νd
=

0.1 < 0.1983 , which satisfies the condition (22), and
Tables 3 and 4 verify that the state converges to the origin
in this situation. Table 3 depicts the maximum norm of
the state x and the observer statex� . Table 4 illustrates

that the error bound Eq exponentially decreases and

shares the same trend with the actual error |eq| . Table 5
demonstrates that when the output channel is subject to
DoS attacks, then the control input is set to zero
immediately, which verifies the effectiveness of our
transmission strategy.

5. CONCLUSION

Table 3. Maximum norm of x and its estimate x� with
controller (12).

Table 4. Relationship between the Eq/N and |eq|
with controller (12).

Table 5. Control input uq,k with controller (12).
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This paper put forth a controller with designed controller
gain and specific relationship between the transmission
period (i.e., time interval between two consecutive output
signals) and the sampling period (i.e., time interval
between two consecutive control inputs). Capitalizing on
this controller, the acknowledgement messages are no
more needed, thus UDP-like protocol is enough for
maintaining the synchronization between the encoder and
the decoder. Output encoding scheme and the
corresponding condition for exponential convergence are
obtained when only the output channel is quantized and is
subject to DoS attacks. Modification method of this
controller structure is provided to recover the robustness
under TCP-like protocol at the price of the computation
resources. Finally, a numerical example is given to
illustrate that the proposed approaches are valid. Future
developments will focus on generalizing the results by
considering network phenomenon at the controller to the
plant channels.
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Abstract

This paper studies the attack detection problem against
stealthy false data injection (FDI) attacks in
cyber-physical systems (CPSs). Compared with the
existing works of FDI detection scheme, we consider an
attack scenario in which malicious attackers can obtain
the exact system knowledge. A virtual system is
constructed to reflect the attack process. To detect a class
of stealthy FDI attacks, a stochastic coding scheme,
which codes sensors measurements with a Gaussian
signal, is proposed to make the CPSs generate residual
differences between the normal and compromised system.
By solving an optimal problem, the design of the coding
covariance matrix is given. Finally, some numerical
examples are provided to illustrate the effectiveness of
the proposed attack detection scheme.

Keywords: Cyber-Physical Systems, Stealthy FDI
attacks, Attack detection, Stochastic coding detection
scheme.

1. INTRODUCTION

The cyber-physical system (CPS), which integrates
computation, communication, and control [1], [2], has
gained increasing attention in the recent years. Since
sensors measurements and control data packets are
transmitted over the wire/wireless network, malicious
adversaries can damage the CPSs by intruding the
communication networks and corrupting the transmitted
data packets. Typical attacks include denial of service
(DoS) attacks and false data injection (FDI) attacks.

DoS attacks mainly prevent the legitimate access to
system components by blocking the communication
network. In [3], [4], an optimal DoS attack schedule was
constructed to maximize the expected average estimation
error at the remote estimator. In [5], based on the
signal-to-interference-plus-noise ratio-based network, the
optimal DoS attack scheme with the limited power
resource was proposed to damage the system
performance.

FDI attacks attempt to inject false signal into the
communication network to tamper the normal transmitted
information, so as to degrade the system performance.
Considering the limited attack power resource, in [6], [7],
an optimal switching data injection attack scheme, which
only corrupts partial actuators, was proposed to damage
the system performance. In [8], to degrade the remote
state estimation performance, a false data injection attack
scheme with resource constraints was studied to only
attack partial sensors. Considering the stealthy of the FDI
attack, in [9], [10], an innovation-based linear attack
strategy was proposed to maximize the remote estimation
error covariance, meanwhile keep the attack stealthy. In
[11], a stealthy two-channel FDI attack scheme was
proposed for both the feedback and forward channels to
disrupt the stability of the closed-loop system while
avoiding the detection. In [12], based on the inaccurate
model, a stealthy two-channel attack scheme, which can
compromise the system without being detected, is
proposed. Besides, replay attack is a special class of FDI
attack scheme, which attempts to record the past data and
replay the recorded data in the attack time interval [13].
In [14], in order to keep the forward channel attack
stealthy, a replay attack scheme was adopted in the
feedback channel.

Since the stealthy FDI attack scheme is designed to avoid
the anomaly detector while maximally degrading the
system performance, how to detect stealthy FDI attacks
and ensure the system performance in the attack time
interval becomes intractable. In [15], [16], based on the
trusted sensors, a detection scheme against linear
deception attacks on multi-sensor remote state estimation
was studied. In [17], a Gaussian-mixture-model-based
detection mechanism was proposed to detect integrity
attacks. In [18], a coding matrix was adopted to code the
original sensor outputs to increase the residues under FDI
attacks. In [19], An active data modification detection
scheme was proposed to detect the stealthy two-channel
attack. In [13], an additional Gaussian signal was coded
into the control input to detect the replay attack. In [20], a
stochastic coding scheme, which codes sensors
measurements with a Gaussian signal, was proposed to
detect the replay attack.
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Fig.1 The closed-loop feedback control system.

The main problem of the existing works is that the FDI
detection scheme [18], [19] becomes invalid when the
malicious attackers obtain the exact system knowledge.
This paper mainly studies a case that the malicious
attackers are assumed to obtain the exact system
knowledge. The main contributions of this study are that
inspired by the replay attack detection scheme [20], a
stochastic coding detection scheme, which codes sensors
measurements with a Gaussian signal in the feedback
channel, is proposed to detect a class of stealthy FDI
attacks. Compared with detecting the replay attack [20],
the filter gain obtained by FDI attacker holds difference
with the normal filter gain, which complexes the design
of the coding covariance matrix.

The reminder of this paper is organized as follows. In
Section II, the problem is formulated. Section III details
the FDI attack detection scheme. In Section IV, the
performance of attack detection scheme is illustrated by
some numerical examples. This paper is concluded in
Section V.

Notations: 0X  and 0X  denote positive semi-definite
matrix and positive definite matrix, respectively.

( , ) N denotes Gaussian distribution with mean  and
covariance matrix  . (0 )m mI denotes the m m
dimensional identity (zeros) matrix. The superscript
T stands for the transposition. trX denotes the trace of
matrix X .

2. PROBLEM FORMULATION

As shown in Fig. 1, a closed-loop feedback control
system is illustrated. Forward channel and feedback
channel make the information connection between
controller and plant, which are easily corrupted by
malicious attackers.

2.1 System model
Consider a linear time-invariant system
( 1) ( ) ( ) ( )x k Ax k Bu k k    (1)
( ) ( ) ( )y k Cx k k  (2)

where ( ) nx k  denotes the system state,
( ) my k  denotes the sensor measurement,
( ) lu k  denotes the system input, ( ) nk  and
( ) mk  denote the process noise and the

measurement noise, respectively. ( ) ~ (0, ), 0k Q Q N
and ( ) ~ (0, ), 0k R R N are zero-mean independent
and identically distributed (i.i.d) Gaussian noises. The
initial state 0 0(0) ~ (0, ), 0x   N is independent of
( )k and ( )k for all 0k  .

Assumption 1: The system is both observable and
controllable under the disturbances during operation.

Assumption 2: Sensors and controller are synchronized.

Assumption 3: The system operates in the steady-state
during the attack.

2.2 Control Law Based on Kalman filter
A standard Kalman filter is adopted to estimate the
system state.
ˆ ˆ( 1 | ) ( ) ( )x k k Ax k Bu k   (3)
( 1 | ) ( 1) TP k k AP k A Q    (4)

1( ) ( | 1) ( ( | 1) )T TK k P k k C CP k k C R     (5)
( ) ( ( ) ) ( | 1)P k I K k C P k k   (6)
ˆ ˆ ˆ( ) ( | 1) ( )( ( ) ( | 1))x k x k k K k y k Cx k k     (7)

where ˆ( | 1)x k k  and ˆ( )x k are the a priori and a
posteriori minimum mean squared error (MMSE)
estimates of the state ( )x k , ( | 1)P k k  and ( )P k are
the corresponding error covariances. The initial
conditions ˆ(0 | 1) 0x   and 0(0 | 1)P    .

Since the Kalman filter converges exponentially fast from
any initial conditions [21], the steady-state error
covariance is defined as

lim ( | 1)
k

P P k k


 (8)
where P is the unique positive semi-definite solution of

1( )T T T TX AXA Q AXC CXC R CXA    .

The Kalman filter steady-state gain matrix
1( )T TK PC CPC R  (9)

Hence, (3)—(7) are reduced to
ˆ ˆ( 1 | ) ( ) ( )x k k Ax k Bu k   (10)
ˆ ˆ ˆ( ) ( | 1) ( ( ) ( | 1))x k x k k K y k Cx k k     (11)

A state feedback control input is designed as
ˆ( ) ( )u k Lx k (12)

2.3 Anomaly detector
To reveal the anomalies of system, an anomaly detector is
incorporated at the controller's side as shown in Fig. 1.

Define the residual
ˆ( ) ( ) ( | 1)z k y k Cx k k  (13)
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The corresponding steady-state residual covariance is

lim { ( ) ( ) }T T
z k

E z k z k CPC R


   (14)

The 2 detector is a residue-based detector widely used
to detect system anomalies [22], [23]. The detection
criterion is defined as

0

1

1

1
( ) ( ) ( )

k H
T

z
Hi k J

g k z i z i 

  

  £ (15)

where  is the threshold, J is the window size of
detection, ( )g k is 2 distributed with mJ degrees of
freedom. The two hypotheses 0H denotes no attack
exists, 1H denotes attack exists. If ( )g k is greater than
 , the detector alarm will be triggered.
2.4 Stealthy FDI attack
In this paper, we consider a class of the stealthy FDI
attacks, two-channel attack [11]. Malicious attackers are
assumed to obtain the exact system knowledge, i.e,
, , , ,A B C Q R , without the detection scheme.

The forward channel attack
( ) ( ) ( )au k u k k  (16)
( 1) ( )k F k   (17)

where l lF  is the attack matrix.

The feedback channel attack
( ) ( ) ( )ay k y k k  (18)

ˆ( ) ( ) ( 1) ( 1) ( )ak y k CAx k CBu k k        (19)
where ˆ ( 1)ax k  denotes the a posteriori MMSE
estimate under the attack, ( ) ~ (0, )zk N .

Under this attack, the Kalman filter (10)-(11) is rewritten
as
ˆ ˆ( 1 | ) ( ) ( )a ax k k Ax k Bu k   (20)
ˆ ˆ ˆ( ) ( | 1) ( ( ) ( | 1))a a a ax k x k k K y k Cx k k     (21)

Remark 1: Malicious attackers are assumed to obtain the
exact system knowledge and run the corresponding
Kalman filter with same as (20)—(21). This attack
scheme can maximally degrade the performance of the
system, while avoiding the detection of the anomaly
detector. The detailed analysis is given in [11].

3. THE DESIGN OFATTACK DETECTION
SCHEME

3.1 Stochastic coding scheme
The sensors measurements are coded with a Gaussian
signal.

( ) ( ) ( )cy k y k y k  (22)
where ( )y k is a Gaussian white noise, ( ) ~ (0, )y k N ,

1( , , )mdiag     .

Then, the transmission data are decoded in the decoder.

( ) ( ) ( )
( )

d cy k y k y k
y k

 


(23)

Remark 2:When the Gaussian random signal generator in
the decoder holds the same random seed as the coder, the
coding Gaussian white noise ( )y k in the decoder is the
same as the coder.

Malicious attackers can obtain the exact system
knowledge by using the technology of the system
identification. The virtual system is defined to describe
this system.
( 1) ( ) ( ) ( )x k Ax k Bu k k    (24)
( ) ( ) ( )c cy k Cx k k  (25)

where ( ) ( ) ( )c k k y k   .

Remark 3: Since the coding signal ( )y k and
measurement noise ( )k are i.i.d Gaussian noises,

( )c k satisfies ( ) ~ (0, )c k R  N .

Remark 4: Compared with original system (1)—(2), the
virtual system (24)—(25) can be explained as sensors
measure system output under different measurement
noise.

Attackers run the corresponding Kalman filter.
ˆ ˆ( 1 | ) ( ) ( )c cx k k Ax k Bu k   (26)
ˆ ˆ ˆ( ) ( | 1) ( ( ) ( | 1))c c c c cx k x k k K y k Cx k k     (27)

where the recursion starts from ˆ (0 | 1) 0cx   ,
1( )c c T c TK P C CP C R     , cP is the unique

positive semi-definite solution of
1( )T T T TX AXA Q AXC CXC R CXA       (28)

The corresponding residual is
ˆ( ) ( ) ( | 1)c c cz k y k Cx k k  (29)

The corresponding steady-state residual covariance is

lim { ( ) ( ) }c
c c T c T

z k
E z k z k CP C R 


     (30)

The feedback channel attack (19) is rewritten as
ˆ( ) ( ) ( 1) ( 1) ( )c ca ck y k CAx k CBu k k        (31)

where ( ) ~ ( , )cc
z

k 0N and ˆ ( )cax k satisfies

ˆ ˆ( 1 | ) ( ) ( )ca cax k k Ax k Bu k   (32)
ˆ ˆ( ) ( | 1) ( )ca ca c cx k x k k K k   (33)

Then, with (32) and (33), we can obtain
ˆ ˆ( 1 | ) ( | 1) ( ) ( )ca ca c cx k k Ax k k Bu k AK k     (34)

where the initial condition ˆ (0 | 1) 0cax   .

3.2 The design of stochastic coding signal
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Under the feedback channel attack (31), the sensors
measurements are decoded by the receiver.

( ) ( ) ( )
( ) ( ) ( )

da a

c

y k y k y k
y k k y k





 

  
(35)

With (31) and (35), the residual in the compromised
system is defined as

ˆ( ) ( ) ( | 1)
ˆ ˆ( ( | 1) ( | 1)) ( ) ( )

a da a

ca a c

z k y k Cx k k
C x k k x k k k y k 

 

     


(36)

In the compromised system, with (20) and (21), we can
obtain
ˆ ˆ( 1 | ) ( | 1) ( ) ( )a a ax k k Ax k k Bu k AKz k     (37)

where the initial condition ˆ (0 | 1) 0ax   .

Let ( )A I KCA , ( )cA K KB and AKC , with
(34) and (37), we can obtain

1

0

ˆ ˆ( 1 | ) ( 1 | )
ˆ ˆ( ( | 1) ( | 1)) ( )

( )
ˆ ˆ( )( ( | 1) ( | 1))

( ) ( ) ( )
ˆ ˆ( (0 | 1) (0 | 1))

( ( ) ( ))

ca a

ca a c c

a

ca a

c c

k ca a

k
k i c

i

x k k x k k
A x k k x k k AK k
AKz k
A I KC x k k x k k
A K K k AKy k

x x

i y i











 



  

    



    

  

   

 

A

A B C

(38)

The residual (36) in the compromised system is written as
1

0
( ) ( ( ) ( )) ( ) ( )

k
a k i c

i
z k C i y i k y k 


  



   A B C (39)

The steady-state of residual covariance is described as

0

lim { ( ) ( ) }

( )

a

c c

a a T
z k

i T T iT T
z z

i

E z k z k

C C




 





       



A B B C C A
(40)

Define
0

c
i T iT

z
i





F A B B A and
0

i T iT

i






G A C C A ,

which can be obtained by solving the following
equations.

c
T T

z
  F AFA B B (41)

T T  G AGA C C (42)

Furthermore, (40) can be rewritten as

( )a c
T

z z
C C      F G (43)

Remark 5: From (28) and (30), we can see that cz


holds a complex relation with  , which is different
from the case of replay attack [20]. This brings
difficulties to design the coding covariance matrix  .

Since Gaussian white noise is used to describe the system
disturbance and stochastic code scheme is adopted, ( )g k
in (15) is a stochastic variable in both normal and
compromised situation, which implies anomaly detector
may has false alarm rate (FAR) and attack detection rate
(ADR). Therefore, we propose the design method of
coding covariance matrix  subject to FAR and ADR
in the following theorem.

Define [ ( 1) , , ( ) ]T T
JZ z k J z k   , ( , , )J diag      ,

0
( , , )H z zdiag    ,

0
( , , )c cH z z

diag    and

1
( , , )a aH z z

diag    , where 0H and 1H represent the

system normal and compromised, respectively.

Theorem 1: Consider the system (1)—(2) equipped with
the stochastic encode-decode scheme (22)—(23), and the
attacker implements attack scheme (16)—(18) and (31)
into two channels, then the detector (15) can detect
stealthy FDI attacks.

Detector (15) is rewritten as

0

0
1

1( )
H

T
J H J

H
g k Z Z   £ (44)

The threshold  and the coding covariance matrix
 can be obtained by solving the following optimization

problem.

,

0 1

1 0

min

. . 0

( ) / ( )

( )

c

max H min H

T
H H J

T T

z
T T

tr

s t

C C







 

   














 


  

      

  

  

F G

F AFA B B

G AGA C C

(45)

where  and  denote FAR and ADR, respectively.

Proof: The hypothesis testing (15) is rewritten as

0

0
1

1( )
H

T
J H J

H
g k Z Z   £
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Subject to FAR and ADR, the threshold  and the
coding covariance matrix  are to be designed as
follows.

Firstly, FAR is guaranteed lower than a given value  .

0

1
0FAR prob( | )T

J H JZ Z H    

Since
0

1T
J H JZ Z is a standard 2 distribution under

hypothesis 0H ,  satisfies

  (47)

Secondly, ADR is guaranteed larger than a given value
 .

0

1
1ADR prob( | )T

J H JZ Z H     (48)

where

0

0

1

1

0

1

1

1
( )

( )
( )

T T
J H J J J

max H

min H T
J H J

max H

Z Z Z Z

Z Z











 



 



(49)

With (48) and (49), we can obtain

0

1

1

0

1
1

1
1

ADR prob( | )

( )
prob( | )

( )

T
J H J

min H T
J H J

max H

Z Z H

Z Z H














  


  





(50)

Therefore, (48) is satisfied when we guarantee

0

1

1

1
1

( )
prob( | )

( )
max HT

J H J
min H

Z Z H


 





  


(51)

Since
1

1T
J H JZ Z is standard 2 distribution under

hypothesis 0H ,  and
1H

 satisfy

0

1

( )
( )

max H

min H



 







(52)

The proof is complete.

Remark 6: Since
0 1

( ) / ( )max H min H    is a convex

function, when a fixed value  is selected to satisfy the
limited second condition, the optimization problem (45)
is transformed to convex optimization.

Fig.2 Response curve of normal system with the
stochastic coding detection scheme: (a) Anomaly
detection index ( )g k , (b) system state ( )x k .

Remark 7: Since cz
 is relevant with  , how to solve

the optimization problem (45) becomes intractable.
Inspired by [24], Expectation-Maximization (EM)
algorithm is adopted to handle this intractable problem.

4. SIMULATION RESULTS

To demonstrate the analytical results, we present some
numerical simulations in this section.

Consider system

0.2071 0.3705 0.0439 0.1730 0.2523
0.6072 0.5751 0.0272 , 0.9797 0.8757 ,
0.6299 0.4514 0.3127 0.2714 0.7373

A B
   
       
      

3 2

0.1365 0.8939 0.2987
, 0.0001 0.01

0.0
.

118 0.1991 0
,

.6614
C Q I R I 
   
 

The FAR and ADR are set as 1.0% and 95% ,
respectively. The threshold is set as 7  .

The steady state Kalman filter gain

0.0241 0.0171
0.0495 0.0323 .
0.0514 0.0434

K
 
   
  

The controller gain is designed to be

0.2507 0.2491 0.0132
.

0.4323 0.3704 0.1452
L
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Fig.3 Response curve of the compromised system without
the stochastic coding detection scheme: (a) Anomaly
detection index ( )g k , (b) system state ( )x k .

Fig.4 Response curve of the compromised system with
the stochastic coding detection scheme: (a) Anomaly
detection index ( )g k , (b) system state ( )x k .

The attack matrix is set to be

0.9501 0.6068
.

0.2311 0.4860
F  
  
 

The attack time interval is set as [100,200] ,
(100) [10,10]T  .

From Fig. 2, it shows that the evaluated value ( )g k is
almost lower than the threshold  in the normal
situation with FAR 1.0% .

From Fig.3, it is clear that the evaluated value ( )g k in
the compromised system is almost lower than the
threshold  with FAR 1.0% . This implies attack
cannot be detected under the original detect scheme.

The stochastic coding scheme (22) and (23) is adopted to
detect the attack. From solving the optimization problem
(45), the coding covariance matrix is given as

9.7877 0
.

0 9.8709
  

   
 

From Fig. 4, it clearly shows that ( )g k is significantly
larger than the threshold  in the attack time interval
[100,200] , and is almost lower than the threshold  in
the normal time interval [0,99] with FAR 1.0% . This
implies this detection scheme can effectively expose the
stealthy FDI attacks. This proves our above analysis.

5. CONCLUSIONS

This paper has investigated the attack detection problem
in cyber-physical systems against a class of stealthy FDI
attacks. To detect the stealthy FDI attacks, a stochastic
coding scheme, which codes sensors measurements with
a Gaussian signal in the feedback channel, has been
proposed in this paper. This scheme supposes attackers
can obtain the exact system knowledge, except the
encode-decode detection scheme, which ensures the
practicality of the detection scheme. Then, the coding
covariance matrix has been given by solving an optimal
problem. Finally, some simulation results have illustrated
the effectiveness of the proposed method.
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Abstract

In this paper, we propose a method for measuring two
ways in interdisciplinary research; a way for
interdisciplinary research by individual researchers and
another way for interdisciplinary research by
collaboration of multiple researchers. In addition, by this
method, a database of "KAKENHI" which is grant-in-aid
for scientific research provided by the Japan Society for
the Promotion of Science is used to measure
interdisciplinary research from the perspective of the two
research ways, and the features of interdisciplinary
research in KAKENHI are analyzed for research field. As
a result of the analysis, we found that (1) the number of
collaborative interdisciplinary research is higher than that
of individual interdisciplinary research, (2) numbers of
interdisciplinary research for each field and for each
combination of fields differ from field to field, (3) the
relationship of numbers of interdisciplinary research of a
certain field as main field and that of the same field as
sub field is asymmetric. As the proposed measurement
method is able to quantitatively measure interdiscip-
linarity among fields and their research organizations, it
will be useful for decision makers of science and
technology policy and strategy.

Keywords: Interdisciplinary research, collaborative
research, research grant, KAKENHI, network analysis

1. INTRODUCTION

1.1 Interdisciplinary Research
Deepening and accumulating knowledge in one research
field is an important issue for the progress of science and
the realization of innovation. On the other hand, it is also
important to search for knowledge over various fields and
combine knowledge in different fields to generate new
knowledge. According to March (1991), it is important to
balance two types of organizational learning;
“Exploitation” which deepens and utilizes existing
knowledge, and “Exploration” which searches for new
knowledge without being caught by existing knowledge.
And organizations tend to exploit existing knowledge and
neglect to explore for new knowledge [1].

1.2 Collaborative Research
As science and technology become more sophisticated
and complex, the need for collaborative research is
increasing. In particular, exploration of knowledge in new
science and technology fields, especially in cross-cutting
and fusion research fields, is an important issue. In japan,
The Ministry of Education, Culture, Sports, Science and
Technology's also announced, in "Implementation Policy
for KAKENHI Reform", that "Challenge", "Comprehen-
siveness", "Fusion" and "Internationality" are required for
academic research. And "Diversity" and "Overview of
subdivided knowledge" are important for "Comprehen-
siveness", and "Collaboration and cooperation of
researchers from different fields" and "Creation of new
academic fields is important for "Fusion".

1.3 TwoWays of Interdisciplinary Research
Interdisciplinary research is a research that crosses over
several different disciplines. There are two ways of
interdisciplinary research. A way in which individual
researchers conduct research across different fields, and
another way in which multiple researchers specializing in
different fields perform interdisciplinary activities
through collaboration. In the former way, each
individual researcher's load of interdisciplinary research
is high, but there is no communication load with other
researchers. On the other hand, in the latter way,
individual researchers specialize in their specialized
fields and their load of interdisciplinary research is low,
but the communication load among collaborating
researchers will be high. However, it has not been
sufficiently clarified which research way is preferable in
academia or industry and whether there are differences in
research ways depending on the research field.

In this paper, we propose a method for measuring two
ways in interdisciplinary research; a way for
interdisciplinary research by individual researchers and
another way for interdisciplinary research by
collaboration of multiple researchers. In addition, by this
method, a database on "KAKENHI" which is research
grant provided by the Japan Society for the Promotion of
Science is used to measure interdisciplinary research
from the perspective of the two research ways, and the
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features of interdisciplinary research in KAKENHI are
analyzed for each research field. Finally, we discuss the
analysis result and provide implications for the
decision-makers of science and technology policy and
strategy when making research policy and strategies.

In the following sections of this paper, we summarize
related research, describe the analysis method, show the
analysis result, and further discuss the result.

2. RELATEDWORK

2.1 Interdisciplinarity
Research is an activity for creating and accumulating
knowledge, and in general, there are two directions to
which researchers conduct research; one is "specialty" to
expertise a single research field, and the other one is
"interdisciplinarity" to expand to multiple research fields.
Researchers may progress toward one or both of specialty
and interdisciplinarity as they gain research experience.

March, a socio-political scholar, stated that there are two
types of organizational learning: "Exploitation" which
deepens and utilizes existing knowledge, and
"Exploration" which explores new knowledge without
being caught by existing knowledge, that it is important
to balance the two directions of Exploitation and
Exploration, and that organizations tend to bias to
Exploitation of existing knowledge and neglect
Exploration for new knowledge [1]. Accordingly,
Exploitation would be an approach toward specialty and
Exploration would be an approach toward
interdisciplinarity.

In Secientometrics and Bibliometrics which quanti-
tatively study science and technology, many studies have
been conducted on interdisciplinary research from the
perspectives of effectiveness of interdisciplinary research,
differences in interdisciplinarity depending on the criteria
of researchers and fields, etc. For examples, first, when
analyzing interdisciplinarity based on academic and
scientific literatures, an analytical framework and
indicators are required. Stirling (2007) proposed general
frameworks for analyzing "Diversity" of natural sciences
and social sciences [2]. Rafols, et al. (2010) extended this
diversity analysis framework by adding "Coherence"
analysis framework and proposed a method for assessing
interdisciplinarity in Bibliometrics with a case study in
the field of bionanoscience [3]. Clarifying the structure of
the academic field of scientific literature is one of the
central goals of scientific metrology. So Leydesdorff and
Rafols et al. created science map and showed the efforts
of each research institute on the science map, and stated
that the ranking of journals is biased to favor research in a
single field [4][5][6]. As an interdisciplinary analysis
using data other than academic literature, Sun, et al.

(2016) used the relationship of researchers attending
different academic societies in the field of computer
science and the interdisciplinary nature was visualized
and analyzed based on the differences of academic
societies [7]. Furthermore, as an example of analyzing the
features of each researcher's criteria, Kastrin, et al. (2018)
compared the principal investigators of research projects
and other researchers in 19,598 Slovenian researchers,
and showed that the principal investigators had
superiority in productivity, joint research, internationality
and interdisciplinarity [8]. As an example of analysis of
interdisciplinary features in each research field, Abramo,
et al. (2017) analyzed about 33,784 professors in Italy in
three dimensions: range of diversity, strength, and topic
relevance, and showed that interdisciplinarity was the
lowest in mathematicians and the highest in chemists [9].
As an analysis of the features of interdisciplinarity from
the viewpoint of time transition, Porter, et al. (2009)
analyzed transition of interdisciplinarity in six research
areas during the 30 years from 1975 to 2005. It showed
that interdisciplinarity increased only by about 5%,
though the number of citations increased by about 50%
and the number of co-authors increased by about 75%
[10]. Chen, et al. (2015) also analyzed the evolutionary
transition between disciplines over 100 years in
biochemistry and molecular biology, and showed that
interdisciplinary disciplines evolved from near fields to
far fields [11].

2.2 Individual Research and Collaborative Research
In science and technology innovation, the ability of
collaborative research is important as well as the ability
of individual researchers. In research that is an activity
for creating and accumulating knowledge, the knowledge
is created and accumulated in individuals and
organizations to become tacit knowledge and formal
knowledge, which is passed on to the next individuals
and organizations. These researches include two types of
research; "Individual Research" in which individual
researchers refer to formal knowledge such as papers and
create and accumulate knowledge, and "Collaboration
Research” in which researchers can exchange tacit
knowledge and creates and accumulates knowledge.

In research activities of science and technology,
organizational activities and leaders within the
organization are important. Crane clarified that the
collaborative research groups influence the growth of
scientific knowledge in related fields, and then called the
network of these groups as "Invisible University." She
stated that interactions among researchers and leadership
in collaborative research groups have an important
influence, and that ideas are propagated through the
leaders [12]. In addition, Allen clarified that researchers,
who have both high level of technical ability and high
level of communication ability are important and called
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such researchers as “Gatekeepers.” Gatekeepers contact
frequently with researchers inside and outside the
organization as an intermediary, translates and transmits
external information inside the organization, and play a
central role in communication as star researchers. He
stated that Gatekeeper would improve the performance of
research and development [13].

In Scientometrics and Bibliometrics, there have been
many studies on organizational research. In
Scientometrics, social network analysis is often applied to
the studies. Typical social networks include citation
networks which are knowledge networks, and
co-authorship networks which are collaboration networks.
The citation network is a social network that is
constructed from citation relations of documents, and
uses documents as nodes and citation relations as edges,
and is applied to "science maps", "patent maps", etc. On
the other hand, the co-authorship network is a social
network that is constructed from the co-authorship
relationship of documents, and use authors as nodes and
co-author relation as edges, and is applied to "researcher
maps", etc. Co-authorship network shows the
collaboration relationship at a certain time or period, and
it is possible to analyze organizational research and the
roles of researchers in organizational research.

Newman (2004) conducted a structural analysis of a
co-authored network of papers in the three fields of
biology, physics, and mathematics. It showed that the
number of authors per paper varied depending on the
research style, and the number in the fields such as
biology, physics where experimental research methods
are often used is more than that in the fields such as
mathematics where theoretical research methods were
often used. Also, in physics, researchers tend to build
close co-author relation on the networks, and in biology,
they tend to build radial co-author relation centered on
influential researchers [14]. In addition, as a study of
knowledge flow based on the genealogy of researchers,
Shinoda (2011) created a co-author network of papers
published in Journal of Japanese Society for Artificial
Intelligence, to identify the central person in the Society
for Artificial Intelligence. By observing the transition of
the central person, the genealogy of the AI Society was
created [15].

2.3 Issues in Interdisciplinary Research
In interdisciplinary research that crosses over several
different disciplines, there are two research ways; one
way in which individual researchers conduct research
across different fields, and another way in which multiple
researchers specializing in different fields perform
interdisciplinary research through collaboration.

So, which of the two research ways should researchers
use to conduct interdisciplinary research? What kind of

research organization should policy or strategy makers
make in promoting interdisciplinary research? Is the
research organization in interdisciplinary research
different depending on the field? It is not clear enough to
answer these questions.

In this paper, we propose a method for measuring two
ways in interdisciplinary research; a way for
interdisciplinary research by individual researchers and
another way for interdisciplinary research by
collaboration of multiple researchers. In addition, by this
method, a database on "KAKENHI" which is research
grant provided by the Japan Society for the Promotion of
Science is used to measure interdisciplinary research
from the perspective of the two research ways, and the
features of interdisciplinary research in KAKENHI are
analyzed for each research field. Finally, we discuss the
analysis result and provide implications for the
decision-makers of science and technology policy and
strategy.

3. METHOD

In this section, we explain the interdisciplinary networks
of individual research and the interdisciplinary networks
of collaborative research, then describe the database to
analyze and show the analysis procedure.

3.1 Individual Interdisciplinary Network (IIDN) and
Collaborative Interdisciplinary Network (CIDN)
As we previously explained, there are two ways of
interdisciplinary research that crosses over several
different disciplines; a way in which individual
researchers conduct research across different fields, and
another way in which multiple researchers specializing in

(a) Individual Interdisciplinary Network (IIDN)

(b) Collaborative Interdisciplinary Network (CIDN)

Fig. 1. Individual Interdisciplinary Network (IIDN)
and Collaborative Interdisciplinary Network (CIDN)
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different fields perform interdisciplinary activities
through collaboration. These two ways can be
represented as shown in Fig. 1 as two types of networks
with research fields as nodes. In Fig. 1 (a) and (b), the
nodes "MF" and "SF" mean the Main research Field and
Sub research Field, and "a", "b" and "c" mean individual
research fields. In addition, in Fig. 1 (a), "Researcher" at
the edge means that the nodes are connected by
researchers, and in Fig. 1 (b), "Research Project" at the
edge means that the nodes are connected by research
projects.

Fig. 1 (a), focusing on interdisciplinarity by individual
researchers, shows interdisciplinary networks in which
the research fields are set as the nodes of the networks
and the researchers are set as the edges of the networks.
we call this type of networks as "Individual
Interdisciplinary Network (IIDN)". In Fig. 1 (a), MF(a)
shows a main research field of a certain researcher as a
node, and SF(b) shows another field (sub-field) of the
researcher as a node. Furthermore, MF(a) and SF(b) are
connected with the researcher as an edge.

On the other hand, Fig. 1 (b), focusing on interdiscip-
linarity by collaboration of multiple researchers
specializing in different fields, shows interdisciplinary
networks in which the research fields are set as the nodes
of the networks and the research projects are set as the
edges of the networks. we call this type of networks as
"Collaborative Interdisciplinary network (CIDN)." In Fig.
1 (b), MF(a) shows a main research field of a certain
researcher as a node, and MF(b) shows another research
field of another researcher who is a collaborator of the
researcher as a node. Furthermore, MF(a) and MF(b) are
connected with a KAKENHI project as an edge.

3.2 Database
In analyzing the interdisciplinary research in this paper,
we used the KAKEN database ("KAKEN") constructed
by the National Institute of Informatics for the
KAKENHI research grant program ("KAKENHI")
provided by the Japan Society for the Promotion of
Science.

KAKENHI includes, as research categories,
Grants-in-Aid for Scientific Research (Specially
Promoted Research, Scientific Research on Innovative
Areas, Scientific Research (A)/(B)/(C), Challenging
Research, Young Scientists, etc.), Grants-in-Aid for JSPS
Fellows, Fund for the Promotion of Joint International
Research, etc.

KAKEN database has information, such as research
subjects, representative researchers, collaborative
researchers, research budgets and expenses, research
results, etc. for all of these research categories.

In this paper, we analyze “Scientific Research (A)” in
KAKEN database for 11 years from 2008 to 2018 (“all
period”). The research fields of Scientific Research (A)
include Integrated Disciplines ("ID"), "Integrated
Disciplines and Innovative Science ("II"), Humanities
and Social Sciences ("HS"), Science and Engineering
("SE") and Biological Sciences ("BS") as shown in Table
1. As for research field category in analyzed period, in
this paper we regard both ID and II together as same as
ID, because II had been changed to ID since 2013.

3.3 Procedure of Analysis
The analysis procedure is shown as follows.．
Step 1. Determination of the researcher's Main

research Field (MF)
As for researchers, using the research field of each
KAKENHI project in KAKEN database, the
research field with the largest sum of KAKENHI
projects which each researcher has obtained (in case
there are multiple research fields with the largest
sum of KAKENHI projects, the research field with
the largest sum of KAKENHI budget in the multiple
research fields) is determined as “Main research
Field (MF)” of each researcher.

Step 2. Calculation of Field Variety (FV) for each
researcher and for each MF
Calculate the sum of research fields of KAKENAI
projects which each researcher has obtained each
year and for the whole period, and define it as “Field
Variety of Researcher (FV(researcher))” for the
researcher.
In addition, calculate the average of FV(researcher)
for each MF, and for each year and for whole period,
and define it as “Field Variety of MF (FV(MF))”.

Step 3. Calculation of IIDN and CIDN for each MF
Calculate the number of IIDNs (individual
interdisciplinary research projects) and the number
of CIDNs (collaborative interdisciplinary research
projects) described in the previous section for each
year and for the entire period.

Step 4. Analysis of interdisciplinary research
Analyze the transition of FV, IIDN and CIDN for
each MF.

Table 1. Research fields of Scientific Research (A)
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4. RESULT

In this section, as a result of our analysis of researchers
who won Grant-in-Aid for Scientific Research A, we
show the features of FV, an index of researcher's
interdisciplinarity, and then show the features of IIDN, an
index of interdisciplinary projects by individual, and
CIDN, an index of interdisciplinary projects by
collaboration.

4.1 Features of FV of Researchers
The number of the analyzed researchers in Scientific
Research A from 2008 to 2018 was 25,518. Table 2
shows the FV of the analyzed researchers. From Table 2,
it is found that about 94% of the researchers in
Grant-in-Aid for Scientific Research A have research in
only a single field, and about 6% have research in 2 fields
or more.

Fig. 2 shows the transition of FV (MF) in Scientific
Research A. In Fig. 2, the numbers on the vertical axis are
FV (MF) minus 1. From Fig . 2 i t is found tha t
interdisciplinarity of each field varies depending on the
field. In addition, although we assumed in advance that
interdisciplinarity would increase in the course of time as
complex, the result of our analysis of the KAKENHI
project was rather the opposite. In the case of ID, it can
be seen that FV would decrease in the course of time.

Table 2. Field Variety of Researchers of Scientific
Research (A)

4.2 Features of IIDN and CIDN of Projects
Table 3 shows the transition of IIDN and CIDN for each
MF and SF of Scientific Research (A). Two lines of
research fields are listed at the top 2 rows of each column
in Table 3; the first line shows Main Field (MF), and the
second line shows Sub Field (SF) which is other fields
than MF. Fig. 3 shows the relationship between MFs and
SFs of IIDN and CIDN in Scientific Research (A). In Fig.
3, the direction of the arrow indicates from MF to SF, and
the thickness of the arrow indicates the number of IIDN
and CIDN. The following can be found from Table 3 and
Fig. 3.

First, as for IIDN and CIDN, the number of CIDNs is
higher than that of IIDNs. The number of IIDNs is 1,739,
while the number of CIDNs is 2,158. The pattern of
numbers of two fields combinations in interdisciplinary
research is almost similar between IIDNs and CIDNs, and
combinations than those of IIDNs, though the number of
IIDNs is higher than that of CIDNs only where SE is MF
and ID is SF.

Second, as for research fields, the number of
interdisciplinary researches for each field and for each
combination of fields differ from field to field. For expla-

Fig. 2. Transition of Field Variety of Main Fields of
Scientific Research (A)

Table 3. Transition of IIDN and CIDN for MF and SF
of Scientific Research (A)

(a) IIDN

(b) CIDN

ID: Integrated Disciplines HS: Humanities and Social Sciences
SE: Science and Engineering BS: Biological Sciences
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ple, in both IIDN and CIDN, the number of
interdisciplinary researches, where MF or SF is ID, is
high, while the number of interdisciplinary researches
between fields other than ID is rather low.

Finally, as for MF and SF, the relationship of numbers of
interdisciplinary researches in the case a certain field is
MF and the other case the field is SF is asymmetric. For
examples, in both IIDN and CIDN, number of
interdisciplinary research where SE is MF and the other
field is SF is higher than that where the other fields are
MF and SE is SF except only the case between ID and SE
of CIDN. This means that SE is leading interdisciplinary
research with other fields. Furthermore, each research

field leads interdisciplinary research with other research
field more in the order of SE, BS, HS and ID, except only
the case that ID of CIDN leads interdisciplinary research
with SE or BS.

5. DISCUSSION

5.1 Interdisciplinary Research and Collaborative
Research
To progress science and realize innovation, not only
deepening and accumulating knowledge in one field, but
also seeking knowledge in various fields and combining
knowledge in different fields to obtain new knowledge is
important.

Regarding the progress of science and technology,
Newton, the great scientist, stated that the new
discoveries are accumulated based on the previous
discoveries, using the metaphor of "Standing on the
Shoulder of Giants". That is, scientific progress has
been accumulated and built on the research activities of
many previous researchers [16]. The accumulation of
new knowledge on top of past knowledge is called
"knowledge accumulation" in this paper, as an approach
toward specialization.

On the other hand, regarding innovation, Schumpeter, the
great economist, defined five types of “Neue
Kombination" (= New Combination); (1) production of
new things, (2) introduction of new production methods,
(3) development of new sales channels, (4) acquisition of
new sources of raw materials or semi-finished products. ,
(5) Realization of a new organization, and stated that
these new combinations are necessary for economic
development [17]. Creation of new knowledge by
combining various knowledge is called "knowledge
combination" in this paper, as an approach toward
interdisciplinarity.

As previously mentioned, March, an sociopolitical
scholar, stated that there are two types of organizational
learning; “exploitation” which means utilization of
existing knowledge and “exploration” which means
search for new knowledge without being caught by
existing knowledge, and he added that it is important to
balance the two types but showed that organizations tend
to bias the utilization of existing knowledge and neglect
to search for new knowledge [1]. This may suggest that
the balance between specialization and interdisciplinarity
is important but that specialization tends to be dominant
to interdisciplinarity.

Fig. 4 shows the research activities to progress science
and realize innovation from the above-mentioned two
types of viewpoints; specialty/exploitation/knowledge

(a) IIDN

(b) CIDN

ID: Integrated Disciplines HS: Humanities and Social Sciences
SE: Science and Engineering BS: Biological Sciences

Fig. 3. Relationship between MFs and SFs of IIDN
and CIDN in Scientific Research (A)
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accumulation, and interdisciplinarity/exploration/ know-
ledge search.

Furthermore, in Fig. 5, based on the results of our
analysis in this paper, we positioned the four of research
fields of Scientific Research (A) on the square that has
one axes of interdisciplinarity, i.e. specialty or
interdisciplinarity, and the other axes of research
organization, i.e. individual or collaboration. In Fig. 5,
the interdisciplinarity axis positions each research field
based on the sum of IIDN and CIDN. And the research
organization axis positions each research field based on
difference of CIDN and IIDN (CIDN minus IIDN).

From Fig. 5, as for the four analyzed research fields of
KAKENHI, ID field has a particularly high level of both
interdisciplinary research and collaborative research,
while BS field has a low level of both interdisciplinary
research and collaborative research. HS field and SE field
are located between ID field and BS field. As the
importance of Liberal Arts, which conducts research and
education across social science and natural sciences, is
increasing, further interdisciplinary research across these

fields is desired.

As the creation of knowledge in new areas of science and
technology, especially in the area of cross-cutting and
fusion research fields becomes important, and science
and technology become more sophisticated and complex,
the Ministry of Education, Culture, Sports, Science and
Technology of Japan (“MEXT”) announced KAKENHI
reform policy. In this policy, “Integration” and “Fusion”
are mentioned as important issues. In addition, it
mentions that as for "Integration", "Diversity" and
"Bird's-eye view of subdivided knowledge" are important,
and that as for "Fusion", "Creation of new academic
fields" through "Cooperation and collaboration of
researchers in different fields" is necessary. In promoting
this policy, the proposed method in this paper will be
useful as a method for quantitatively measuring the
interdisciplinarity and research organizations.

5.2 Detecting Emerging Fields
In Section 4.1, we analyzed the transition of the
interdisciplinarity. The purpose was to try to detect the
emerging areas by analyzing the fields of
interdisciplinary growth, because we assumed in advance
that interdisciplinarity of the emerging areas would
increase in the course of time, as science and technology
become more sophisticated and complex. In the
above-mentioned MEXT's KAKENHI reform policy,
“Challenging” in addition to “Integration” and “Fusion”
is also mentioned as the first requirements for academic
research. As a result of our analysis, it was not possible to
identify such emerging areas where interdisciplinarity is
growing, though it was found that research has different
interdisciplinary features in each research field. Our
analysis result of the KAKENHI project was rather the
opposite, and interdisciplinarity tends to decline in ID
field.

In science technology and innovation policies and
strategies, it is desired to make the policies and strategies
based on the evidence [18] [19]. In this research,
KAKEN projects were analyzed by the proposed method
in the four major categorized fields shown in Table 1, i.e.
Integrated Disciplines, Humanities and Social Sciences,
Science and Engineering, and Biological Sciences. In the
future, more detailed analysis results will be able to
obtained by analyzing fields that are further divided,
because MEXT 's KAKENHI reform policy announced to
review and reconstruction of field categories. We plan to
challenge for detection of emerging research fields in
academia and business by measuring the transition of the
interdisciplinary field based on the reconstructed field
categories.

6. CONCLUSION

In this paper, we proposed a method for measuring two
ways in interdisciplinary research; a way for

Fig. 4 Research activities from two types of
viewpoints

ID: Integrated Disciplines HS: Humanities and Social Sciences
SE: Science and Engineering BS: Biological Sciences

Fig. 5. Positioning of four research fields of Scientific
Research (A) from viewpoints of interdisciplinarity/
specialty and collaboration/individual

251



interdisciplinary research by individual researchers and
another way for interdisciplinary research by
collaboration of multiple researchers.

In addition, by this method, a database of "KAKENHI"
which was grant-in-aid for scientific research provided by
the Japan Society for the Promotion of Science is used to
measure interdisciplinary research from the perspective
of the two research ways, and the features of
interdisciplinary research activities in KAKENHI were
analyzed for each research field.

As a result of the analysis, we found that (1) the number
of collaborative interdisciplinary research is higher than
that of individual interdisciplinary research, (2) numbers
of interdisciplinary research for each field and for each
combination of fields differ from field to field, (3) the
relationship of numbers of interdisciplinary research of a
certain field as main field and that of the same field as
sub field is asymmetric.

Recently, science and technology become more
sophisticated and complex, and the need for
interdisciplinarity and collaborative research increases.
As the proposed measurement method is able to
quantitatively measure interdisciplinarity among fields
and their research organizations, it will be useful for
decision makers of science and technology policy and
strategy. In the future, we intend to detect the newly
emerging academic and business fields by measuring and
analyzing the transition of the interdisciplinary field
between the more subdivided fields.
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Abstract
Social isolation can cause problems for human both
mentally and physically. In particular, the isolation of the
elderly causes serious problems such as lonely death.
However, social participation can lead to healthier lives
by reducing isolation. Many technologies are being
developed to reduce social isolation and loneliness. We
considered using a robot partner in order to prevent social
isolation. In this paper, we explain the current state about
our development of robot partners, and we discuss the
development direction of the robot. First, we describe our
robot partner system. Next, we explain the modular
structured systems for the development of the robot
partner system. Finally, we present a few examples of the
robot system and address the applicability of the
proposed system.

Keywords: Robot partner system, Robot design
development, System integration, Social implementation

1. INTRODUCTION

Recently, it is expected that many problems will arise due
to global aging. A typical problem is a decrease in the
working population, and there is also a problem with
elderly people's care. In addition, the problem of social
isolation may arise due to the increase in single-person
households. Social isolation can cause problems for
human both mentally and physically [1]. In particular, the
isolation of the elderly causes serious problems such as
lonely death [2]. However, social participation can lead to
healthier lives by reducing isolation [3].

Recently, we have been trying to keep a social distance to
reduce the chances of touch infection due to the
COVID-19 epidemic [4]. However, the relationship
between people is significant, and if there is a social
distance, there will be a number of problems [5]. This
condition would intensify for elderly people who need a
caregiver or have a social networking meeting with their

friends. Humans should be assisted by human beings.
However, when humans can not go, we suggest that a
robot partner is required for the next solution. The
implementation of non-face-to-face applications and
services using robots, AI, and IoT will become more
involved in the future.

Previously, we had many experiments to understand the
architecture and requirements of the robot system [6].
After merging our thoughts, we were able to find out the
following: First, elderly people have a preconceived
notion of robots based on TV media details. Second, the
first experience of a real robot is unpleasant, since there is
no previous knowledge of robots. Thirdly, in order to
commercialize a robot partner, an additional modification
is required to make a fair price which is important for the
creation of marketing strategies. Forth, their family wants
to use the robot device to ensure the safety of elderly
people. These issues have become important information
for our robot development direction. One of our previous
studies was about how the robot boosts motivation by
doing gymnastics together [7]. As a result, consumers
have been shown to be inspired to better their own
wellbeing by working with robots. We, therefore,
continued with the creation of a robot system capable of
performing such robotic services. On the basis of these
results, we are introducing the process of developing the
robot partner system and finding the future image of the
robot partner.

This paper is organized as follows. Section II describes
the specification of the robot partner system according to
hardware and software system structures considering the
development process so far. Section III presents the
proposed Human-friendly robot partner system for social
implementation. Section IV explains that shows the
ability of the robot partner using the proposed method.
Finally, in section V, we summarize this paper, and
discuss the effectiveness of this research.

2. LITERATURE REVIEW

The origin of the word ‘robot’ can be found in the
“R.U.R.” by Novelist Karel Capek [9]. Based on the
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“R.U.R.”, the word ‘robot’ has frequently been used to
indicate automatic machines in the world. Etymology has
become a ‘robota’, which means ‘labor’ in Czech.
Afterward, robots have been used for various purposes as
human assistants in dirty, dangerous, and difficult (3D)
works. Nowadays, robots are approaching us in a familiar
form as well as 3D work [10]. For example, “Pepper” is
developed by SoftBank Robotics (formerly Aldebaran
Robotics), and, this robot is utilized for elder care and
child education [11, 12]. “Paro” is a baby seal-type robot
for the mental health care of elderly people [13, 14]. This
robot is being used in numerous elderly facilities and is
showing its effectiveness. There is also research on
developing a walking partner robot that can interact by
sharing information on the visual scene of the
environment in which humans belong [15]. And, as a
study from the perspective of physical interaction with
humans, there is a study on robots that lead to physical
human-robot interaction during dance training [16]. Such
activities of robot partners are expected and used in
various places where people live. Previously, people use
mobile communication devices to send a phone call or
text message [17]. But now, with the advent of smart
devices, the paradigm of the communication environment
is shifting. Smart devices are the central elements of the
IoT (Internet of Things) environment [18]. As technology
evolves, many smart devices are being developed with
low price and high specifications. As a result, various
applications have been developed based on the high
specifications of smart devices equipped with various
sensors such as gyro sensors, motion sensors, proximity
sensors. There are various types of robots to which smart
device technology is applied. For example, a robot has
been developed that can conduct meetings remotely from
a distance. The telepresence robot is called “Double” [19].
It supports human-to-human communication while
remotely controlled by smart devices. “RoBoHoN” is
Android OS based tiny human-type robot which can
interact with human [20]. It could connect 3G/4G and
Wi-Fi networks in order to phone and internet use.

Since 2009, we have started developing robots based on
smart devices in our study. Recently, due to the
advancement of 3D printer technology, more complex
hardware designs can be produced. The description of the
development of our robot partner system is covered in the
next section.

3. ROBOT PARTNER SYSTEM

In recent years, robots have been built to provide a range
of supports, led by robots for cleaning. In addition, social
robots are being actively built to provide services in
individual homes. However, while numerous social
robots are being built and commercialized, not many
robots will be used. There may be a variety of reasons
why social robots have not been able to make widespread

use of the general home. Among them, we have found 
two situations based on previous experiments [6]. The 
first is that it is difficult to consider the desires of users. 
Secondly, there is also the fact that it is not easy to set up 
a service system for people to meet the needs of 
customers. Therefore, in order to build a robot partner 
that can function as a social robot, we have defined needs 
and developed a platform for a long time. The following 
describes the scope of our study.

3.1 Robot Development using Design Thinking

Firstly, we performed robot demos to empathize with 
users, visited facilities for the elderly and private homes, 
and assessed needs using robots. There were different 
opinions, so we summarized the opinions and suggested 
the method suitable for the robot. Next, on the basis of 
opinions, as a result of the creation and operation of a 
robotic exercise support system for the health 
management of the elderly, it was found that the 
following points are essential for the development of 
social robots. The question is whether the content can be 
freely adapted to the user's needs, whether the device can 
be used in a comfortable manner without becoming 
cumbersome to the user, and whether the user 
expectations will choose the robot's architecture. Thus, a 
social robot must be built by empathizing with the 
situation of these users. The development path for the 
robot partner's design is determined, and ideas are 
produced accordingly, according to the above information 
(Fig. 2).

Fig.2 Robot Partner Development.

Previously, we visited and  demonstrated  several  facilities 
to evaluate the needs of robots [6 - 8]. There were various 
opinions, so we  synthesized  the opinions and  considered 
the system necessary for the robot. Therefore, we introduce 
the development direction of robot partners based on the 
smart device using design thinking [21]. The flow of 
design thinking can be expressed as shown in Fig.1.

Fig.1 The example of design thinking process
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As a result, we are developing a robotic system using 
smart devices to develop a robot that can be used without 
reticence to users, as shown in Fig.3. In order to help the 
design according to the preference of each user, we are 
creating a 3D printer robot. The robots that have been 
built are getting ideas for the next creation by actually 
using them and conducting the tests as shown in Fig.4.

Fig.4 Robot partner with modular structure.

3.2 Human Robot Interaction System

by separating the robot body, the smart device can be 
relocated around and, thus, knowledge of different 
circumstances can be collected. In addition, if the internal 
details of the smart device can be accessed, it would be 
possible to provide adequate help for the situation of the 
user. The robot companion is also in a position to provide 
knowledge support, such as a personal assistant or care 
help for the elderly. Also, if a smart device is installed on 
a mobile robot, it can be used for guidance in a public 
place (Fig.5).

3.3 Emotional Empathy

Fig.6 Facial expression design based on robot
emotional model

In our study, an emotional model consisting of emotion, 
feeling, and mood is used, and it has an effect on the 
selection of phrases and the use of gestures [22, 23]. We 
modeled the robot partner's facial expressions using a 
smartphone computer. We are trying to alter facial 
expressions using 25 styles of facial patterns using 
emotion model values as shown in Fig.6.

4. DEVELOPMENT OF
HUMAN-FRIENDLY ROBOT PARTNERS

4.1 Development of Software system

Fig.5 Robot partner equipped with moving mechanism

The design of a robot is important for the realization of 
natural communication with humans. It is important to 
have a design that lets you know its purpose and know 
how to use it by looking at the exterior of the robot. So far, 
we have developed different types of robot partners. In 
order to interact with humans, our robot partner system 
uses various sensors and communication systems built into 
the smart device, and the robot body is designed using 
only simple communication between the drive system, 
including the actuator and the smart device. In addition, 
the smart device can be moved around by separating from 
the robot's body. In this way, knowledge of different 
circumstances can be accessed. In addition,

Fig.3 Robot Partner: iPhonoid-C
In human speech, facial and gesture expressions contain 
elements of emotion, and the type of communication is 
tailored to their emotional state. In other words, it is 
difficult to control the flow of speech and enjoy contact 
when the facial expressions of the other person are 
unknown. It is also important to convey this emotional 
state to the robot partner as well. Since it is difficult to 
identify these emotional states to solve this issue, non-
verbal communication research uses an emotional model to 
understand the emotional state.

In order to build a robot, elements with different functions, 
including AI (Artificial Intelligence) elements, are needed. 
We consider a system architecture that integrates modules 
that are appropriate for the construction of robot partner 
systems that meet the
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diverse needs of users. As a result, in our study, we are
developing a robot partner with the structure shown in
Fig.7. By modularizing the robot partner framework and
integrating the components, it is simple to build a system
that meets the needs of the user. Each robot system
module consists of four layers, as shown in Fig.7 in order
to incorporate the basic functions of the robot. Consists of
the first hardware layer, the second library layer, the third
part layer, and the fourth device layer. Based on the
configuration of this module, a robot system that meets
the needs of users can be built and configured.

4.2 Development of Hardware system

Fig.8 Various design and platforms for robot partner
developments

Fig.9 Example of a panoramic photo using a robot's
waist degree of freedom

The robot design shown in Fig.8(a) makes it possible to
develop robots with various physical properties. For
example, using the smart device and a robot body
structure, it could confirm the environment through
panoramic images of the surrounding environment as
shown in Fig.9.

In addition to the development of 3D printers in recent
years, personal and small-scale manufacturing can be
achieved by uploading concept drawings of robot designs.
Thus, by forming a community that can share 3D
drawings of robot partners, robot designs can be shared
and selected (Fig.10). It is, therefore, possible to design a
robot partner that suits the user's preferences.

Fig.10 Examples of design drawings for 3D printing

5. SOCIAL IMPLEMENTATION OF
ROBOT PARTNERS

5.1 The Design Selection of Robot Partner

Fig.11 The process of making robot parts

5.2 Information Supporting System using Robot 
Partners

In order to minimize the cost of implementing robot 
partners, we have established a robot partner that primarily 
uses smart devices, as shown in Fig.8. We are constructing 
a robotic partner system based on iOS and Android devices 
(Fig.8(b)). This robot partner system has a simple module 
consisting of a motor, a microcomputer control and a smart 
device.

Fig.7 Modularization of Robot Element Technologies

A design support framework to improve the efficiency of 
robot creation has been developed in this paper. Here, we 
are presenting an example of a method for making robot 
parts using a 3D printer in a general home. Using a general 
design application needs some basic drawing skills. We 
have therefore built a framework that can indirectly pick a 
design based on their context information (Fig.11). We 
could pick and print each component using the smart 
device AR technology as shown in Fig.11(c).

We present examples of the social implementation of 
human-robot interactions for education and reception. For 
users who do not have advanced programming skills, we
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have built a multi-robot interaction framework, such as
the development of voice content for robot partners.
Users who build robot content can demonstrate
interactions from multiple robots by changing the
parameters shown in Table 1. By editing the event guide
details in the content design prototype, the event guide
can be assisted as shown in Fig.12.

Table 1. The example of interaction design template
robot_i

d
scenario
_id

emotion_
id

… language sentences

A_robot 0 1 … en-US
Are you sure
you want to
use English?

B_robot 0 1 … ja-JP
日本語でよろ
しいでしょう
か。

C_robot 0 1 … ko-KR
한국어를 사

용하시겠습

니까?

… … … … … …

Fig.12 Conversation system of multi robot

In order to help elderly people, we should include
resources such as the recognition of medical problems
and emergency signaling. As seen in the figure. 13, when
a robot has been able to detect a fall due to sensory input,
the robot ensures that the user is safe. If there is no
response from the user, it is possible to connect with the
outside through the smart device network.

Fig.13 Example of elderly care system

6. CONCLUSION

In this paper, we have come up with new purposes for
smart devices. Also, we have been evaluating a range of

services using robot partners. Users may verify the safety
of their family and contact them via a robot partner.
However, also from the point of view of robot science,
we believe that human services should be delivered by
human hands. However, we should also consider the
situation where a human being is unable to provide
services due to a labor shortage. We, therefore, intend to
continually build robot partner systems using smart
devices so that there is no void in human support. Lastly,
we presented innovations and examples related to the
creation of the social implementation of robotic partners

As the future works, for the ease of system access to
create a robot, we are considering designing a web
page-based interface selection method using both a
computer and a smart device.
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Abstract

This paper proposes an accelerated first-order
continuous-time method for the distributed Nash
equilibrium seeking of a class of two-network zero-sum
problems, which are convex-concave bilinear saddle
point problems. First-order methods in optimization,
which only use subgradients of functions, are frequently
used in distributed/parallel algorithms for solving
large-scale and big data problems due to their simple
structures. However, in the worst cases, first-order
methods for convex-concave bilinear saddle point
problems often converge at a rate of (1 / )O t . In contrast
to existing time-invariant first-order methods, this paper
designs the accelerated algorithm by modifying the
saddle point dynamics using the derivative information of
variables. If parameters of the proposed algorithm are
proper, the algorithm owns 2(1 / )O t convergence
without any strict or strong convexity requirement. The
proposed distributed algorithm is used to solve a Nash
equilibrium of the two-network zero-sum game with a

2(1 / )O t convergence rate.

Keywords: Distributed first-order method, two-
network zero-sum games, accelerated convergence,
convex-concave bilinear saddle point problems.

1. Introduction

Convex-concave bilinear saddle point problems (BSPP)
are an important model in optimization and game theory.
From application perspective, many real-life problems in
various fields in the science and engineering, e.g.
signal/image processing (see [1]), machine learning (see
[2]), and power allocation of smart grids [3] are
convex-concave bilinear saddle point problems. In
addition, using the popular (augmented) Lagrangian
method [4], both linearly constrained optimization
problems and zero-sum games with linear couplings can
be cast as convex-concave bilinear saddle point problems
and solved in the primal-dual framework. Hence, lots of
efforts have been dedicated to designing efficient
algorithms for BSPP.

Due to the big data/scale of many modern applications
and rise of distributed optimization/game, first-order
methods, which only access cost functions and their
subgradient information, have been particularly revisited
because first-order methods may drastically simplify the
computation complexity of problems and adjust to
distributed deigns easily. For BSPP, existing first-order
methods are mostly (time-invariant) first-order
primal-dual algorithms that have (1 / )O t or asymptotic
convergence rates under the worst choice of
convex/concave cost functions. When considering
unconstrained convex optimization problems which are a
special case of BSPP, the best rate of convergence for
first-order primal-based algorithms under the worst case
has been proved to be 2(1 / )O t (see [5]). Specifically,
the Nesterov accelerated method developed in [5] by
using a vanishing damping coefficient has 2(1 / )O t
convergence rate and has been proved to be optimal in
some sense (see [6]). Following Nesterov’s theme,
accelerated method has been extended to nonsmooth
minimization problems [7] and minimizing composite
functions [8]. Recently, ordinary differential equations for
modeling discrete-time accelerated methods have been
revisited and analyzed to get a better understanding of
design intuitions of the accelerated optimization methods
[9]-[11]).

However, most existing literature on accelerated
optimization methods mainly focus on primal-based
methods. The design of accelerated first-order methods
with 2(1 / )O t convergence rate for BSPP is still a
challenging problem due to the involvement of dual
variables and cost functions. In [12], authors proposed an
accelerated primal-dual method for solving deterministic
and stochastic BSPP by assuming cost functions are
general smooth convex or simple functions that can be
solved efficiently. [13] has proposed an accelerated
linearized augmented Lagrangian method and an
accelerated alternating direction method of multipliers for
solving structured linearly constrained convex
programming. Results in [13] are based on the
assumption that cost functions have the composite
convexity structure with easy minimization operations or
proximal mappings. From the practical point of view, cost
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functions in BSPP are often general nonsmooth convex
functions that do not have good structures in these
previous works. Hence, it is of great importance to study
accelerated primal-dual methods for nonsmooth BSPP.

In addition, much attention has been recently paid to
distributed algorithms for optimization and games over
multi-agent systems. For distributed optimization
problems, first-order methods have been applied to
optimal consensus problems (see [14][15]), resource
allocation (see [16]), and extended monotropic
optimization problems (see [17]). Furthermore, by
considering the presence of adversaries in optimization,
a substantial body of research on distributed algorithms
for Nash equilibrium of noncooperative games [18]-[21]
and generalized Nash equilibria seeking problems
[22]-[25] recently. When the cost functions are strongly
convex, distributed algorithms for optimization and
games often have an exponential convergence rate under
mild conditions. Despite the recent advances on
distributed optimization and games, distributed
algorithms for constrained optimization problems and
games without strong convexities are mostly
asymptotically convergent.

Two-network zero-sum games are an important class of
noncooperative games, which can also be viewed as a
distributed optimization problem in presence adversaries.
Considering strictly concave-convex and locally
Lipschitz objective functions, [26] proposed distributed
algorithms using time-invariant saddle-point dynamics
with an asymptotic convergence rate. [27] proposed a
distributed algorithm for nonsmooth minmax saddle point
problems subject to bounded constrains.

The main shortcoming of existing works for BSPP and
distributed two-network zero-sum games is that they only
have (1 / )O t or asymptotic convergence rates under the
worst choice of convex/concave cost functions. This
shortcoming motivates this paper, where we aim to
propose an accelerated first-order method for distributed
two-network zero-sum games with a faster convergence
rate than (1 / )O t .

The main contributions of this paper can be stated as
follows:
•This paper proposes a distributed accelerated algorithm,
which extends the Nesterov accelerated method [5], for a
class of two-network zero-sum games. To our best
knowledge, this is the first accelerated first-order
continuous-time method for nonsmooth convex-concave
two-network bilinear zero-sum games. Compared with
existing results in [26], the proposed method shows a
faster convergence rate under some conditions.
•By using the the Lyapunov approach, we give rigorous
proofs that the proposed algorithm can converge at a rate

of 2(1 / )O t by choosing proper parameters.

The paper is organized as follows. Section 2 introduces
mathematical preliminaries. Section 3 gives the problem
formulation and proposes an accelerated primal-dual
continuous-time algorithm. Section 4 proves the
convergence of the proposed algorithm and shows the

2(1 / )O t rate of convergence under some conditions.
Then Section 5 shows numerical examples to verify the
efficacy of the proposed algorithm. Finally, Section 6
gives concluding remarks.

2. Mathematical Preliminary

2.1 Notation
The notation used in this paper is defined in Table 1.

Table 1 Notation
 the set of real numbers
n the set of n -dimensional

real column vectors
n m the set of n -by- m real

matrices
nI the n n identity matrix
T( ) transpose

rank( )A the rank of the matrix A
range( )A the range of the matrix A
ker( )A the kernel of the matrix A
n1 the 1n ones vector
n0 the 1n zeros vector
A B the Kronecker product of

matrices A and B
‖‖ the Euclidean norm

0A  ( 0A  ) matrix n nA  is
positive definite (positive
semi-definite)

S the closure of the subset
n S

int( )S the interior of the subset S
dim( )S the dimension of the vector

space S
( ), , 0,n   òB ò the open ball centered at 

with radius ò
dist( , )p M the distance from a point

p to the set M
( )x t M as t ( )x t approaches the set

M

Let :f    be a continuous-time function.
( ) (1 / )nf t O t denotes that there exists a constant
0C  such that ( ) nf t Ct for all 0t  . An

undirected graph G is denoted by ( , , )AG V E , where
{1, , }n V is a set of nodes,  E V V is a set of

edges, and ,[ ] n n
i jA a   is an adjacency matrix such

that , , 0i j j ia a  if ( , )j i E and , 0i ja  otherwise.
The Laplacian matrix is nL D A  , where n nD 
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is diagonal with , ,1
n

i i i jjD a


 , {1, , }i n  . If the
graph G is undirected and connected, then 0n nL L � ,

)ank(r 1nL n  and ker( ) { : }n nL k k 1 .

2.2 Differential Inclusion
Consider a differential inclusion [28] in the form of

0( ) ( , ( )), (0) , 0,x t t x t x x t   H (1)
where the set-valued map : ( )q q

    H B is
upper semi-continuous, compact, and the images of
( , )t xH are convex.

Let 0  . A solution of (1) defined on 0 0[ , ] [ , )t t  
is an absolutely continuous function 0: [ , ] qx t   
such that holds for almost all 0[ , ]t t  (in the sense of
Lebesgue measure).

Recall that the solution ( )t x t to is a right maximal
solution if it cannot be extended forward in time. We
assume that all right maximal solutions to exist on
0[ , )t  .

Let 0: [ , ) qV t     be a locally Lipschitz
continuous function such that ( , )V t  is convex for any

0t t and ( , )V x is differentiable for any qx . Let
( , )xV t x be the subdifferential of ( , )V t x with respect

to x . The set-valued derivative : ( )qV    HL P
of V with respect to is defined as

T

( , ) : thereexists ( , )such that

( , ) for all ( , ) .

{
}t x

V t x a v t x

V t x p v a p V t x

  

   

HL H

Recall that convex functions are regular. We have
( , ) ( , )V t x V t x

HL almost surely.

Consider a dynamical system given by

0 0 0 0( ) ( ( )) ( , ( ), ( )), ( ) , ( ) ,u t F u t h t u t u t u t u u t u     ∋ (2)

where 0t t , du is the state of the system, function
: d d dh        is Lipschitz in its last two

arguments with respect to the first one.

Definition 2.1:
A function 0: [ , ] du t T   is a solution of with initial
condition if
 u is Lipschitz continuous, with values in

dom( )F ,
 u is an absolutely continuous function,
 function holds almost everywhere in 0[ , ]t T .

Here we provide a result (a special case of Theorem 3.1
of [29]) of the existence of solutions to system (2).

Assumption 2.1:
(H1) function h is a continuous function from
0[ , ] d dt T    to d and is Lipschitz continuous in

its last two arguments uniformly with respect to the first

one;

(H2) function F is a convex function from d to
{ }  , lower bounded, non-identically equal to 

and lower semicontinuous.

Lemma 2.1: Let Assumption 2.1 hold. For any initial
condition 0 0( , )u u , system has a solution in the sense
of Definition 2.1.

3. Two-network Bilinear Zero-sum Game

3.1 Problem Description
The two-network bilinear zero-sum game is conducted by
two networks 1G and 2G , which are composed of 1n
and 2n agents, respectively. In this game, strategy
variables, feasibility set, and payoff functions are defined
as follows.

Strategy variables of 1G ( 2G ) are defined as
1

11[ , , ( ) ] pn
nx x  x � � � ( 2

21[ , , ( ) ] qn
ny y  y � � � ).

The local variable of agent i in 1G ( 2G ) is p
ix 

( q
iy  ).

Feasibility sets of 1G and 2G are given by
1

1 1{ : , , {1, , }}pn
i jx x i j n      x

2
2 2{ : , , {1, , }}qn

i jy y i j n      y .
The payoff function of the two-network zero-sum game
is 1 2: pn qnU     given by

( , ) ( ) ( ) ( ),U f H a g   x y x y x y� (3)
with

1

2

1 2

1

1

,
1 1

( ) ( ),

( ) ( ),

( ) ( ),

n

i i
i
n

i i
i
n n

j i j i i
i j

f f x

g g y

H a y H x a





 





  







x

y

y x� �

(4)

where ,
q p

i jH  is a zero matrix if agent i of 1G
and agent j of 2G cannot observe each other's choice;
agent 1{1, , }i n  of 1G knows the information of
( )if  , ix , ,i jH , ia , and jy ; agent 2{1, , }j n 

knows the information of ( )jg  , ,i jH , and jy ; define
0N as the set of connectivity between two graphs such

that 0( , )i j N if agent i of 1G and agent j of 2G
can observe each other's choice; define 1L as the
Laplacian matrix of 1G and 2G
The two-network bilinear zero-sum game can be
reformulated as

1 2

1 21 2

min max ( , )

s.t. 0 , 0 ,

pn qn

pn qn

U 

 
 x y x y

L x L y
(5)

where 1 1 pL I L , 2 2 qL I L , and 1L and 2L
are the Laplacian matrices of 1G and 2G .
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Assumption 3.1: Graphs 1G and 2G are connected and
undirected.

Lemma 3.1: Point 1 2* *( , ) pn qn  x y is a Nash
equilibrium of problem (5) if and only if there exists

1* pn  and 2* qn  such that

1

2

1

2

*
1

*
2

* * *
1

* * *
2

0 ,
0 ,

( ) 0 ,
( ) ( ) 0 .

pn

qn

pn

qn

f H
g H a







  
   

∋

∋

L x
L y

x y L
y x L

�
(6)

Define the Lagrangian function as

1 2 1 2
1 1( , , , ) ( , ) .
2 2

S U       x y x y L x L y x L x y L y� � � �

Lemma 3.2: Point 1 2 2 1* * * *( , , , ) pn qn qn pn        x y
satisfies if and only if

* * * * * * * *( , , , ) ( , , , ) ( , , , ).S S S      x y x y x y (7)

3.2 Distributed Algorithm and Convergence
For ease of notion, we define 1 2T T T T T 2 2[ , , , ] pn qn   z x y  .
Let 1 1

11 1,1 1,diag[ , , ] n n
nD      , 2 2

22 2,1 2,diag[ , , ] n n
nD      ,

and define 1 1 pD I D , 2 2 qD I D .

Then we propose a dynamics which solves . In particular,
the algorithm for 1G and 2G are proposed as

1

2

1

1,
,

1

,
1

,
1

( ) ( ) ( ( )) ( ( ) ( ))

( ) ( )
2

( ) ( ) ( ) ( ) ,
2 2

( )

( )

n
i

i i i i i k i k
k

n

i k k k
k
n

i k i i j j
k

x t x t f x t a x t x t
t

tH y t y t

t ta t t t t



   







    

 

   







 



 

�

1
1,

,
1

( ) ( ) ( ) ( ) ( ) ( ) ,
2 2

( )
n

i
i i i k i i k k

k

t tt t a x t x t x t x t
t


 


        

2

1

2

2

2,

1

,
1

,
1

2,
,

1

( ) ( ) ( ( )) ( ( ) ( ))

( ( ) ( ) )
2

( ) ( ) ( ) ( ) ,
2 2

( ) ( ) ( ) ( ) ( ) ( ) .
2 2

( )

( )

n
j

j j i i j k
k

n

k j k k k
k
n

j k j j k k
k

n
j

j j i k j j k k
k

y t y t g y t y t y t
t

tH x t x t a

t ta t t t t

t tt t a y t y t y t y t
t



   


 









     

  

   

     









 



 

   where 0t t , 1{1, , }i n  and 2{1, , }j n  .

The compact form of the algorithm is
.. . .

1 1

1

1( ) ( ) ( ( )) ( ) ( ) ( )
2

( ( ) ( )),
2

( )tt t f t t H t t
t

tt t 

      

  

x D x x L x y y

L

�

.

1 1
1( ) ( ) ( ) ( ) ,

2
( )tt t t t

t
     D L x x (8)

.. . .

2 2

2

.

2 2

1( ) ( ) ( ) ( ( )) ( ( ) ( ) )
2

( ) ( ) ,
2

1( ) ( ) ( ) ( ) ,
2

( )

( )

tt t t g t H t t a
t

tt t

tt t t t
t

 

 

       

 

   



 

y D y L y y x x

L

D L y y

Define the gap function as
* * * *

* *

* * * *

* *
1 2 1 2

( , ) ( , , , ) ( , , , )
( ) ( ) ( ) ( )

( ) ( ) ( )
1 1
2 2

G S S
f f g g

H H a

y

   

 

 
   

    

   

x y x y x y
x x y y
y x x y y x

L x L x L x y L y

� �

� � � �

Define function

. . .

1 2 3
.

4 5

( , , ) ( , , ) ( , , ) ( , , )

( , , ) ( , , )

V t V t V t V t

V t V t

 

 

  

 





z z z z x x

y y
(9)

such that

1

2
1

. .
* 2 * *

2 1

1( , , ) ( , ),
2

1( , , ) ( ) ( 3 )( ),
2 2 pn

V t t G

tV t I



      ‖ ‖

x y x y

x x x x x x x D x x�

2

2

1

* 2 * *
3 2

. .
* 2 * *

4 2

* 2 * *
5 1

1( , , ) ( ) ( 3 )( ),
2 2

1( , , ) ( ) ( 3 )( ),
2 2

1( , , ) ( ) ( 3 )( )
2 2

qn

qn

pn

tV t I

tV t I

tV t I

        

        

      

      

      

 

 

‖ ‖

‖ ‖

‖ ‖

D

y y y y y y y D y y

D

�

�

�

where ( )L  is the Lagrangian function and * *( , )x  is
a saddle point of ( )L  . Clear, function V is positive
definite with respect to ( , , , )x tx t  for all 0t  .

Theorem 3.1:
Let ( )tz be a trajectory of algorithm .
(i) The trajectory of

.
( ( ), ( ))t t tz z is bounded for

0t t .
(ii) The trajectory ( ( ), ( ))t tx y satisfies the convergence

properties 2( ( ), ( )) (1/ )G t t O tx y .

4. Theoretical Analysis

4.1 Convergence Proof
The proof of the convergence performance in Theorem
3.1 is given as following.

(i) It follows from algorithm (8) that there exist
(x)f fx and (y)g gy such that

.. . .

1 1 1

.. . .

2 2 2

1 ( ) ,
2 2

1 ( ) .
2 2

( )

( )

t tf H b
t

t tg H a
t

 

 

        

        





x

y

x D x y y L L x

y D y x x L L y

�

Then the derivative of iV ’s along the trajectory of
algorithm (8) satisfies that
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* * * *
1

.
2 * *

1 1

.
2 * *

2 2

( , , ) [ ( , , , ) ( , , , )]
1 [ ]
2
1 [ ( ) ] .
2

V t t S S

t f H L L x

t g H a L

   





 

   

    



x

y

x y x y x y

y x

x L y y

� �

�

We have

* *

* * * *
1

. .
2 2

1 2

( , , ) [ ( , , , ) ( , , , )]
1 1[ ] [ ] .
2 2

V t t S S

t f f t g g

    

     



x yx y

x y x y x y

L x x L y y� �

(10)

Similarly,

1

. . . .. .
* *

2 1

. .. . . ..
* 2 2

1

( , , ) ( 0.5 ) (3 ) ( ) ( 3 )

( ) ( ) 1.5 0.5

pnV t t t I

t t t

      

    



‖‖

x x x x x x x x x D x

x x D x x x x x

� �

�
�

1

2 .
* *

1 1 1

. . .
2

1 1 1

( ) ( ) ( )
2

10.5 ( 3 )
2

( )

( )pn

tt f H H

t I t f H

 



        

     


x

x

x x y L L x x x y L

x D x x y L L x

� � � �

� �
�

*

. .
3

1
* * * *

1

0.25 ( )
( ) ( ) ( ) ( ) ( )
t H

t f f t H t


 
 

        



x x

x y L
x x x x y y x L

�
�

� � � �

1

2 .
*

1 1

. . . . .
3 2

1 1 1

( ) ( )
2

10.5 ( 3 ) 0.25 ( )
2pn

tt H

t I t H t





   

    





x L x x x y L

x D x x y L x L x

� � �

� � �
�

*

. . .
2 2 * 2 *

1
1 1 1( ) ( ) ( ),
2 2 2
t f f t H t       x x
x x y y x L
� � �

� (11)

2

* *
3 2

.
* 2 *

2 2

.
2 3

2 2 2

( , , ) ( 0.5 ) (3 ) ( ) ( 3 )
1( ) ( )
2

10.5 (3 ) 0.5 ,
4qn

V t t t D I

t t

t I t t

         

   

   

      

   

   

     

   

L y L y

D L y L y

� �

� �

� � �

(12)

1

. . . .. .
* *

4 1( , , ) ( 0.5 ) (3 ) ( ) ( 3 )pnV t t t I       y y y y y y y y y D y� �

2

2 .
* *

2 2 2

. . . .
3

2 2

.
2

2 2

( ) ( ) ( ) ( )
2

0.5 ( 3 ) 0.25 ( )

0.5 ( )

( )

( )
qn

ttg tH a t t H

t I t H

t g H a

 





         

   

     





y

y

y y x L L y y y x L

y D y y x L

y x L L y

� �

� �

�

*
* * * *

2 2

2 . . .
*

2 2

( ) ( ) ( ) ( ) ( )

( ) ( ) 0.5 ( 3 )
2

t g g t H t t

t H t I

 



         

    

y yy y y y x x y L y L y

y y x L y D y

� � � �

�
�

*

. . .
2 2 * 2 *

2

. . .
2 3

2 2

0.5 ( ) 0.5 ( ) 0.5 ( )

0.5 0.25 ( ),

t g g t H t

t t H

 



     

   

y y
y y x x y L

y L y y x L

� � �

� �

(13)

1

1

* *
5 1

.
* 2 *

1 1

.
2 3

1 1 1

( , , ) ( 0.5 ) (3 ) ( ) ( 3 )
1( ) ( )
2

10.5 ( 3 ) 0.5 .
4

pn

pn

V t t t I

t x t

t I t t

         

   

   

      

   

   

    

   

D

L L x

D Lx L x

� �

� �

� � �

(14)

By summing up - and simplifying items, we have

.
* * * *( , , ) [ ( , , , ) ( , , , )]V t t S S     z z x y x y

* 1

* 2

. .
*

1 1

. .
*

2 2

( ) ( ) 0.5 ( 3 )

( ) ( ) 0.5 ( 3 )

pn

qn

t f f t t I

t g g t t I

     

     

x x

y y

x x x L x x D x

y y y L y y D y

�
� �

�
� �

1 21 20.5 ( 3 ) 0.5 ( 3 )
0.5

pn qnt I t I
t t

      
 

   D D
A B

� �

(15)

where

* *

* * *

* * *
1 2 1 2

* *

( ) ( ) ( ) ( ) ( )
1 1( )
2 2

( ) ( ) ( ) ( )

(

)

f f g g H a

H a

f f g g

 

     

     

     x yx y

A x x y y y x

y x L x L y x L x y L y

x x y y

�

� � � � �

� �

1 2

1 2

. . . .

1 2

1 2

( 3 ) ( 3 )
( 3 ) ( 3 ) 0

pn qn

pn qn

I I
I I   

   
       

B x D x y D y
D D

� �

� �

By the third and fourth equations in , it follows that

* *
1

* *
2

1( ) ( ) ( )
2
1( ) ( ) ( )
2

0

f f f

g g g

    

    



x

y

A x x x x x L x

y y y y y L y

� �

� �

Because f and g are convex, it is clear that
* *( ) ( ) ( ) 0f f f   xx x x x � and * *( ) ( ) ( ) 0g g g   yy y y y � .

Note that 1 0L and 2 0L . It follows from (15) that.
( , , ) 0.V t  z z

Recall that function V is positive definite with respect
to

.
( , )tz z for all 0t  . The trajectory of

.
( , )tz z is

bounded for 0t  .

(ii) Since
.

( , ( ), ( )) 0V t t t  z z then
. .

0( , ( ), ( )) (0, (0), (0))V t t t m V z z z z .

It follows from that

02
1 1( ( ), ( )) .
2
G t t m

t
x y

Hence, 2
1( ( ), ( )) ( )G t t O
t

x y , 1 2
1( )O
t

x L x� , and

2 2
1( )O
t

y L y� . One can prove
. 1( ) ( )t O

t
‖ ‖x and

1( ) ( )t O
t

 ‖ ‖ using similar arguments. ■

4.2 Comparison with Existing Results
In this subsection, we compare the rate of convergence
with the algorithm proposed in [26]. Specifically, the
design in [26] for this problem is
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The convergence and boundedness of algorithm are
proved in [26]. We further show the rate of convergence
of algorithm , which is not obtained in [26]. Define
the ergodic trajectory as 

0

1( ) ( )d
t

t s s
t

 x x ,


0

1( ) ( )d
t

t s s
t

 y y ,
0

1ˆ( ) ( )d
t

t s s
t

   , and
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1ˆ( ) ( )d
t

t s s
t

   .

Lemma 4.1: Let ( ( ), ( ), ( ), ( ))t t t t x y be a trajectory of
algorithm (16). The ergodic trajectory
  ˆ ˆ( ( ), ( ), ( ), ( ))t t t t x y satisfies the convergence properties
 ( ( ), ( )) (1/ )G t t O tx y .

PROOF: Define function
* 2 * 2 * 2 * 21 1 1 1( ( ), ( ), ( ), ( ))

2 2 2 2
V t t t t            ‖ ‖ ‖ ‖ ‖ ‖ ‖ ‖x y x x y y

where * * * *( , , , ) x y is an equilibrium of algorithm

(16). The derivative of V is
. .

* * * *( , , , ) ( ) ( ) ( ) ( ) .V                x y x x x y y y� � � �

Note that S is convex (concave) with respect x and
 ( y and  ). It follows from algorithm that

.
* * * *

.
* * * *

( ) ( ) , , , , , ,

( ) ( ) , , , , , ,

( ) ( )
( ) ( )
S S

S S

      

      

    

    





x x x x y x y

y y y x y x y

� �

� �

Hence,

* * * *( , , , ) , , , , , , ( , ) 0( ) ( )V S S G          x y x y x y x y

Hence

0 0 0 0 0
( ( ), ( ), ( ), ( )) ( , , , ) ( ( ), ( ))d 0

t
V t t t t V G s s s     x y x y x y

It follows from Jensen's inequality for the
convex-concave function S that
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5. Numerical Simulation

Consider the problem of two-network zero-sum game .
We take 2p q  , 1 2 25n n  , 100H I , and

1000a  .
(1) Convex function

2 2
,1 ,2

2 1( ) log(1 ( ) ) log(1 ( ) )
3 3i i i if x x i x i     

2
,1 ,2( ) log(( ) 1 / 2)i i i ig y y iy   .

(2) Quadratic convex functions 2
,1 ,2( ) ( )i i i if x x x i  

and 2
,1 ,2( ) ( )i i i ig y y y i   .

For case (1), Fig. 1 gives trajectories of ( )S  (defined
in (7)) along algorithm the algorithm with 2,4  ,
and shows that 4  gives a better performance. The
theoretical proof of step size  to the convergence
result is not discussed due to space limitation. Fig. 2
compares algorithm and primal-dual algorithm in [26]
for case 1. Fig. 2 indicates that the proposed algorithm
has a better performance than the primal-dual method in
[26] for case 1. Fig. 3 shows that, for case 2 whose cost
functions are quadratic, the primal-dual method in [26]
has a better convergence performance than the proposed
algorithm . The reason for this is that the primal-dual
method in [26] is an affine algorithm whose convergence
rate is linear.

6. Conclusion

This paper has focused on designing an accelerated
first-order algorithm for the distributed Nash equilibrium
seeking of a class of two-network zero-sum problems, a
class of convex-concave bilinear saddle point problems.
By using the derivative information, this paper has
developed a continuous-time algorithm having 2(1 / )O t
convergence by choosing proper parameters. The paper
has proved the correctness and convergence of the
algorithm based on a Lyapunov approach.

Fig. 1. Trajectories of S(·) along algorithm (8) with α = 2;
4 for case 1
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Fig. 2. Trajectories of S(·) along algorithm and
primal-dual algorithm in [9] for case 1

Fig. 3. Trajectories of S(·) along algorithm and
primal-dual algorithm in [26] for case 2
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